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Summary 

Progress In low power micro-electronic technologies and digital signal 
processing has opened the way for numerous digital portable applications. To 
Improve the overall power consumption and consequently battery life of such 
devices targeted low power A/D converters are required. 

Analog to Digital Converters (ADCs) can be separated Into two main classes. 
The first Includes all the devices featuring a linear transfer function while the 
second one consists of all the devices featuring a non linear transfer function. 
Within the linear class, four different sub-categories can be Identified: absolute, 
floating point, relative precision and mixed, 

Absolute linear converters are the only ones to posses a constant maximum 
quantization error over the whole dynamic range. Linear floating point, relative 
precision and mixed converters are non-absolute and their quantization error 
varies. In particular, In the floating point linear converters, the transfer function can 
be divided Into two or more zones that separately present an absolute 
characteristic. In other words, each of these zones has a constant maximum 
quantization error, which value however, is different for each zone. 

Absolute linear A/D converters must be used to convert absolute analog 
signals that will be finely analyzed In the subsequent processing unit. In most of 
the other situations, and In particular signal measurement, non-absolute linear 
devices are sufficient. 

Compared to those far absolute converters, the design constraints for non-
absolute devices are less compelling, As a result less power consuming 
Implementations can be obtained. Hence, non absolute converters are 
extremely well suited for battery operated applications where a high dynamic 
range Is required and a limited resolution can be tolerated. This Is typically the 
case In many portable audio applications as well as In areas of Instrumentation, 
control, radar etc, 



This wortc Is a contribution to the creation of new low power non-absolute 
converters. In particular, floating-point linear A/D conversion Is considered. The 
Idea Is to scale (or adapt) the Input signal In such a way that It fits well Into the 
fixed range of a coarse quantizer. Feed forwards and feed back adaptation must 
be distinguished. In the first, the same Input sample is used to evaluate the 
scaling factor and to perform the quantization. In feed back adaptation, the 
scaling factor Is chosen according to a prediction based on the previous sample 
amplitude. Hence It Is not suited for unpredictable signals. 

Considering converters for audio signals, different system level solutions as well 
as realization schemes are discussed. A dedicated audio feed back floating 
point converter was Implemented In a low voltage 2 urn CMOS technology. The 
measured characteristics are 13 bits dynamic range, 9 bits resolution and 50 pW 
at 16 kHz and ± 1.3V and the perceived quality Is excellent. 

The floating point concept Is then extended to evaluate the cost of higher 
dynamic, sampling frequency and/or resolution and to Include other types of 
applications such as Instrumentation, radar etc. 

This work was supported by the "Commission pour l'Encouragement à la 
Recherche Scientifique" (grant CTI-2747.1) and the MICROSWiSS program (grant 
TR-IT-005]. 
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Résumé 

Grâce aux progrès des nouvelles technologies micro-électronique et du 
traitement numérique du signal, de nombreuses applications numériques 
portables sont désormais possibles, Des circuits de conversion analogique 
digitale dédicacés basse consommation sont toutefois nécessaires pour 
améliorer la consommation globale et ainsi prolonger la durée de vie de la 
batterie. 

Les Convertisseurs Analogique/Numérique (CAN) peuvent être subdivisés en 
deux classes principales: la première comprenant les circuits dont la fonction de 
transfert est linéaire, la seconde comprenant ceux qui possèdent une fonctbn 
non linéaire. Parmi le convertisseurs linéaires, on peut encore distinguer quatre 
sous-catégorles: les CAN absolus, à virgule flottante, mixtes et à précision relative. 

Les CAN absolus sont les seuls convertisseurs ayant une erreur de quantification 
maximale constante sur toute la gamme dynamique. Les CAN à virgule flottante, 
mixtes et à précision relative sont non-absolus et leur erreur de quantification 
varie. En particulier, dans le cas des CAN à virgule flottante, la fonction de 
transfert peut être subdivisée en deux ou plusieurs réglons qui séparément, 
présentent une caractérlstlaue absolue. Autrement dit, chacune des réglons 
possède une erreur de quantification maximale constante, dont la valeur est 
toutefois différente pour chaque région. 

Les CAN linéaires absolus sont utilisés pour convertir des signaux absolus qui 
doivent être finement analysés lors du traitement successif. Dans ta plupart des 
autres cas et en particulier lors de mesure de signaux, les CAN linéaires non-
absolus sont suffisants. 

Les contraintes de dlmenslonnement des CAN non-absolus sont moins 
contraignantes que celles des CAN absolus. Il en résulte des circuits 
consommant moins d'énergie. Les CAN non-absolus sont donc très bien 
adaptés pour des applications alimentées par batteries où une grande 
dynamique est nécessaire mais où une résolution limitée est suffisante. Cela est 
typiquement le ces dans plusieurs applications portables audlos ainsi que pour 
des applications particulières d'Instrumentation, de contrôle, de radar etc. 
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Ce trovali est une contribution à la création de nouveaux CAN non-absolus à 
basse consommation, It s'Intéresse en particulier aux CAN linéaires à virgule 
flottante. L'idée est de mettre a l'échelle (d'adapter) un signal d'entrée de telle 
façon à ce qu'il s'ajuste bien à la gamme d'un CAN grossier. Il faut distinguer 
l'adaptation « en avant » (sans prévision) et « en arrière » (par prévision). Pour la 
première, le môme échantillon est utilisé pour évaluer le facteur d'échelle, et 
pour effectuer la quantification. Pour la seconde, le facteur d'échelle est choisi 
selon une prédiction de l'échantillon à traiter basée sur ramplitude de 
réchantlllon précédant. Cette seconde méthode s'applique donc à des signaux 
qui peuvent être plus ou moins prédits. 

Ce travail s'applique à la conversion analogique-numérique de signaux 
audlos et étudie différents types de solutions ainsi que des schémas de 
réalisation. Un CAN à virgule flottante et à adaptation « en arrière » dédicacé a 
été réalisé dans une technologie CMOS 2 \im, Les performances mesurées sont 
13 bits de gamme dynamique , 9 bits de résolution et 50 ^W de consommation 
pour une fréquence d'échantillonnage de 16 kHz et une alimentation de ± 1.3V. 
La perception acoustique est excellente. 

Pour élargir le domaine d'application de la conversion à virgule, les coûts pour 
des fréquences d'échantillonnages plus repldes et des gammes dynamiques 
et/ou résolutions plus élevées sont évalués. 

Ce travail a été financé par la Commission pour l'Encouragement à la 
Recherche Scientifique (subside CTI-2747.1) et le programme MlCROSWiSS 
(subside TÏMT-005). 
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chapter 1. Introduction 

1 Introduction 

The research presented in this Ph. D. report addresses the design of 
micro power floating point AfD converters for audio signals aimed at 
battery operated micro-systems. 

AID converters are classified according to their static characteristics 
which strongty Influence the application domain. The floating point 
converter Is well suited for signal measurement but not for analysis. 

This Introduction explains the scope of the research and presents the 
main contributions. An overview of each chapter's contents Is also 
Included as well as a list of related papers written by the author and 
already published. 

1.1 MOTIVATION 

Some 35 years ago the first digital systems were designed. A few sceptical 
engineers though, predicted that the complexity of digital systems would curb 
any major use. Indeed, to achieve the same functionality of an analog system, 
the digital equivalent (figure 1.1) required dn anti-aliasing filter, two converters i.e. 
Analog to Digital [Nu) and Digital to Analog (D/A) and a smoothing filter, resulting 
in nigher power consumption and size. 

a) 
Sensor 8c 
Shaping 

—» Processing —» Shaping 8c 
Actuator 

b) Sensor 8c 

Shaping 

C 

—» 

)/A 

Anti-aliasing 

Filter 

—» 

—» A/D —* 

Smoothing 
Filter 

—» 

Processing 

(DSPu) 

Shaping & 
Actuator 

Figure 1.1 : Analog (a) and digital (b) systems 
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chapter 1. Introduction 

However, these engineers didn't foresee the tremendous evolution and 
Improvement In silicon technologies. Nowadays, digital processing can handle 
complex functionality combining high performance and tunable parameters 
which cannot be realized in the analog domain. 

Electronic Design Automation (EDA) tools considerably facilitate the design of 
digital devices and standard A/D and D/A Interfaces are now available. As a 
result, small and low cost systems are obtained and new digita! consumer 
products hit the market every day as tor example media control devices, speech 
processor, navigation systems, portable multimedia etc. 

Many of these new products are battery operated and the designers are asked 
to minimize the power consumption of each Implemented component, Some 
tools focused on that goal are now available and provide great help In 
optimizing the Digital Signal Processing unit (DSPu). However, small low power A/D 
and D/A CMOS realizations are uncommon. In particular, converters featuring 
medium to high dynamic range (12-16 bits), stow to medium sampling freauency 
(10-50 kHz) and low power consumption (-100 nW), well sutted for portable 
audio. Instrumental or telecommunication applications, are typically not com­
mercialized. 

The presented work Is a contribution to the development of such targeted A/D 
converters. 

1.2 SCOPE OF THE RESEARCH 

Analog to Digital Converters (ADCs) can be separated Into two main classes. 
The first Includes all the devices fecturlng a linear transfer function (digital output 
versus analog Input characteristic) while the second one consists of all the 
devices featuring a non linear transfer function. Non-linear converters are found 
In Instrumentation, communication, nuclear science and control applications 
(Mahm92). Since they do not enter the field of this research they are not further 
considered. Within the linear class four different sub-categories can be Identified: 
absolute, floating point, relative precision and mixed. 

Absolute linear converters are the only ones to posses a constant maximum 
quantization error over the whole dynamic range. In the ldedl case, the 
maximum quantization error Is a half Least Significant Bit (LSB) while the dynamic 
range Is defined by the number of converted bits n and amounts to 2"-l LSBs. 
These converters ateo feature a linear static Signal to Noise Ratio (SNR) 
characteristic. Floating point, relative precision and mixed converters are non-
absolute and their maximum quantization error varies, In floating point linear 
converters, the transfer function can be divided into two or more zones that 
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chapter 1. Introduction 

separately present an absolute characteristic. In other words, each of these zones 
has a constant maximum 'quantization error, whose value Is different tor each 
zone. As a result, the static SNR is made of several shifted linear segments. 
Relative precision linear converters feature a quantization error that Is proportional 
to the input level. This Implies a constant static SNR. Finally, mixed linear 
converters present a combination of two of the above characteristics. 

Absolute linear A/D converters must be used to convert absolute analog signals 
that will be finery analyzed In the subsequent processing unit. In most of the other 
situations, the non-absolute linear converters can be used. Indeed, If an analog 
signal Is not absolute In the sense, for example, that its noise level Increases with 
the signal amplitude, o converting device whose quantization error follows the 
analog signal noise level over the whole dynamic range Is sufficient. Another 
case would be that of processing algorithms that only require a minimal SNR from 
their converted digital Input signal. Signal measurement Is a typical case. 

Strictly speaking, absolute converters could also be used In both the above 
situations. However, this would result In a waste of energy since some of the 
computed bits would be either noisy (and thus worthless) or useless for the 
considered algorithm. The primary goal of non-absolute converters Is thus to 
achieve reduced power consumption while keeping a conversion quality that Is 
well suited to the considered application. 

Non-absolute converters are particularly well suited to certain audio 
applications. Indeed, the human auditory system Is a non-absolute sensor: the 
perceived noise loudness Is not only determined by the noise power but also 
depends on the main signal power and its distribution along the basilar 
membrane [Ret40], Thus, depending on the main signal, a perceived noise 
loudness can be reduced or even made completely Inaudible. This 
phenomenon is known as auditory masking [Schr79], Consequently, although 14 
bits (13 for the amplitude and 1 for the sign) are required to convert sounds 
ranging from quiet sleeping room to discotheque or air hammer, a resolution of 6 
or 7 bits Is sufficient to reach, once the signal Is converted to analog again, an 
excellent perceived quality [Schr79]. The amplitude of the various sounds can 
thus be quantified as In figure 1.2. Loud (topj and soft (bottom) sounds In both 
absolute (left) and floating point (right] representations are given, b, are the 
relevant bits while n, are "useless" (the ear won't be able to hear them). In the 
floating point representation, M stands for mdntlssa, while E is the exponent or In 
other words, the number of shift left (divide by two) that must be applied to the 
mantissa to obtain the actual signal amplitude. 
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Loud bs|b< |b3|ba|b, |bpJn0|n, Jn8 Jn3 \\ ^ (¾ | M: |bb|b4|bj|b,|b,|bh| E: 0 

Soft 0 0 0 0 0 0 0 bi b, b, b, b, H, M: bs b4 1¾ b, b, bo E: 7 

Absolute Floating point 

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

This work Is a contribution to the creation of new non absolute converters, The 
development and design of floating-point linear A/D converters, where a coarse 
quantizer providing the necessary resolution Is preceded by a controlled gain that 
Increases the dynamic range, are explained, Considering converters for audio 
signals, dlffeient system level solutions as well as Implementation schemes are 
discussed, The floating point concept Is then extended to evaluate the cost of 
higher dynamic, sampling frequency and/or resolution and to include other types 
of applications such as Instrumentation, radar etc. 

1.3 MAIN CONTRIBUTIONS 

In floating point linear converters, the Input signal Is scaled In such a way that It 
fits well Into the fixed range of a coarse auantlzer. Feed forwards and feed back 
adaptation must be distinguished. In the first, the same Input sample Is used to 
evaluate the scaling factor and to perform the quantization. In feed back 
adaptation, the scaling factor Is chosen according to a prediction based on the 
previous sample amplitude. The main contribution of this research Is the 
development of the enhanced feed back floating point conversion concept. A 
methodology to successfully scale the Input sample Is also proposed. The 
concept was applied to audio signal and a dedicated chip was implemented in 
a low voltage CMOS technology. The measured characteristics are 13 bits 
dynamic range, 9 bits resolution and 50 ^W at Jo kHz sampling frequency and ± 
1.25V supply voltage. The perceived quality was excellent. 

The feed forward adaptation Is useful for non predictable signals. However, Its 
use In the case of audio signals Is also considered. Chip estimates show that a 
higher power consumption Is nevertheless required, 

The limits of the Implementation of the floating point conversion concept In a 
low voltage CMOS technology have also been evaluated. Considering a 
targeted resolution of 14 bits and a power consumption of less then 1 mW, a 
maximum dynamic range of 18 bits could be realized. 
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chapter 1. Introduction 

Another contribution is the design and implementation In a low voltage CMOS 
technology of a 14-bit absolute linear version ot A. Heubl's mixed RSD converter 
[Heub96]. This device is Important because it can be used as coarse quantizer In 
high resolution floating point converters. 

1.4 STRUCTUREOFREPORT 

Following this short Introduction, chapter two overviews A/D converter 
characteristics and types as well as their typical application domains. A non-
exhaustive general survey of recent publications and commercialization is also 
Included. Chapter three gives some background in low power analog and digital 
design as well as silicon CMOS technologies. A general survey of batteries Is also 
Included. These two chapters Introduce the reader more deeply into the general 
context of this work and can be skipped without loss of understanding of the 
subsequent chapters. 

All the remaining chapters, except for the first part of chapter five, form the 
heart of this work. In chapter four, the floating-point approach and Its variants are 
described from a system level point of view. The discussion is targeted to audio 
signals. Chapter five first overviews the Redundant Signed Digit (RSD) converter 
developed by Alexandre Heubl [Heub96). This device features a mixed linear 
characteristic and Is well suited for comparison with the floating point approach. 
The second part of chapter five describes an absolute version of the RSD and 
presents results from chip Integration In a 1 jim low voltage CMOS technology. 
These results are mandatory to extend the floating point concept to non audio 
signals. Implementation solutions for each component of the floating-point 
converter are detailed in chapter six which terminates with chip estimates for both 
audio and non-audio devices. One of the proposed audio chips was Integrated 
In a 2 pm low vorläge CMOS technology and was tested In IMTs laboratory. 
Chapter seven presents the obtained results and compares the floating point 
approach with the RSD solution. Finally, chapter eight drdws the conclusions. 

1.5 PREVIOUS PUBLICATIONS BY THE AUTHOR 

The work described In this document has already been the subject of some 
publications. A first scientific paper was presented at the International Conference 
on Signal Processing Application and Technology (ICSPAT) In Boston In October 95 
[Grls95]. The principles of the floating-point converter were discussed as well as 
Implementation Ideas. A second paper [Gris96_l], presented at the International 
Symposium on Low Power Electronics and Design (ISLPED) In Monterey In August 
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96, gave Implementation results. A paper explaining the steps to transform the 
mixed linear RSD converter Into an absolute device was also published at 
ICSPAr<?6 [G(ls96_2]. Implementation results were presented at the seventh 
International Symposium on IC technology systems and applications (ISIC'97) 
[Grts97] In Singapore. 

[Grls95] L. Grisonl, A. Heubl, S. Grassi, P. Batslger and F. Pellandlnl, A. 
Schaub «Micro Power Relative Precision 15-bit A/D Converter», 
ICSPAr95, Oct. 24-26 1996, Boston MA, USA, pp 420-424. 

[Grls96J] L. Grisonl, A. Heubl, P. Balslger and F. Pellandlnl, « Implementation 
of a Micro Power 14-blt Floating-Point A/D Converter », ISLPED'96, 
Aug, 12-14 1996, Monterey CA, USA, pp 247-252. 

[Grls96_2] L. Grisonl, A. Heubl, P. Balslger and F. Pellandlnl, « Micro Power 14-
blt RSD A/D Converter », ICSPAr96, Oct. 8-101996, Boston MA, USA, 
pp 510-514. 

[Grls97] L. Grisonl, A. Heubl, P. Balslger and F. Pellandlnl, « Micro Power 14-
blt ADC: 45 ^W at ±1.3V and 16 ksamples/s», ISIC97, 10-12 
September 97, Singapore. 
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2. Fundamentals of AID 
Converters 

This chapter provides a general survey of AJD converter fundamentals. 

The various linear converters are explained and the Identification of their 
application domains shows that the floating point conversion Is 
particularly well suited tor signal measurement. 

The specific terminology used throughout the report Is also Introduced, 
followed by an overview of major linear AID converter types. Their ability 
to meet the targeted medium to high dynamic range (12-16 bits), slow to 
medium sampling frequency (10-50 kHz) and micro power consumption 
(-100 mW) specification /s also discussed. 

Some of the commercially available converters as well as the academic 
ones are presented In a comparative table and classified according to 
an "efficiency" factor that takes Into account dynamic range, sampling 
frequency and power consumption. The targeted AJD converter features 
a greatly Improved efficiency compared to marketed devices featuring 
the same dynamic range. 

The choice of a converter depends on many factors. The most important of 
these are certainly the characteristics of the analog signal to be converted and 
the information that must be captured. This usually determines the desired 
dynamic range, sampling frequency and maximum quantization error. Operating 
environment wfll define constraints such as power consumption, size, packaging, 
etc. as well as reliability needs. Last (but not least I), price has to be considered 
as well. The final choice Is always a trade off between accuracy, speed and 
simplicity I 

The next paragraphs include Information harvested from the articles and books 
listed In section 2AA, at the end of this chapter. Nevertheless, should the reader 
decide to consult only a few of them, [Hoes94] and [Teme93] are certainly the 
most relevant. 
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chapter 2. Fundamentals of A/D Converters 

2.1 A/D CONVERTER SPECIFICATION AND TERMINOLOGY 

According to specialists, several tens of parameters should be used to fully 
specify A/D converters. Unfortunately, depending on the device manufacturer, 
the definition of these parameters can differ. 

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

2.1.1 Transfer function (TF): 

The transfer function maps the analog Input Into digital output code. Figure 2.1 
shows the Ideal transfer function for a 3 bit unipolar (no sign bit) linear converter 
(bold). The gray curve shows a logarithmic characteristic that Is typical of non 
linear converters used In telecommunications for example. More details about 
the various linear transfer functions are grven in the next section, where other 
Important parameters are defined as well. 

Digital Output 

Saturatlo 

0 1 2 . 1 1 5_6_L 
8 B 6 8 8 8 8 

Analog Input 
[V, referred to full scale) 

Figure 2.1 : Transfer function for linear and non linear unipolar 3-blt ADC 

Note that a range of analog Inputs can result In the same output code: for 
example, analog values from 0 to I/16 In the absolute linear characteristic, 
correspond to the digital word 000. 

2.1.2 Dynamic range, quantization error, resolution and static 
signal to noise ratio: 

Let us first give a "textual" definition of these parameters. A figure will then help 
to clarify these wordsl 

S 



chapter 2. Fundamentals oiAJD Converters 

The dynamic range (DR) Is the ratio of the largest analog input that can be 
converted to the smallest one. A dynamic range Is often expressed in decibels 
IdB]. 

The quantization error Is the difference, In magnitude, between analog Input 
and resulting digital code. It Is normally given in "minimum step size' units. 

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

DC signals are used to obtain the Static Signal to Noise Ratio (as opposed to 
dynamic SNR, section 2.1.5) and the quantization noise level versus the DC Input 
amplitude Is plotted. Static SNR Is useful from a theoretical point of view, to 
explain the difference between the various linear converters. The dynamic range 
and maximum resolution can be extracted from the Static SNR plot. 

Figure 2.2 shows the transfer function, quantization error and static SNR for two 
particular linear absolute (left) and floating point (right) converters. Both feature 
the same dynamic range (DR). 

In absolute converters, the steps of the transfer function are all Identical. The 
smallest analog Increment that must be converted defines the step size and 
hence the LSB. Sixteen levels are needed to cover the whole dynamic range: a 
four bit converter is thus used. The maximum quantization error over the whole 
dynamic range is o half LSB, The maximum resolution (MR) is 4 bits as shown on 
the static SNR plot whfch features a linear characteristic. 

In linear floating point converters, the quqntlzation step Is enlarged for 
Increased signal amplitude and a "mantissa-exponent" Internal representation is 
used. The smallest analog Increment still defines the LSB while the required 
resolution defines the mantissa's number of bits. To reach the necessary dynamic 
range the analog signal is first amplified to fit Into the mantissa range. The 
exponent keeps track of the amplification value. Combining the exponent and 
the mantissa results into the equivalent digital output. Floating point converters 
can be seen as 'piece-wise' absolute devices: the transfer function can be 
divided Into two or more zones that separately present an absolute characteristic. 
In other words, each of these zones has a constant maximum quantization error, 
whose value however, is different for each zone. This translates into a quantization 
error plot with increasing "saw tooth" amplitudes. The maximum resolution (MR) Is 
given by the mantissa size, In the floating point converter of figure 2.2, the 
mantissa is two bits and a pre-scallng of 1, 2 or 4 can be applied. As a resutt, only 
the following output words can be obtained: 0000, 0001, 0010, 0011, 0100, 
0110, 1000, 1100. The static SNR is made of several shifted linear segments. For 
signal amplitudes of -24 to -12 dB, the characteristic is Identical to that of the 
absolute converter, then the quantization step is changed and the resolution 
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drops by one bit. Hence, the static signal to noise drops by 6 dB. From -12 to -6 
dB the quantization step Is again constant and the statte SNR Is linear. At -6 dB, 
the step changes again, the resolution decreases and the 6dB drop occurs. 

Output word 

1111 -

0000 

Equivalent output word 

1111--

0 5 10 15 
an. Input, [full scale/16, V) 

Quantization error [LSB] 

+0.5 
-0.5 

Static SNR [dB] 

0000 
0 5 10 15 
on. Input, [full scale/16, V] 

Quantization error [step min] 
2.0 

1.0 -J-

0.0 

an. In. [V] 

Static SNR [dB] 

24 

an. In. [V] 

DR 

Z^ MR 

-24-18-12-6 0 ln[dB] 

Linear absolute 

-24-18-12-6 0 ln[dB] 

Linear floating point 

Figure 2.2 : Transfer function, quantization error and statte SNR plots 

Figure 2.2 does not show the case ot a relative linear converter. In an Ideal 
case, this converter would feature a quantization error that Is proportional the 
the amplitude of the signal to be converted. As a result, the static SNR plot 
would be perfectly horizontal. In reality, because of the finite number of bits 
and the fact that quantization steps can only have predefined values 
(multiples of minimum step) such a characteristic Is not physically achlevablel 

When the converted signals must be precisely analyzed, absolute linear 
converters are mandatory. In all the other situations, and In particular, In the 
case of signal measurements, an Ideal relative device would be sufficient to 
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ensure the conversion quality while keeping the power consumption low. As 
mentioned, such devices cannot be realized. However, the floating point 
converter is a close approximation of that Ideal characteristic. 

2.1.3 Step Over Range (SOR) : 

The Step Over Range measurement Is used to determine whether an A/D 
converter Is absolute or not. 

i l l 
no -
101 -
ioo -
on -
oio -
001 -
ooo 

CT 

CT 
MIn. step 

0 1 2_3_4 5.6 .1 FS 
8 8 8 6 8 8 8 

SOR (Min step] 

rvi 

i -

i i i i i i i 
0 1 2 3 4 5 6.7 FS 

8 8 8 8 8 8 8 
SOR [Min step] 

1 

M 

i 0 1 2.3.4 5 6 .1 FS 
8 8 8 8 8 8 8 

M 

Figure 2.3 : Illustration of SOR 

The converter Is fed with a ramp signal covering the whole Input range and of 
high accuracy (ramp Increments smaller then the minimum converter step 
size). The difference between adjacent output samples, Is plotted versus the 
analog Input as In figure 2.3 which Illustrates ideal cases. SOR are given in 
minimum ideal step size rather than In LSB. This ensures a unique notation for 
both absolute and non absolute devices (In floating point conversion for 
example, the LSB Is the minimum step size of the coarse quantizer which Is 
different from the minimum step size of the whole converter). 

In absolute converters, the Ideal maximum SOR Is 1. Higher SORs Indicate that 
the converter features a non-absolute behavior. 
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2.1.4 Gain and offset error : 

The gain of a linear A/D converter Is equivalent to the slop© of the transfer 
function. The gain error Is thus the deviation of the measure slope from the 
Ideal one. The gain error Is sometimes called linearity error. 

The offset error Identifies the deviation of the lowest transition level from the 
Ideal location. 

Ill 

no 
101 
100 

on 
010 
001 

ooo-

ldeal TF / 

Offset error 

0 1 2 . 3 _ 4 5 . o _ 7 . FS [V] 

8 8 8 8 8 8 8 

Figure 2.4 : Gain and offset errors 

2.1.5 SNR1 THD1 PD and SINAD : 

All the previous parameters refer to static characteristic. Signal to Noise Ratio 
(SNR), Total Harmonic Distortion (THD), Peak harmonic Distortion (PD) and Signal 
to Noise And Distortions (SINAD) are dynamic parameters. They are sometimes 
preferred to static ones for applications dealing with dynamic signals. 

The dynamic characteristics are measured In the frequency domain: a pure 
sine wave is converted and a FFT Is performed on the collected data. 

Signal to Noise Ratio measures the signal power relative to noise power and Is 
computed by equation 2.1 where M1 are the magnitudes of all spectral 
components except for the DC, fundamental and Its harmonics. 

SNR = -20 - logA/_T<10*V20)s [dB) 
(2.1] 

An equation similar to that of 2.1 can be used to compute the Signal to Noise 
And Distortion ratio. However, In this case, M1 are the magnitudes of all spectral 
components except for the DC and the fundamental. 
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The Total Harmonic Distortion measures the power of the converter's distortion 
and Is computed by 2.2 where M1 are the magnitudes of the harmonic 
spectral lines. Often, for practical reasons, only the ten first harmonics are 
considered. 

SN/? = 20.toaJ£(10*vao)2
 ( o B ) 

(2.2) 

Finally. Peak harmonic Distortion Is the ratio of the fundamental magnitude to 
the highest harmonic peak and Is given In decibels. 

2.2 LINEAR A/D CONVERTER'S TYPES 

Unear A/D converters can be classified as « direct-comparison » or 
« Integrating » devices. Direct-comparison ADCs use the analog Input signal to 
directly compute the digital equivalent by, for example, comparison to one or 
several reference voltages (flash, successive approximations, pipelined, etc.). In 
Integrating architectures, the analog signal is first transformed Into an 
Intermediate signal which ts then used to obtain the digital output (ramp-
lntegratlng, voltage-frequency, Sigma-Delta, etc.). 

This section discusses conversion principles but no electrical realization 
schemes are given. The ability of each converter to meet the medium to high 
dynamic range (12-Ì6 bits), slow to medium sampling frequency ( 10-50 kHz) and 
low power consumption (—100 p,W) requirements as defined In section ì .1 Is also 
examined. 

2.2.1 Single and dual slope integrating converter : 

Single and dual slope Integrating converters are described below. Generally 
speaking, both are well suited for slowly varying signals (1 Hz-I kHz). They feature 
high dynamic range and resolution, no missing code (all digital words correspond 
to an analog Input), monotlclty (monotone transfer function) and good high 
frequency noise rejection. Very simple architectures are possible but they are 
extremely sensible to voltage reference error, comparator Inaccuracy etc. More 
complex structures can however reach 20 bits of resolution, The main 
applications are precision instrumentation and telemetry. 

Single slope converter fflaure 2.51 : a reference signal Is Integrated and the 
output of the Integrator Is compared to the analog input signal. A counter 
measures the elapsing time. When the output voltage from the Integrator equals 
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the analog input, the counter is stopped. Its final count Is used to obtain the 
digital equivalent of the analog Input signal. 

Output of Integrator 
Î M 

Analog 
VIn 

Start counting Stop counting 

Figure 2.5 : Single slope integrating converter 

Dual slope integrating converter (figure 2,6): an up/down Integration is 
performed. A first Integration Is done on the input signal and lasts a fixed interval 
of time t,. The Input of the Integrating circuit Is then switched to a known reference 
signal and down Integration takes place until the Integrator reaches a fixed level 
(0 V in the figure). The down Integration time gives a measurement of the analog 
Input signal. The benefit compared to single slope Is that absolute errors In the 
ramp generation are canceled. 

Output of Integrator 
M 

Vln,>Vln, 

Start down Stop Stop 
Integration (VIn1) (VIn2) 

Figure 2.6 : Dual slope integrating converter 

Considering the specification of section 1.1, single or dual slope Integrating 
converters are too slow and are not a valid alternative to meet the constraints of 
section l . l . 

14 



chapter 2. Fundamentals o! AJD Converters 

2.2.2 Voltage to frequency converter : 

These converters generate digital output pulses at a repetition rate that Is 
linearly proportional to the analog Input voltage. The pulses are counted for a 
fixed conversion time period. Since the pulse rate varies within a conversion 
period as the Input Increases or decreases, the resulting digital output is an 
averaged value, 

This type of converter can only Pe used with slowly varying signals and Is thus 
not suited to meet the constraints of section 1.1. 

2.2.3 Oversampllng or Sigma-Delta ( IA ) converter : 

These converters have become prevalent for high accuracy (16 to 20 bits) A/D 
conversion of moderately high varying signals (< 0,5 MHz), The first major use was 
In CD players though nowadays they can be found In modem, multimedia, 
digital audio and signal processing applications. The great advantage of SA A/D 
converters Is that they trade greatly reduced analog circuit accuracy for 
increased digital complexity. This Is an advantage when one considers the 
performance of digital VLSI silicon technologies, 

EA are so called because they Integrate (I) the difference (A) between the 
input signal and Its bit stream equivalent, This Is illustrated In figure 2.7. The 
feedback voltage (output from the D/A) Is subtracted from the analog Input, The 
resulting error Is Integrated and its polarity Is detected by the comparator which 
drives the D/A to 1 If the Integrator output is negative or to 0 If the Integrator output 
Is positive, For a 1, the D/A outputs a voltage equivalent to the full scale of the 
Input signal. Hence, for small Input values, the bit stream will be made of several 
Os after a single 1. On the other hand, If the Input signal Is large, the bit stream will 
alternate Os and 1 s. The digital filter's function Is thus to determine a digital word 
that is proportional to the number of 1 s In the bit stream. 

Analog modulator 

Figure 2.7 : Flow graph of IA converter 
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The sampling Is performed at a much higher rate then the Nyquist rate 
(oversampllng). Consequently, the requirements on the anti-aliasing fitter are 
greatly reduced. In practice the filter can even be omitted sometimes. 

The modulator and Its associated decimation filter can have different 
architectures to match the specific applications. The decimation can also be 
performed in more then one stage by using cascaded filters working at different 
sampling frequencies (to avoid a costly abrupt low pass filter working at high 
sampling frequencies). 

A very good article published by J.C. Candy and G.C. Temes [Cand92] 
discusses the various structures and provides all the necessary Information to the 
Interested reader. 

£A converters fit well In the dynamic range and sampling frequency 
specification of section 1.1, However, the power consumption specification 
would be difficult to meet. The digital filter indeed requires a fairly high amount of 
energy. 

2.2.4 Counter ramp converter : 

In counter ramp converters, a D/A converter Is slaved to a counter so that a$ 
the count builds up, the output of the decoder increases. The count is stopped 
when the output of the D/A Is slightly higher then the analog Input signal and Is lis 
digital equivalent. 

Output of D/A 
[V) 

Start Stop counting 

Figure 2.8 : Counter ramp converter 

These converters have a low complexity but are very slow : 2"-l steps are 
required to complete one conversion (where n Is the number of bits of the output 
word). To decrease the conversion time, multi-step architectures exist : 2 or 3 
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different step sizes are used, the coarse one determining the MSBs and the finer 
one(s) the LSBs, 

Counter ramp converters are well suited for extremely slow varying analog 
signals. They are not a valid alternative to meet the constraints of section 1.1. 

2.2.5 Successive approximation converter : 

Successive approximation converters are also known as serial. They ore very 
common and feature medium speed (10-1000 kHz), medium resolution (8-12 
bits, some even 14 bits) and fairly small sizes at a low price. They are widely used 
and well suited for telecommunication and signal processing applications as well 
as for Interfacing to LIPS, 

Serial converters can be considered as n-section counter ramps. Each step Is 
different In size and each bit (from MSB to LSB) is compared In turn to the analog 
input. In other words, the process consists of successively trying a 1 In each bit of 
a D/A decoder starting with the MSB. As each bit Js tried, the output of the D/A is 
compared against the analog Input signal. If the D/A output Is larger, the 1 Is 
removed from that bit as the process continues and a 1 is tried In the next most 
significant bit. If the analog signal is larger than the D/A output the 1 remains In 
that bit. At the end of the process, the digital number in the D/A Is the digital 
equivalent of the analog voltage, n steps are required to encode a n-blt binary 
value. 

VIn - * 

Voa 

Register ~ \ 

nblts 

Vin 

1 

L > a 

I 

' 0 >\ T2 

100 010 Olì 
\ 

Final output word 

Figure 2.9 : Successive approximation 

Algorithmic (or cyclic) successive approximation converters are often used. The 
conversion process Involves n recursive cycles « recirculated » within the same 
feed-back loop. The corresponding flow graph is given In figure 2.10. These 
structures have a very small size and do not require a DAC. Nevertheless, a 
precise doubling amplifier and a comparator with at least 0.5 LSB precision Is 
needed. 
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VX, 2 0 
V x 0 = V , 1 = 0 

T Vx ,s0 

6 , - 1 , Vx H 1 , -2«Vx m -V re f b ,=0 , Vx11411 = 2 Vx1 n+Vref 

>n 
I =1+1 
ZEI l < n 

Figure 2.10 : Algorithmic successive approximations converter 

Cyclic successive approximation converters are the most serious candidate to 
meet the requirement of section 1.1. 

2.2.6 Parallel converter : 

Parallel or flash converters use one analog comparator with fixed reference 
voltage for every quantization level. They can achieve very fast conversion since 
only one step Is required. The drawback Is the complexity of the hardware, whose 
size is proportional to T (where n is the number of bits). They feature dynamic 
range of 6-8 bits and sampling frequencies up to a few hundred MHz. Typical 
applications are fast signal processing such as radar and video. 

To Increase the dynamic range and decrease the complexify, size and price, 
half flash (or two step parallel) converters can be used. This Is a combination of 
successive approximation and flash. The converter has two stages In which half of 
fhe bits are determined. Two steps are thus required for conversion, but the 
hardware size Is reduced and Is proportional to 2[14flfll. 

These converters are not suited to reach dynamic range 14-Wt while keeping 
the power consumption low. 

2.2.7 Pipelined converter : 

All the converters presented so far are real-time I.e. a full A/D conversion Is 
completed during an analog sampling period. 

In pipelined converters, the conversion Is performed on each sample of 
analog data during a period of time of two or more samples. A first stage 
converts the high end bits during the first sample data time and then passes fhe 
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residue of the Input to the next stage In the pipeline for processing, Then, during 
the second analog signal sampling period, the first stage converts the high end 
bits for the next analog sample while the second stage converts the previous 
sample's residue. The process goes on until the last stage Is reached and the 
conversion Is completed. Consequently, the converter's sampling rate Is equal to 
the analog signal sampling rate but the full digital equivalent value is delayed In 
the pipeline. This delay or latency is often of little Importance compared to the 
conversion speed. 

Pipeline converters have two to n stages. The latter can be counter ramp, 
successive approximation or parallel realizations. These A/D converters can reach 
very high conversion speeds (GHz) at the price of high complexity, area and 
power consumption, They are clearly not targeted for the relatively slow sampling 
frequency of 16 kHz defined in section 1.1, 

2.3 MARKET AND ACADEMIC OVERVIEW 

The ADC market offers a very wide choice of low dynamic range devices (8-12 
blts).16-blt converters are less common but all the major providers offer at least 
one SA solution. Higher dynamic ranges are commercialized by specialized 
companies only. Table 2.1 provides a partial survey of the published or available 
linear devices at the date of January 1997. 

Since all the commercially available devices couldn't be considered (for 
example Analog Devices has more then 100 different ADCs), choice criteria were 
defined. Thus the table contains ADCs that fit into the following categories 

a) Low dynamic range (<10 bltj / maximum speed 

b) Medium dynamic range (12-16 bits) I medium speed (10-50 kHz) 

c) High dynamic range (> 16 bits) /maximum speed 

Whenever possible, optimized low power devices (according to their providers) 
were chosen. Category b) Is actually of most interest since it corresponds to the 
target specification given In the Introduction (section 1.1). Categories a) and c) 
represent the boundaries of current technology. 
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# 
1 
2 
3 
4 
5 
6 
7 
8 
9 
10 
11 
12 
13 
14 
15 
10 
17 
18 
19 
20 
21 
22 
23 
24 
25 
26 
27 

28 

29 
30 
31 
32 
33 
34 
35 

Provider 

Acad. 
Harris 

Un. Tech. 
ADI 

Harris 
Exar 

Burr B. 
Maxim 
Acad. 
Acad. 

ADI 
Acad. 

ADI 
LIn. Tech. 

Acad. 
Un. Tech. 

Harris 
T.f. 

Maxim 
Acad. 
Acad. 

Nat. Sem. 
Com. Un. 
Nat. Sem. 

Acad. 
Crystal 
Acad. 

Motorola 

ADl 
ADI 

Burr B. 
ADI 

Maxim 
Burr B. 
Crystal 

Reference 
name 

[Fong941 
HI3304 

LTC1096 
AD775 
HIl 175 

M08775 
ILC5540 

MAXI 154 
[Wu941 

ÎKusu931 
AD9050 
(Y01SI931 
AD7822 
LTCl 285 
[Chen951 
LTCl 286 
HI5813 
TLV2543 

MAXI 241 
(WIt 931 

[Zhan 941 
ADCl 2062 

CLC949 
ADC12L038 

[Clin 951 
CS537 U 
(Mats_87) 

MCl 45073 

ADl 380 

AD976 
ADS7815 
AD7721 
MAXI 32 
DDC101 
CS5324 

Type 

Algorlth. 
Flash 

Sue. Ap. 
Plpelln. 

Flash 

Flash 
Plpelln. 
Plpelln. 

Plpelln. 

Cyclic 

Sue. Ap. 
Sue. Ap. 
Sue. Ap, 
Sue, Ap. 
Pipelin. 
Flash 

Sue. Ap. 
Pipelin. 

SA 
SA 
SA 

ZA 
Sue. Ap. 
Sue. Ap, 

SA 
Intégrât. 

ZA 
SA 

Dyn. R. 
[bit] 
4 
4 
8 
8 
8 
8 
8 
8 
9 
10 
10 
10 
12 
12 
12 
12 
12 
12 
12 
12 
12 
12 
12 
13 
13 
16 
16 

16 

16 
16 
16 
16 
16 
20 
20 

Frequ. 
ksamples/s 

4500 
25000 

33 
20000 
20000 
20000 
40000 
750000 
33000 
20000 
40000 
50000 

7,5 
7.5 
10 

12.5 
40 
66 
73 

200 
1000 
1000 

20000 
73 

5000 
20 
48 
48 

50 
200 
250 
469 

0.1 
15 
32 

Power 
[mW] 

0.5 
25 

0.216 
60 
60 
85 
150 

5500 
180 
30 

315 
900 
0.06 
0.48 

2 
1.25 
3.3 
8 
3 
10 
60 
75 

220 
15 

166 
220 
110 

250 

15 
100 
200 
150 

0,3 
170 
150 

SNR 
fdB] 

47 

45 

53 
53 

67 

71 
65.1 

70 

70 
69 
73 

80.1 
80 
92 
82 

83 
84 
74 

110 

Tab!e2. 1 : ADC Overview 

Figure 2.14 (•) plots the converter number (first column of table 2.1) versus an 
« efficiency » factor defined as the product of the sampling frequency and the 
dynamic range dMded by the power consumption [blts*ksamples/s*mW], To be 
complete, issues such as normalized chip size, SNR qualify (difference between 
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Ideal and measured values), etc. could also be taken Into account (a small size 
for example would Increase ttie efficiency factor). The resulting graph could lead 
to completely divergent conclusions. Figure 2.14 however/allows a comparison 
considering the particular aspects of dynamic range, speed and power 
consumption. 

Generally speaking, as the number of brts Increases, ADCs tend to be less 
« efficient ». This is not a surprise since studies [Dljk94] showed that the power 
consumption Increases with ns where n is the dynamic range in bits. 

Low dynamic range converters (#1 to 12) are well grouped, with a slight 
tendency to become less « efficient * as speed Increases, except for # 1 and 
# 10 that have a considerably higher factor. 

The dispersion among the 12-13 bits (#13 to 25) Is greater and results are 
slightly better for faster devices. 

Apparently 16-btt IA converters are more efficient at higher frequencies (#29 
and 32) then successive approximation ones (#30 and 31). 

ADC Comparison 

100000 I • • ^ r ^ = i 

Figure 2.14 : ADC »efficiency » comparison 
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It Is Interesting to note that considering the specification ot 1.1, the desired 
efficiency number Is 14*16/0.1 =2240. Such a device Is represented by the black 
square (•) In figure 2.14. Considering efficiency numbers (triangles) obtained by 
the commercialized devices, the targeted efficiency Is clearly a major 
Improvement! 
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O M Fundamentals of Low Power 
Design 

This chapter provides an overview of some of the finesses used to obtain 

low power systems. 

Digital power consumption Is In part due to leakage and short circuit 

currents though the main contribution comes from the switching power 

whose value Is proportional to the switching frequency, the capacitance 

load and the square of the power supply. Hence, actions can be taken 

at either algorithmic, architectural, logic or technological levels to 

reduce the power consumption by decreasing either the working 

frequency, the capacitance load or more efficiently the supply voltage. 

Whatever the action, the performance of 1he digital module must be 

maintained. Electronic Design Automation (EDA) tools provide a great 

help to rapidly achieve valid results. 

Things are different In the analog domain: lowering the supply voltage 

only complicates the design and dedicated structures must be used. 

Also, the working domain (weak or strong Inversion) of the MOS transistors 

must be carefully chosen. Highly reliable simulation models, such as the 

EIC/ (Em, Krummacher, Vlttoz) developed at CSEM and EPFL are 

mandatory but unfortunately they are only available for a few 

technologies. 

Considering that the targeted chip combines both analog and digital 

functions, that It Is battery supplied and that a Multi-Project-Wafer (MPW) 

Implementation Is foreseen, only four technologies are accessible. The 

final choice goes to EM Mlcroelectronlc-Marln SA technologies since EKV 

models are available. 

A short survey of today's primary and secondary cells (batteries) shows 

that In spite of the progress In capacity (and thus life cycle) and chemical 

materials within such devices remains an ecological burden and that 

recycling Is still the only solution. 
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Most of the research and development effort In the area of digital products 
has been oriented towards Increasing the speed and the complexity of a single 
chip. However, as the density and size Increase, difficulty In providing adequate 
cooling represents a limit and power consumption becomes a main concern. 
The need for low power devices is aggravated by the increasing demand for 
portable systems. 

Such reduction Is not easily achieved and requires optimization at all levels of 
the design hierarchy. As explained In paragraph 2.1, lowering the power supply 
voltage has a great Impact on power consumption of digital clrcufts, It has 
however little effect on the power consumption of analog circuits and rather 
complicates their implementation since the corresponding reduction of the 
maximum signal amplitude must be compensated by lowering the noise floor. 

Proceedings of Electronic and DSP conferences as well as trade magazines 
are rich In articles on particular low power optimized library elements, 
architectures, logic strategies, algorithms, etc. However, the annual « International 
Symposium on Low Power Electronics and Design » Is certainly one of the most 
focused conferences. The « International Symposium on IC technology systems 
and applications » also has dedicated sessions. Another good reference Is the 
special Issue on low power electronics of the « Proceedings of the IEEE » {volume 
83, number 4, April 95). 

3.1 DIGITAL DESIGN 

There are three major sources of power dissipation In Digital CMOS circuits : 

P ^ ^ P ^ P ^ a ^ - C r ^ - U ^ ^ H ^ 
(3,1) 

The first term, PM, rs the switching component where C1 Is the load 
capacitance, f^ the clock frequency and a0.>i the node transition activity I.e. the 
number of power consuming transitions (from 0 to 1) In one clock period. The 
second term, P ,̂ Is due to the direct path short circuit current I^ which arises 
when both PMOS and NMOS transistors are active. Finally, P1, Is due to the leakage 
current I, which arises from substrate Injection and subthreshold effects and is 
primarily dependent on the silicon technology. 

Clearty the best way to reduce the switching power Is to lower V04, (quadratic 
relation I). The next step is to minimize O0^1 C1 (also called the effective 
capacitance C J through proper choice of logic function and style, circuit 
topology, data statistic, sequencing and glltchlng reduction. 
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Short circuit power Is due to finite and very different rise/foil times at the input of 
the gates. Ensuring similar rise and fall times will make the short circuit 
consumption level about 10% of that of the switching power [Chan95J. Note that 
if the supply voltage was lowered below the sum of the threshold voltages of the 
transistors, the short circuit current would be eliminated. Other problems such as 
speed limitations would occur thoughl 

There are two types of leakage current : reverse bias diode and subthreshold. 
Diode leakage occurs when a transistor Is turned off and dnother transistor 
charges up or down the drain with respect to the former bulk potential. The 
resulting current Is proportional to the leakage current density set by the 
technology and the drain area, It Is however a small current and results In a 
fraction of the total power consumption [Raba96], although It can become 
significant in applications where much of the time is spent in stand-by mode. 

Subthreshold leakage occurs when the gate-source voltage is below V1 but has 
exceeded the weak Inversion point and is due to carrier diffusion between source 
and drain [Raba96). This current depends on technological parameters. Similar to 
the reverse bias current it becomes relevant only in stand-by mode. 

The sources of power dissipation In CMOS digital circuits have been identified, 
The next sections describe some of the octlons that can be taken at different 
levels to decrease this power consumption. 

3.1.1 Technology optimization 

As already mentioned reducing the supply voltage results in a drastic 
Improvement In the switching power consumption. Unfortunately, a speed 
penally is pdid and the deldy significantly Increases as V00 approaches the 
threshold voltage V1 (see figure 3.1 [Chan95]). 

20 

10 

1 2 3 4 5 V0n[V] 

Figure 3.1 : Normalized delay for a typical CMOS gate. 
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Since the objective Is to reduce the power while keeping the throughput ot the 
overall system fixed, the « technical » solution Is to reduce the threshold voltage 
(architecture Improvement Is another solution and is described In 2.1.3). {Chan95] 
gives the example of a circuit running at V03 =1.5 V with V1 =1 V which has the 
same speed performance as another running at VM =0.9 V with V1 =0.5 V. The 
limit of V, reduction (s set by the requirement to retain adequate noise margins 
and reasonable subthreshold currents. 

This optimization is performed by the technology engineers of the various 
foundries. The limit to which the IC designer can optimize V, Is constrained by 
choosing a technology that will satisfy throughput constraints (considering an 
eventual particular architecture) while guaranteeing a minimal power supply. 

3.1.2 Physical, circuitane! logic level optimization 

At the layout level, signals with high switching activity (clocks) should be 
assigned short wires while signals wtth lower switching could be allowed 
progressively longer ones. This will result In lower C6^f1* products. 

Transistor sizing should ensure that all delay paths are equalized so that a single 
critical path doesn't unnecessarily limit the performance ot the entire system. The 
question about uniformly increasing the W/L ratios can be raised. A rule of thumb 
Is that minimum sized devices should be used when the load capacitances is not 
dominated by Interconnect (local busses inside datapath blocks). Buffers with 
appropriate strength should be employed to drive large capacitance such as 
those between datapath modules. The IC designer usually has no access to such 
« deep » sizing since he uses a (hopefully) optimized library which provides all the 
basic gates and elements. Nevertheless he might be responsible for Inserting the 
proper buffers. 

Reducing voltage swing Is sometimes used. Because special gates are 
required (to avoid statte power increases), extra parasitic capacitance Is 
obtained and the method is thus only useful on already high capacitance nodes. 

Clever logic minimization and technology mapping can reduce the power 
consumption by orders of 20-25%. The Idea Is to minimize switching and glitchlng 
activity. Logic level power down through gated clocks can be used at the price 
of some additional control circuitry. 
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3.1.3 Architecture level optimization 

Lowering the supply voltage increases trie delay. Architecture techniques must 
thus be used to compensate for the reduced speed. 

Let us assume a reference architecture made of a module M, powered at Vrej 

and working at maximum speed I.e. the clock period 1/CK16, is equal to the worst 
case delay. The voltage cannot be lowered since It would result In toss of 
throughput. 

Using two modules In parallel Is an Improvement. Indeed, the throughput Is 
maintained but each module works at CK1̂ , /2, The supply voltage can thus be 
lowered until the delay has doubled. The hardware is duplicated and some extra 
routing is required leading to an effective capacitance that Is slightly more then 
double compare to the reference architecture. The balance Is : 

V0* < Vn, Ce„ „ > 2-Ceff CK^ = 05-CK101 

(3-2) 

Another solution Is to pipeline the operations of the module by Inserting some 
registers. Again, the delay of each operation can be lengthened until the most 
critical one equals the throughput time and consequently the supply voltage can 
be reduced, Each operation Is still performed at the original rate but because of 
the additional registers the area Is slightly increased. Thus : 

CK^=CK 
(3.3) 

From 3.2 and 3.3 the products C^^OC^ and C ^ ^ C k ^ are slightly higher 
then Ce„ ,,/CK»,. Nevertheless, the quadratic dependence on V00 still ensure a 
substantial improvement In the final power consumption. 

Pipeline and parallelism can be exploited together. At a certain point though, 
the overhead circuitry will dominate and no further power consumption decrease 
will be obtained, 

In applications where very tight area specifications are Imposed and provided 
that the throughput allows It, time multiplexed operations are used. The Idea Is to 
have modules (for example an ALU) that perform n (n>l) operations within one 
clock cycle (throughput rate). The approach seems favorable but actually results 
In higher switching activity then fully parallel solutions. Indeed, In the parallel case, 
each module switches once per clock cycle but only If the Inputs have changed. 
In the time multiplexed solution however, operations are sequential I.e. operation 
1 to n take place within one clock cycle. Thus even when the Inputs are not 
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changing, switching occurs; the results that have not changed (compared to the 
previous clock cycle) must be computed again. 

Another architecture level optimization (though It could be classified as 
algorithmic level as well) Is the choice of number representation. In most DSP 
applications two's complement representation Is used and addition and 
subtraction are easily performed. However, sign extension causes the MSBs to 
switch when a signal transitions from positive to negative or vice versa. 
Depending on the sfgnal statistics (especially when the signal Is small compared 
to the dynamic range) this can result In very high switching activity- One 
approach is thus to used sign-magnitude representation. It can be demonstrated 
[Chan95] that this leads to a lower number of transtrions. Addition and subtraction 
are conseauentty more difficult to handle. Sign-magnitude should thus be used 
for large buses where the overhead for converting back and forth to 2's 
complement is not significant compared to the overall switching activity balance. 

Finally, glltchlng reduction Is handled at architectural level by balancing all 
signal paths and reducing logic depth as much as possible, 

The designer has to trade off throughput and area constraints, degree of 
resource sharing (time multiplex), parallel and pipelined drchltectures and 
number representation to ensure minimum power supply and switching activity 
resulting In overall reduced switching power. 

3.1.4 Algorithmic level optimization 

The choice of an algorithm is a highly leveraged decision In meeting the 
power consumption constraint. The ability for the algorithm to be Implemented In 
parallel Is critical along with the complexity of the computation. 

Algorithm transformation such as loop unrolling, algebraic transformations and 
constant propagation can be used to modify the flow graph so that either 
pipeline or parallelism can be applied. 

The computation complexity can sometimes be reduced by taking into 
account the correlation between neighboring samples (eg, vector quantization). 
It Is also very common to replace constant multiplication functions by shift and 
add operations, 

Which of high-level algorithm design, architecture or technology optimization 
has the greater impact on power reduction Is still an open issue. Animated panel 
session held at ISLPE'96 and ICSPAT96 nevertheless stressed that optimization has 
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to be performed at each level. To reach this goal targeted EDA tools are 
mandatory I 

3.1.5 Low power design EDA tools 

Within the last two years nearly a dozen different commercial tools have arrived 
on the market to address low power. This section assess the situation at the end of 
1996JCoud96]. 

Transistor level estimations are most accurate but they require a very precise 
circuit description and can only be performed close to the final stage of 
development. These commercial tools are based on a simulation of the transistor 
netllst that tries to be as close to SPICE as possible, but foster. As a result good 
accuracy Is reached at the price of a long estimation time. Only one tool (Epic's 
AMPS )ls presently available for optimization at this level. 

Gate level estimations can be performed earlier In the design cycle, are faster 
but less accurate. They help determine which gates and wires should be the 
focus for power reduction. A power optimization tool Is available and claims 
reductions of 10 to 15%. 

HDL and RTL estimations are too crude to provide absolute accuracy. 
Nevertheless, they are very useful as relative Indicators to allow evaluation of 
design tradeoffs, The designer uses these indicators to determine which blocks 
and signals he/she should focus on, tries different solutions (architectures) and 
gets quick feedback In measuring the effectiveness of those redesigns. 

While algorithmic, behavioral or system level decision have a profound Impact 
on the power consumption of a system no commercial tool at this level Is 
available. Consequently, the algorithmic and behavioral specifications are often 
frozen early In the design process with no verification means. This reduces the 
power minimization space In the lower levels where tools are avallabte. 

Academic research on targeted low power design tools Is also reported. In 
particular, at Itvïï, a tool has been developed by Alexandre Heubl to very 
efficiently Implement DSP algorithms on parallel architectures. Applied to a 
speech processing algorithm, the tools results In a 23x Improvement on the MIPS 
number (In comparison with a TMS32C5x software Implementation) and a 21 x 
Improvement In power consumption. 
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3.2 ANALOG DESIGN 

Many of the problems and solutions encountered In micro-power analog 
design circuits are directly related to the properties of the MOS transistor. The next 
section Is thus dedicated to Its overview. Active elements (Operational 
Transconductance Amplifier) and analog switches are then considered as well as 
passive elements such a resistors and capacitors. Finally effects of power supply 
decrease are evaluated. A short paragraph about simulation models concludes 
the topic. 

3.2.1 MOS Transistor 

The drain current lD Is a functfon of the drain, gate and source voltages VD, VG 

and Vs (all referred to the local substrate). This function depends on the operating 
mode of the transistor namely Weak Inversion (Wl), Middle Inversion (Ml) and 
Strong Inversion (SI). 

In weak Inversion the drain current Is given by equation 3.4. 

(3.4) 

where: 

/ „ « I V / L - e ^ n * 1 + 0 , / 0 , Vr=Vm+[n-W* 
(3.5) 

Equation 3.4 Is thus valid (condition for Wl) when: 

^G - ŝ < ̂ r - someUr or I0 « I1n, = n Cw - WfL 
(3.6) 

Two different modes arise In strong Inversion. The linear mode applies when 
V0S<(VGS-uT)/n and the drain current Is: 

1 (3.7) 

When l0>>lLm or V05>(V0S-U1)Zn the saturation model applies and the drain 
current Is: 

I0 = P/2nry« -Uj -[UV05 -V0Jv^ .Q 
(3.8) 
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A small signal model is needed to depict the AC behavior of analog circuits. 

vc 11 vD 

B 

Figure 3.2 : Equivalent AC model. 
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Applying 3.9 to 3.4 3.7 a n d 3.8 resutts In tab le 3.1 
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fab/e 3.1: AC model 

Noise models are mandatory a n d the equivalent Input noise at the transistor 
ga te Is given by 

Vfrl = k/W-L-f+A'kT/gm-a S/:a=2n/3 WI:a=n/2 
(3.10) 

These models suffer from limitations (short channel effects, high frequency, 
carrier recollection...) but are precise enough to draw Interesting remarks. 
Indeed, compared to SI, Wl provides: 

• m in imum value of drain to source saturation vol tage, which helps keep the 
to peak to peak signal ampl i tudes close to the power supply rails. 

• maximum gm as wefl as bandwidth g y c and minimum Input noise (1/gJ for 
a given C and limited current. 

• m a x i m u m vol tage ga in Qj^, which helps simplify OTA design 
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A general conclusion from the above remarks Is that differential pairs In OTA will 
preferably be PMOS (kn=10kp) and work in Wl while the transistors used for current 
mirrors will work In SI. 

3.2.2 OTA 

Operational Transconductance Amplifiers (OTA's) are needed to provide 
amplification and to drive the capacitors. Different structures are possible: class A 
(or simple) OTA's which use fixed currents, class AB (or adaptive) which have 
current that varies with the Input signal, and dynamic ones which are controlled 
by a clock. 

Hae-Seung Lee (Lee94) provided a very Interesting comparison between 
various OTA schemes from all three above types. A class A « 2-stage» OTA has the 
highest Figure Of Merit (FOM, see Lee94 for definition) and Its schematic is given 
In figure 3.3. FOM Indicates how well an OTA performs considering aspects such 
as noise excess factor, output swing, supply voltage as well as Input and output 
current ratio. 

difvl, M2 jgp 

M, 

7 
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M, 

M, 

S M« 

Figure 3.3 : Class A 2-stage OTA 

M1 and M3, the differential pair, work In weak Inversion while all the other 
transistor work In SI. M7, M8 and Cc are necessary to stabilize the OTA (pole 
splitting). Dc gain Is by equation 3.11 and values of 60-80 dB can be obtained. 

GCD = 9ml 'Qm3 

(90, + 0(0)-(905+906) (3.11] 

The equivalent Input noise Is mostly due to the first stage and thus the spectral 
noise density is : 

ymi . 3 gml (312) 

34 



chapter 3. Fundamentals of Low Power Design 

The output swing Is only limited by the saturation voltages of M6 and M5. 

3.2.3 Analog Switches 

Analog switches are critical In two aspects: their conductance and the charge 
Injection they provide. 

A usual Implementation is to have two complementary switches which 
conduct by connecting their gate to the positive and negative power rail. 
Conduction In SI Is ensured when V0S>(VGS-U,)/n. Figure 3.4 shows the 
conductance g of both N and P transistors as VA increases. 

Figure 3.4 : Analog switches 

If the supply voltage decreases below a critical value, a gap appears and 
conduction is lostl A solution to avoid this gap Is to use a clock voltage multiplier 
(VlTt94), 

Charge Injection {or clock feed-through) occurs each time a switch opens. The 
relative voltage error AVA/ depends on the transistor size and the supply voltage 
but not on the capacitor value. As the supply decreases, the relative error 
Increases. 

AVocL2 

AV/V«L*A AV -4V 

Figure 3.5 : Clock Feed-through 

Clock feed-through thus results In offset voltages on the various capacitors. 
Some solutions (dummy switches for example) reduce the amount of this offset, 
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The ultimate solution however Is to use an analog scheme or a function which Is 
Insensitive to offset or where the offset can be easily compensated. 

3.2.4 Resistor and capacitors 

Generally speaking, resistors are only used In combination with capacitors to 
obtain a filtering function. Even when the process provides dedicated layers such 
as high resistance poly, large resistance requires large area, 

Capacitors are widely used. Their ultimate size depends on the minimum 
quantization step size. The noise level on C results from sampling the thermal 
noise. In a n-blt ADC, this level must be definitely smaller then a LSB and thus 
equation 3.13 must be satisfied, 

KTfLSEt2KC LSB=T^-V00 

{3.13) 

LSB Is proportional to the supply voltage, so as the supply decreases, C 
Increases In a quadratic way. However, bigger capacftors result In longer load 
times and require higher currents to maintain a fixed slew rate, which means 
"bigger OTAs as well. The parasitic capacitors are proportional to C and 
contribute to further Increases In current demand and load time. 

3.2.5 Low voltage supply 

Eric Vittoz in [Vltt94] analyzes the limitations and effects of lowering the supply 
voltage In analog design. As mentioned In the former sections, some of the 
limiting factors are : 

• Noise and precision in current (Wl) 

• Speed of transistor 

• Threshold voltage 

• Conducttvrty of analog switches 

• Charge Injection 

The effect on the power consumption can be quantified. Lefs assume an 
analog circuit with a given S/N and frequency and a scaling of the supply voltage 
V6 to V8' where VV=V6ZK. In an Ideal case, S/N=VB

2/KTC and f «g^C. Thus f*S/N 
« 9m* V6

2'Since V6Is scaled, equation 3,14 must be satisfied. 

36 



chapter 3. Fundamentals of Low Power Pes/gn 

g1 =K*-g 

In weak Inversion, gm=l/nUT which results In T=K2*! and thus F=K*P. 

(3.14) 

In strong Inversion, grn=|2ßl/n)a5= 2l/nVp where Vp Is the pinch off voltage. Vp is 
also scaled down and thus to satisfy 3.14, l'=K*l and P'=P. 

The maximum frequency Is proportional to Vp /L
2. Thus, for a fixed process 

The conclusion is straightforward I Reducing the supply voltage does not help 
In reducing the power consumption of analog circuits I 

3.2.6 Simulation models 

As stated, problems and solutions in analog design are closely reldted to the 
MOS transistor. Furthermore, to obtain power optimized Implementations, careful 
simulation must first be performed. As a consequence, the models used by the 
simulator must be as close as possible to the reality of weak-Inversion, middle 
Inversion and strong Inversion. 

SPICEl is not applicable since It doesn't take Into account the weak Inversion 
mode. SIPCE2 and SPICE3 are better, though they present a discontinuity In the 
transition between Wl and SI. This Is also the case with BSIMl. 

SPICE 1 
SPICE 2 
SPICE 3 

1 0 - i i 1 f f i o 

ID [A] 

Figure 3.6 : Simulation model comparison 

As shown In figure 3.6, the EKV (CSEM) model is continuous and Is well suited to 
simulating circuits combining transistors In Wl and SI. BSIM3 (not represented In 
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figure 3.6) Is also an alternative although Its complexity Is much greater while 
providing slightly less accurate results [Eny97]. 

3.3 TECHNOLOGIES 

Grossty simplified, the MOS transistor works on the principle of modifying the 
electric field In the substrate under the gate In such a way as to control the flow of 
current between the source and the drain electrodes, In a smaller transistor a 
given electric field pattern can be achieved with reduced voltage (provided the 
Impurity doping concentration has been adjusted). Thus scaling Improves the 
density (smaller devices and wiring), the speed (reduction of the capacitance 
while keeping the transconductance more or less constant) which, combined 
with the lower voltage supply, results In an overall power dissipation reduction. 

The task of the technology engineer Is to optimize all the scaling factors, 
doping concentration, threshold voltages etc. to get the best trade off between 
desired characteristics (speed, etc.) and undeslred ones (off current, etc.) 
[Cao95], [Ma96], [Carl96], [Chat96], The problem Is complicated by the fact that 
analog and digital technologies are diverging with respect to voltage, current 
and size optimization. Although A/D and D/A only require a small fraction of the 
transistors needed In a micro system chip, additional technology and circuit 
design complexity arises from combining analog with digital on the same silicon 
die. 

Silicon On Insulator (SOI) has recently received a great deal of attention 
because of Its high potential for low power applications. Its desirable 
characteristics are reduced device capacitance, higher transconductance at 
given voltage, better and denser isolation (thus better analog/dlgttal decoupling), 
smaller threshold voltage (off current) and finally better scalability. The promise of 
SOI Is Impressive, though for widespread use, material quality and cost as well as 
circuit models, design rules etc. must be greatly Improved. 

These « philosophical » considerations do not Interest the IC designer who ^as 
to choose the cheapest and most suited technology. In this case, since a mixed 
mode chip Is foreseen, lhe technology must provide precise simulation models 
and altered layers for capacitor design. Since minimum size Is an Issue, a low 
lambda (minimum transistor size) technology Is preferable. The device will be 
operated by a 1.3 V battery so a technology which has been characterized for 
this voltage should be used. Speed limit Is not a constraint since the digital part of 
the A/D will work at the sampling frequency. If an ASIC containing A/D and D/A 
converters and DSP core had to be integrated, the speed would become a 
ma|or factor as well. 

33 



chapter 3. Fundamentals of Low Power Design 

With the technology specifications In hand, the designer can now browse the 
available technologies and make his choice. Based ori a technology survey 
Issued In June 96 and considering the particular constraints of this work (mixed 
analog/digital design, Multiple Project Wafer, price etc.) the choice is limited to.... 
4 technologies I 

AMS 0,8 and 1.2 \xm CMOS mixed-mode technologies are characterized for 
2.2 to 5.5 V supply voltage. They have two poly layers to form the capacitors and 
two metal layers. Apparently some customers have performed characterization 
at lower supply voltages. Typical Vt are 0.85 and -0.75 for lhe NMOS and PMOS 
transistor In the 0.8 technology and 0.7 and -0.7 for the 1.2 ^m. 

EM Mlcroelectronlc-Marln SA ALPI and ALP2 um Low Voltage CMOS mixed-
mode technologies are characterized for a power supply as low as IV. They also 
provide two poly and two metal layers. Typical Vt are 0.6 and -0.67 for the NMOS 
and PMOS transistor In the 2 urn technology and 0.63 and -0.73 for the 1 urn, EKV 
simulation models are available for both technologies. 

Both foundries provide MPW (Multi Project Wafer) possibilities. For geographical 
reasons EM Microelectronic-Marin SA technologies were chosen. 

3.4 BATTERIES 

Progress in battery technology is tied to that In portable electronics. Devices 
with higher energy density, longer shelf life and freedom from leakage have thus 
been Investigated. However, the time scale for Improvement is long compared 
to the « doubling time • for microelectronics. Ultimate size and energy are limited 
by system chemistry, 

Energy and power per unit volume are usually the critical characteristics 
though the energy delivered by a specific battery depends upon the rate at 
which the power Is withdrawn 

Low power portable applications cover consumption ranges of a few micro 
watt for watches to 10-20 W by notebook computers. 

3.4.1 Primary cells 

The majority of standard size batteries (D, C, AA etc.) used worldwide are still 
zinc-carbon. They are cheap and well suited for most consumer applications. The 
performance of these batteries Is not likely to improve, Actually, as environmental 
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pressures force some of their components to be removed decreased 
performance can be expected, 

In Europe and America alkaline batteries are In fact more common than zinc-
air. The elimination of mercury has been a major step In their growing use and 
success among environmentally sensitive populations. A new manufacturing 
method allowed a 15-20% Increase In capacity In 97. Some minor changes 
might gain a few extra % but major Improvement Is not expected. 

Typical power densities are 150 mW/L for zlnc-alr and 250 mW/1 for alkaline 
batteries. 

Button cells have seen little performance changes. Table 3.2 [Powe95] gives 
the characteristics for 11.6 mm diameter by 5.4 mm high button cells realized In 
various systems. With the exception of zlnc-alr cells, all these systems will probably 
give way to lithium batteries. 

Zlnc-alr has the highest energy density of any commercialized system, 
provided the air access is limited to prevent leakage and/or short life, Densities up 
to Ì200 Wh/I are available In capacities from 50 to 6600 mAh, The main 
applications are hearing aids and pagers. 

System 
Zn-AIr 

Zn-HgO 
Zn-Ag20 
Zn-Mn02 

Operating Volt. 
1.3-1.2 

1.35 
1.55 
1.25 

Capacity imAhj 
550 

220-275 
175-190 

145 

Table 3.2 : Primary button cells 

Primary lithium cells are becoming common place as new consumer products 
are designed around them (3V operation). These celte have excellent 
characteristics namely high energy density, very good shelf and operating life. 
The most wldefy produced and used lithium battery Is the lithium-manganese 
dioxide system which provide capacities from 10 to 10000 mAh/ceil. It Is 
Interesting to note that these cells are exempt from environmental regulation but 
are considered hazardous material from the standpoint of flammablllty. 

3.4.2 Secondary cells 

This market Is experiencing a near 20% growth rate fueled by the explosion In 
cellular phones, portable computers, camcorders and entertainment devices 
which all require more power than can be provided by primaries. 
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Sealed lead acid cells offer 1 -2Ah In a size close fo a pack of chewing gum. 
Their main advantage Is low initial cost, low self discharge and good rate 
capability. 

The mainstay of small secondary batteries Is however the Nickel-Cadmium 
system. Major Improvements in energy density resulted In capacities of 800-850 
mAh for AA cells and devices with more then 1000 mAh should be available 
soon. Nl-Cd systems are capable of very high discharge rates and are tolerant to 
over charge and discharge which makes them easy to use. However they suffer 
from memory effect, Because of the cadmium, serious effort to collect and 
recycle used cells had to be undertaken. 

Nickel-Metal Hybrids were introduced In the 90¾ and are winning market share 
over Nl-Cd, They do not suffer from memory effect and since no cadmium is 
used, these cells are more "environment-friendly", Furthermore, the actual 
capacity Is already 1200 mAh (1600 mAh devices are foreseen) and the 
operating voltage Is Identical to that of Nl-Cd, 

Lithium Ion secondary batteries are used In camcorders, computers and 
cellular phones. They offer high energy density and since they operate at 3.6 V 
they can replace 3 Nl-Cd or NlMH, Since strict control of charge and discharge Is 
required both for safety and long life cycle, smart charge chips must be used. 
Energy density up to 360 Wh/i are projected. 

Other secondary cell types are Uthlum polymer Electrode, which only operate 
at high temperatures (>60 0C) and Zinc Manganese dioxide, which are low cost 
and low density and offer no real benefit compared to Nl-Cd and NIMH, Finally, 
secondary Zlnc-alr for portable computers have been announced, The energy 
density Is about the same as NIMH though their weight is much higher. Table 3.3 
(Powe95] gives nominal characteristics of AA size secondary batteries (C rate is a 
current equal In amperes to the nomfnal ampere-hour capacity of the battery). 

System 
Nl-Cd 
Nl-MH 
Li ion 

Volts 
1.2 
1,2 
3.6 

mAh 
1000 
1200 
500 

Rate 
1OC 
2C 
C 

Wh/i 
150 
175 
225 

Wh/kg 
60 
65 
90 

Cycles 
1000 
500 
1200 

Loss/mo 
15% 
20% 
8% 

Table 3.3 : Nominal characteristics of AA secondary cells 

Batteries and the environment is an area of much concern. Regulations differ 
from one country to another though, from an environmental point of view, all 
used batteries should be collected and recycled. Indeed, even mercury 
cadmium etc, free batteries contain lead and or other metals which cannot be 
eliminated easily [Dupg89]. All battery operated devices should thus ensure easy 
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removal and provide Information for proper disposal. Good collecting and 
recycling programs should also be set out. Unfortunately, this might only become 
feasible through economical pressures.... 
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3.6 ANNEX: LIST OF SYMBOLS 

ß: Defined as RW/L where ß,=>iCM 

Cd: Drain capacitor 

Cm\ Oxyde capacitor 

gm: Transconductance 

g0: Output conductance 

I00: Quiescent drain current 

K; Boltzmann constant(1.381 10MJ/K) 

L: Length of transistor 

\i\ Carriers mobility 

n: slope factor 

q: Elementary charge (1.602 10"C) 

SvIn: Noise spectral density 

T: Absolute temperature 

U1: Thermal voltage. Defined as KT/q 

V60^: Early voltage (artifact for output conductance) 

V0: Drain voltage referred to local substrate 

VG: Gate voltage referred to local substrate 

Vs: Source voltage referred to local substrate 

V0501: Saturation voltage (If V03 > V0J01 then strong Inversion) 

V1: Threshold voltage 

W: Width of transistor 
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4 Floating-point conversion 

This chapter gets Into the heart of the subject and explains, from a signal 
processing point of vtew, the effect of non-absolute conversion. The 
original feed back floating point approach developed by A. Schaub 
back In 1992 Is presented as well as Its limitations. The latter are 
overcome by the enhanced feed back floating point concept. 

Both feed forward and enhanced feed back conversion concepts are 
detailed. The enhanced feed back approach Is well suited for 
predictable Input signals wNle the feed forwards approach Is useful for 
random-type signals. Audio signals are fairly predictable (pitch, spectral 
density} and two adaptation "strategies" are proposed for enhanced 
feed back conversion: the first Is Inspired from JayanTs work on speech 
coding wNle the second Is based on results coming from recursive 
simulations using a pool of Input signals. 

Numerous Informal listening tests are performed to define targeted 
converters for audio applications. Once the system architecture for both 
enhanced feed back and feed forward converter Is established, 
simulations furnish the Ideal characteristics of both devices. 

Non audio signals are considered as well and the trade cffs between 
feed forward and enhanced conversion are explained. Finally, some 
design considerations conclude this chapter. 

As mentioned In the first two chapters, absolute and non-absolute converters 
con be distinguished. The latter present a auontlzatlon step that varies along the 
dynamic range, Normally, the step size Increases with the signal amplitude, 
however, this Increase can be linear, as In the Ideal relative non-absolute 
converter, or by step as In the floating point approach, or even by 'bursf (at 
certain amplitude only), as In the mixed RSD converter described in chapter 5. 
The benefit of non-absotute devices versus absolute ones Is that a reduced 
power consumption Is obtained. 

Whatever the particular Increase mode, the effect Is the same: In small 
amplitude signals the quantization Is fine while In larger amplitude the 
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quantization gets coarser and the small "details" are lost. Non-absolute devices 
are thus useful either In the case of non-absolute signals delivered by the sensor 
or In the case of digttal signal processing algorithm that are not sensitive to small 
amplitude variations occurring at high amplitude. 

Let us consider an analog signal composed of two sine waves. The first Is at low 
frequency and has a close to maximum dynamic range amplitude. The second 
has a higher frequency but Its amplitude Is much smaller, only a few minimum 
quantization steps. If the digital processing algorithm must extract the high 
frequency component of this signal, an absolute converter Is mandatory. Indeed, 
If a non-absolute device Is used, the Information about the high frequency 
component Is lost at large amplitude. On the other hand. If the processing 
algorithm Is Interested In the high frequency component only as long as Its 
amplitude Is bigger than a certain level below the slow varying signal, the non-
absolute device Is sufficient. 

Signal quantization results, in the frequency domain, In the adjunction of 
spectral lines at harmonic and non harmonie frequencies. These lines translate" 
the quantization noise and their amplitude Increases as the quantization get 
coarser. Hence, In the case of non-absolute converter, the spectral line 
"configuration" depends on the input signal amplitude level (since the 
quantization step depends on the signal amplitude). According to the 
subsequent algorithm this can be a major drawback. 

Assuming that a considered application tolerates a non-absolute converter, 
the best choice would be to use the relative precision device. As explained In 
chapter 2 (see 2.1.2), such a device Is not physically realizable. However, the 
Ideal relative precision characteristic can be approximated through a floating 
point approach. 

In floating point conversion, the Idea is to scale (exponent) the Input signal In 
such a way that It fits well Into the fixed conversion range of a coarse quantizer 
(mantissa). The floating point conversion Is so called because the Internal 
exponent/mantissa representation Is equivalent to a floating point représentation. 
However, the output of the quantizer is a fixed point format word resulting from 
tt)e combination of the mantissa and exponent value. 

Feed back and feed forward floating point conversion must be distinguished. 
In feed back adaptation (figure 4.1 ), the previous coarse quantizer output Is used 
to determine, via the adaptation logic, which scaling factor should be applied to 
the next Input sample. In other words, a « 1 sample prediction » Is achieved and 
the scaling set accordingly. On the other hand, feed forward adaptation (figure 
4.2) uses the Input sample, on which the scaling Is then applied, to evaluate the 
scaling factor. In both types, the coarse quantizer output Is fed to a « formatting » 
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back-end which reconstructs the "fixed polnf final word, taking into account the 
digital word and the gain which was applied. 

Analog 
Input 

Adaptation 
Logic Si 

I z 
: !colina Coarse M 

Quantizer 

Digital 
Output 

l!_Z^ Formatting \ 

Figure 4.1 : Feed-back floating point ADC 

Analog 
Input Scaling 

Evaluation 

3E 
Digital 
Output 

:icsllna Coarse ( _ \ | ^ f m a t t i n g | — \ 
Quantizer | v\ ^ ^ _ l — ^ j 

Figure 4.2 : Feed-forwards floating point ADC 

The primary goal of this research Is to develop floating point converters for 
audio applications. To cover sound signals ranging from quiet sleeping room to 
pneumatte hammer, a dynamic of 14 bits Is necessary. However, because of the 
masking effects occurring In the human ear a limited resolution Is tolerated. For 
such audio devices, the ultimate quality criteria is informal listening test. 

The first article about feed-back floating point converters was published In 1992 
by A. Schaub (Scha92]. As explained in section 4.1, his converter Is not suited for 
demanding audio applications. Nevertheless, the feed back principle Is 
Interesting and section 4.2 explains how it can be enhanced to meet the 
excellent perceived audio quality constraint. Section 4,3 deals with feed forward 
conversion while section 4.4 extends the discussion to look at other applications. 
Finally, section 4.5 considers Implementation perspectives and helps determine 
where the design effort is particularly Important. 

4.1 ORIGINAL FEED BACK FLAOTING POINT CONVERTER 

Arthur Schaub [Scha92] proposed d feed back floating point conversion 
concept back In 1992. His solution was aimed at speech coding and hence the 
perceived quality constraint was rather loose. 
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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 to format the output Into the 
fixed point word, 

5-blt 
control 

Adaptation A 
Logic |st] 

D-
o * 

0..MeAdB 6-blt (5+slgn) 
Quantizer 

5-bit 
Magnitude 

Figure 4.3 : A Schaub's floating point converter 

To look-up 
tables and 

shifter 

The analog microphone signal Is fed to a controlled amplifier that multiplies 
the analog signal according to Its gain setting. This programmable amplifier can 
have gain values ranging from O to 46.5 dB In steps of 1.5 dB, hence 32 different 
gain vales. The gain value Is set by the 5-blt control word which Is provided by the 
adaptation logic. The amplified signal Is applied to a 6-blt quantizer. The five bits 
representing the magnitude of the quantized sample serve as Input to the 
adaptation logic. The later determines, according to table 4.1, the gain 
Increment/decrement that must be applied to update the gain of the 
programmable amplifier. The 6-blt quantized output as well as the gain setting 
are loaded Into the back end which reconstructs the fixed point 14-bit. This Is 
performed by reference to look-up tables and subsequent shifting operations. 

Magnitude Codeword 
0..15 
16, 17 
18, 19 
20 ..23 
24 .. 27 
28,29 
30,31 

Gain Inc. I deer, [dBl 
+ 1.5 
-1.5 
-3 

-4.5 
-6 

-7.5 
-9 

Table 4.1 : Gain adaptation for 6-blt quantizer 

The adaptation table Is based on N. S. Jayanfs paper (Jaya73] on adaptive 
quantization of PCM signals. Basically, the problem assessed by Joyant Is 
Identical to that of the floating point conversion: based on a previous sample 
value and to scale the input signai so that It fits a coarse quantizers, the best 
multipliers must be found. Jayanfs multipliers are computed for quantizer of up to 
5 bfts and range from 0.85 to 2.6. Schaub used Jayanfs multipliers but restricted 
their values to powers of 2"* (corresponding to approximately 1.5 dB steps] and 
obtained table 4.1. Hence, when the magnitude of the coarse quantizer output Is 
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less than 15, the gain value of the controlled amplifier Is Increased by 1.5 dB and 
the new gain value Is used for the next sample. On hie other hand. If the 
magnitude of the coarse quantizer output Is more than 15, the gain value Es 
decremented according to the table. The higher the magnitude, the bigger the 
decrement. Conceptually, the adaptation scheme can be considered as a feed 
back loop whose purpose Is to bring back the amplified Input signal Into half the 
dynamic range of the coarse quantizer. 

Simulations using male and female speech as well as music have been 
performed and typical SNR values around 26 dB were obtained. Comparative 
listening tests revealed noticeable differences between original and processed 
signals. Although the quality Is sufficient for applications such as speech coding, 
A. Schaub's converter cannot be used In more demanding systems such as a 
portable speech processor. 

4.2 ENHANCED FEED-BACK FLOATING POINT CONVERTER 

A. Schaub's converter suffers from two critical problems : Its perceived quality Is 
Insufficient (4.1) and Its realization, In particular the 1.5 dB step gain and the look­
up table, Is not well suited to a low power Implementation (4.2.2). An enhanced 
feed-back floating point converter must thus be developed and the mentioned 
problems overcome [Grls95]. 

4.2.1 Improvement of perceived quality 

4.2.1.1 Finer quantizers 

improving the signal to quantization noise ratio seems straightforward. In a 
series of experiments the number of bits In the quantizer, qnd thus the adaptation 
table. Is Increased. Input files are full scale music as well as full scale and -30 dB 
male speech signals. The latter is most significant since in the foreseen 
application, normal speech level Is about 30 dB below the loudest signal 
considered (pneumatic hammer or discotheque). 

To evaluate the performance. Signal to Noise Ratio (S_SNR) and SEGmental 
S_SNR (SEG) values are computed according to equation 4.1 are used, x Is the 
original signal and y the converted one. SEG ts obtained by applying a regular 
S_SNR on N segments of 20 ms (stationary time frame for speech) and averaging 
the obtained values. As a result, small and large amplitude segments contribute 
In the same way to the final SEG value. On the other hand, In standard SJ3NR, 
large amplitudes mask smaller ones which barely Influence the final result. 
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SEG = VNf1S^SNR1 

(4.1) 

TaWe 4.2 shows S_SNR, SEG and the amount of overflow (when the adaptation 
falls to scale the Input signal within the coarse quantizer range). Informal listening 
results are Included as well, where N stands for Noisy, F for Fair and E for Excellent. 

bits 

6 

7 

8 
9 

10 

speech, -30 dB 

S_SNR 

27.4 N 

28.ÓN 

29 N 

29.1 N 

29.1 N 

SEG 

25.9 

30.5 

35.2 

39.2 

42.4 

Over. 

300 

321 

321 

321 

317 

speech, full scale 

S_SNR 

26.2 N 

27 N 

27 N 

27.1 N 

27.1 N 

SEG 

29.2 

32.2 

34.9 

37.1 

38.7 

Over. 

1439 

1484 

1497 

1504 

2420 

music, full scale 

S_SNR 

20.5 N 

20.7 N 

20.7 N 

20.8 N 

20,8 N 

SEG 

26.1 

28.1 

30.5 

32.6 

33.6 

Over. 

2030 

2078 

2111 

2117 

2123 

Table 4.2 : Increasing number of bits In A. Schaub's converter 

The results clearly show that the number of overflows is considerable and that, 
as the number of bit Increases, S_SNR values barely change. On the other hand, 
SEG values Increase In a more encouraging way. This can be explained as 
follows : as long as the amplified signal Is within the range of the quantizer, 
Improvement Is obtained by Increasing the number of bits (increasing SEG). 
However, when the maximum amplft jde of the quantizer Is exceeded, the 
additional bits fall to Improve the perception (more or less constant S_SNR). 
Although the number of bits has been Increased up to 10, all the processed 
signals are perceived as noisy (see table 4.2). 

4,2.1.2 The « reserve bit » converter 

It has been mentioned that In Schaub approach, the adaptation scheme can 
be considered as a feed back loop whose purpose Is to bring back the amplified 
Input signal Into half the dynamic range of the coarse quantizer. 

To reduce the overflow, the concept of a so called « reserve bit » is 
introduced. The Idea Is to modify the feed back loop so that Its purpose Is to bring 
back the amplified Input signal Into a quarter of the dynamic range of the 
coarse quantizer. In this way a larger margin to protect against overflow is 
Introduced. Hence, the resulting adaptation table for a 7-bft quantizer (6-blt 
magnitude, 1 sign-bit) Is almost Identical to table 4.1 ; the first 6 rows remain the 
same (I.e. for codewords of up to 29) while the last row reads a -9 dB for 
magnitude of 30 to 63. 

S_SNR = 20 Log 
IW* 

K*,-Y,r 
_ I 
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A new set of simulations, with t i e so called reserve-bit and with Increasing 
quantizer bits was performed. SNR, SEG and overflow values as well as 
comparative listening are given in table 4.3. 

bits 

7 

8 

9 

10 

speech, -30 dB 

S_SNR 

33.6 N 

38.5 F 

44.1 E 

48.4 E 

SEG 

27.5 

33.5 

39.6 

45.6 

Over. 

4 

4 

4 

4 

speech, full scale 

S_SNR 

33.2 N 

38.6N 

42,6 E 

44.6 E 

SEG 

32.8 

38.7 

44.3 

49.8 

Over. 

46 

52 
49 

54 

music, full scale 

S_SNR 

29.4 N 

30.6 N 

31,1 F 

31.3 E 

SEG 

30.8 

36.6 

41.6 

47.2 

Over. 

90 

89 

86 

86 

7ab/e 4.3 : Increasing quantizer bits with the reserve bit concept. 

Results show that the reserve bit Is very useful In limiting the number of 
overflows. Obviously the price paid Is a reduced resolution. Nevertheless, SEG 
comparison between table 4.2 and 4.3 Indicates that the reduction Is less then 6 
dB (1 bit). It should be noticed also that as the number of bit Increases, the SEG 
values of table 4.3 for -30 dB speech Increase by 6 dB. Excellent processed 
speech signals I.e. no audible difference from Input, are obtained using a 9 or 
more bit quantizer. 

The Improvement of the perceived quality can be Illustrated with figure 4.3. At 
the top, a speech segment of 1 second duration is shown. The middle graph 
shows S_SNR values computed on 20 ms segments In Schaub's converter and for 
Increasing number of bits In the quantizer (6 to 10). Clearly, in some portions (0.3s 
to 0.45s, 0.85s to 1 s), the number of bit Increase (and thus the precision) Improves 
the S_SNR values, However, In many other portions (0.2s, 0.55s etc.) overflows 
occurs and no Improvement can be seen. The third graph illustrâtes the case of 
the reserve bit converter with increasing number of quantizer's bit. The number of 
overflow is greatly reduced and explains the Improvement in the perceived 
quality. 

The sound quality In feed-back floating point conversion Is drastically improved 
by applying the reserve bit concept together with an increase of the coarse 
quantizer size to at least 9 bits. 
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Speech 

O 0.1 02 0.3 0.4 0.5 0.6 0.7 0.8 03 1 

Schaut/s converter 

0 0.1 02 0.3 0.4 0.5 0.6 0.7 OS 0.9 1 

"Reseve-bit" converter 

Figure 4.3 : S_SNR on 20 ms segments for A. Schaub (center) and reserved 
bit converters (bottom), with Increasing number of bits. 

4.2.2 Simplified Implementation 

In the former section, the problem of poor perceived quality was solved. 
Solutions to simplify the Implementation of the adaptation strategy must now be 
Investigated. 

To counteract the Input gain multiples of 1.5 dB, a time varying alignment of 
the quantizer codeword must be provided (formatting block In figure 4.1). Thus, 
multiplication with 2""4, 2 , f l and 2*4 are required along with shifting operations 
that compensate 6 dB steps. Integrating a digital multiplier Is however not well 
suited with micro power Implementation. A. Schaub proposed to use 3 look-up 
tables with pre-muttlplled codewords. In his design, look-up tables of size 64 were 
sufficient (6-blt quantizer). Since the size grows exponentially with the number of 
bits, this approach Is not suitable for quantizers with higher numbers of bits. 

4.2.2, 1.5 dB table with 6 dB accumulation : 

If the adaptation used coarser minimum steps of 6 dB, the multiplications 
could completely be avoided and a shifting operation would be sufficient for 
codeword alignment at the back end. 
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An elegant solution ^ to reach that goal Js*. to compute the 
Increment/decrement In Input gain In 1.5 dB steps as before (using the reserve bit 
concept) and to compute the accumulated gain. The Input amplifier Is then set 
to a "ó dB multiples floored" value of the accumulated gain. This Is Illustrated In 
table 4.4 which shows how the gain Increment and setting are performed for a 
given quantizer's output data stream. 

As sample #0 is converted, a default gain of 12 dB is applied. A gain is 
computed according to the modified version of table 4,1 (as explained In 
4.2.1.3). To set the following Input gain, the accumulated gain Is floored to a 6 dB 
multiples value. 

T 

0 
1 
2 
3 
4 
5 
6 
7 
6 

input gain 
[dB] 

12 
12 
12 
12 
18 
12 
18 
6 
0 

output of quantizer 

000110 
000010 
001000 
000111 
001000 
000010 
011100 
010100 

Again 
[dBl 

+ 1.5 
+ 1.5 
+ 1.5 
+ 1.5 
- 1.5 
+ 1.5 

- 9 
-4.5 

accumulated gain 
[dB] 

13.5 
15 

16.5 
18 

16.5 
18 
9 

4,5 

Table 4.4:0 dB accumulated values adaptation strategy 

Simulation showed that SEG and S_SNR values dropped by only 2 dB 
compdred to the case where the amplifier is actually changed In 1.5 dB steps. 
Results are shown In table 4.5. 

bits 
7 
8 
9 
10 

speech, -30 dB 
S SNR 
31 N 

37.1 N 
42.7 E 
47.2 E 

SEG 
27 
33 

38.9 
44.8 

Over. 
14 
10 
16 
18 

speech, full scale 
S SNR 
31.8N 
37.2 N 
41.4 F 
43.6 E 

SEG 
3Ì.1 
36.8 
42.2 
47.4 

Over. 
75 
86 
87 
88 

music, full scale 
S SNR 
28.6 N 
30.8 N 
31.5 N 
31.6 F 

SEG 
29.5 
35 
40 

44.6 

Over. 
152 
155 
161 
Ì54 

Table 4,5 : Results from using both the reserve bit and a« OdB accumulation » 
adaptation strategy. 

All the simulations results can be summarized In figure 4.4 where SEG values for 
-30 dB speech of table 4.2 (+), 4.3 (x) and 4.5 (o) as well as perceived quality are 
presented. Note that perceived quality and SEG (or S_SNR) are sometimes 
contradictory. The 10-blt quantizer that uses A. Schaub's adaptation (10_+) Is 
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perceived as noisy though has a higher SEG then the 9-blt « reserve bit » 
converter (9_x and 9_o). The latter, however, are perceived as excellent. 

46 

44 

42 

40 

38 

|36 

34 

32 

30 

28 

26 

+ N 

K N 

6 N 

+ N 

8 N 

E 
$ N 

E x 
E ° 
N + 

8 9 
number of quantizer bits 

10 

Figure 4,4 : SEG values for different adaptation strategies, 

By modifying the adaptation strategy, an Input controlled gain with gain values 
In 6 dB multiples, can thus be used. A question arises : which combination of 
maximum gain and quantizer size (number of bits) Is most suitable ? Further 
simulation results, with different combinations using male speech are given In 
table 4.5 and 4.6 

bits 

e 
9 

10 
11 

-30 dB male speech 

0-42 dB gain values 

SJNR 
31.2 F 

43 E 

48 E 

51.5 E 

SEG 
33.1 
39.1 

45 
51 

Over. 
7 

18 

29 

40 

0-36 dB gain values 

SJNR 
36.2 IsI 

42 E 

48.3 E 

52 E 

SEG 
30,5 
36.4 

42.4 
48.3 

Over, 
2 

4 

5 
7 

0-30 dB gain values 

SJNR 
32.9 N 

39.2 F 

45.2 E 

51.2E 

SEG 

26 
32.4 

38.3 
44.2 

Over. 

0 

0 

0 

0 

Table 4.5 : Gain and quantizer combinations wtth -30 dB male speech 

One sees that three solutions can be considered : 

a) 9-bit quantizer and 0 to 42 dB Input gain [•> 16 bits dynamic range) 

b) 9-blt quantizer and 0 to 36 dB Input gain (-> 15 bits dynamic range) 
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c) 10-bit quantizer and Oto 30 dB input gain (-> 15 bits dynamic range) 

full scale male speech 

bits 

6 
9 

10 

11 

0-42 dB gain values 

S_SNR 

38,4 N 

41.2 F 

42.3 E 

42.4 E 

SEG 

37.7 

43.1 

48 

52.3 

Over. 

168 
337 

520 

702 

0-36 dB gain values 

S_SNR 

38.4 N 

41.3 F 

42.4 E 

42.5 E 

SEG 

37,3 

43.3 

48,3 

53.1 

Over. 

153 
304 

466 

627 

0-30 dB gain values 

SJNR 

38.5 N 

41.4 F 

42.6 E 

42.5 E 

SEG 

37,5 

43,4 

48.2 

53.3 

Over. 

133 
266 

410 

555 

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

Numerous supplementary simulations involving different male and female 
speech signals have been performed. It Is interesting to note that sometimes, for 
a given configuration, processed mate speech files were judged excellent while 
some processed female ones were still only fair, This Is probably due to the pitch 
(and resulting masking partem) differences in male and female voices. 

Using a 9-bit quantizer seems more efficient from a power consumption point 
of view. The first solution for an audio feed-back floating point converter Is thus to 
use a 9-blt quantizer in combination with a 7 value controlled amplifier and an 
adaptation logic computed according to the reserve bit with 6 dB multiple gain 
accumulation strategy. A simple shifter provides the necessary formatting at the 
back end. 

4,2.2.2 6dB table 

Multipliers 
Ml to M4 

M5 
Mo 
M7 
M8 
M9 

MIO 
M i l 
M12 
M13 
MÌ4 
M15 
MÌ6 

4-bit 
0.8 
1.2 
1.6 
2,0 
2.4 
-
-
-
-
-
-
-
-

5-blt 
0.85 
0.85 
0,85 
0.65 
0.85 
1.2 
1.4 
1.6 
1.8 
2.0 
2.2 
2,4 
2,6 

4-bit exten. to 5-bit 
0,8 
0,8 
0.8 
0.8 
0.8 
1.2 
1.2 
1.6 
1.6 
2.0 
2,0 
2.4 
2.4 

Table 4.7 : Jayanfs optimal multipliers. 

55 



chapter 4. Floating-point conversion 

The adaptation table used by A. Schaub and later modified to Include the 
reserve btt and to fit finer quantizers Is Issued from N. S. Jayant work. 

In his work on adaptive quantization with one word memories, Jayant used 
speech signals sampled at 8 kHz. In order to find the best multipliers (gain 
Increment/decrement) he performed numerous simulations and table 4.7 shows 
the multipliers he obtained for 4 and 5 bit quantizers (first and second column). 
The last column results from extending the 4 bit multipliers to fit a 5-blt quantizer. 

In this application, a 9 (sign +8) bit quantizer and speech signal sampled at 16 
kHz are used. As shown In table 4.7, simply extending the coarse quantizer 
multiplier's value does not results In optimal values for finer devices. The question 
of whether the sampling frequency affects the table also arises. Furthermore, 
would Jayanfs table still be useful If signals different from speech were to be 
converted ? 

Because of these questions. It was decided to establish a new methodology to 
define the multiplier tables, The Idea Is to use a pool of Input signals possessing 
the same statistical characteristics of the ones to be converted, and to 
successively simulate different multiplier combinations. The combination resulting 
In the converted signal of « best quality » Is retained. 

- M J — 1 — ! — ! — 1 — ! — ! — 1 — ! — ! — I 
1 26 51 76 101 126 151 176 201 226 251 

magnitude of eotrsa quantizer output 

Figure 4.5 : Multipliers for a 9 bit quantizer (8-btt magnitude) 

For speech Input signals, three different tables have been computed with 
values restricted to 1.5, 3 and 6 dB multiples respectively. The above figure plots 
the new l .5 and 6 dB muttlpller tables obtained using a pool of female and male 
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speech files sampled at 16 kHz as well as the 1.5 dB reserve bit table proposed 

earlier, For more clarity, the new 3 dB table Is not shown. 

Figure 4.6 Illustrates a few steps of the procedure to obtain the 6 dB table for a 
8 bit auantlzer. First, the 256 muttipllers M are set to 1 (a). The upper half is then 
successively set to different values (up to Gn^J and the value Gl resulting In the 
best SEG (quality criteria) Is kept (b). The secona half Is then scrolled from G1 to 
G ^ and again the best one, G2. kept (c). The process goes on as Illustrated, by 
successively dividing the working Interval until each multiplier value has been set 
Individually. Table computations have been performed in Matlab and the 
program's flow diagram Is given in the annex at the end of this chapter. 

b) 

M1 

Gain dB] 

-G, 
-6 

r-6 
-12 

'Gmn 

M2 

a) Gain 

M1 

dB] 

•12 
•6 

- 6 M, 

-12 

-G1* 

Figure 4.6 : First steps of search of best multipliers combination for 8 bit 
quantizer 

Test signals have been converted. As in the former sectbn, 1.5 dB and 3 dB 
multiple step values are accumulated and changes brought to effect once 6 dB 
multiples are obtained. When the 6 dB table is used, no accumulation Is 
performed and changes occur at each Iteration. Compared to former SEG 
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results, the new 1.5 dB table provides slightly better values (« +2 dB) while tower 
ones (= -2 dB) are obtained with the 3 and 6 dB tables. These SEG differences are 
not significant and Informal listening tests showed no perceived difference I This Is 
a fundamental result since It Implies that the 6 dB table can be used achieving 
drastically simplified Implementation without loss of perceived quality I 

A second solution to convert audio signals Is thus proposed. It Is similar to the 
first one (end of 4.2.2.1 ) though the adaptation strategy Is much simplified. 

4.2.3 Ideal characteristics 

The previous sections defined two feed-back floating point converters well 
suited for audio applications which differ by their adaptation strategy. Both have 
a 9-blt quantizer, a 7 gain value (0 to 36 dB) controlled amplifier and a shifter at 
the back end. The first uses a 1.5 dB reserve bit adaptation with accumulation, 
where changes are brought to effect when multiples of 6 dB are obtained. The 
second directly uses a 6 dB table. 

Ideal transfer function as well as frequency response have been simulated for 
both converters. Results are very similar and only the ones obtained with the first 
solution (reserve bit and accumulation) are shown below. 

o 

-10 

-20 

^-30 
m 
S, 
ai-40 

f.-S0 

-«0 

-70 

-80 

-Ê0 É m M El 
1000 2000 3000 4000 5000 6000 7000 8000 

frequency [Hz] 

Figure 4,7 : Frequency response to a full scale 300 Hz sine wove. 

The frequency response to a full scale 300 Hz sinusoidal Input sampled at 16.4 
kHz is shown In figure 4.8. The spectral lines at 900, 1500, 2100, etc. Hz (even 
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harmonies) are particularly well marked. The following Ideal characteristics (see 
2.1.8 for definition) are obtained : 

THD=-61.1 dB 

PHD=-73.3 dB 

SNR=56.2 dB 

SINAD=55 dB 

Plotting the transfer and error function over the whole Input range does not 
properly Illustrate the floating point converter characteristics. Partial plots, which 
hove been zoomed are used. Small Input signals are used on the left side of 
figure 4.8. The highest gain is thus applied and the quantization error Js 2'6 I.e. Vi 
LSB of the maximum resolutton. On the right side, large signals are used, The 
applied gain Is 1 and the maximum error corresponds to 1/2 LSB of a 9-btt 
quantizer. 

2 3 
input signal [e-3] 

0.71 0.72 0.73 
input signal 

2 3 
input signal [e-3] 

0.71 0.72 0.73 
input signal 

Figure 4.8 : Ideal transfer function and quantization error. 

From now on, for the sake of simplicity, enhanced feed back conversion (or 
converters) will be referred as feed back. Enhanced will be added only when 
confusion with A, Schaub original concept can arise. 
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4.3 FEED FORWARD CONVERSION 

As mentioned at the beginning of the chapter, feed forward adaptation uses 
the Input sample, on which the scaling Is then applied, to evaluate the scaling 
factor, The main advantage of feed forward conversion Is that It can be applied 
to non predictable signals. One possible Implementation Is to use two coarse 
quantizers as shown In figure 4.9. 

Analog 
Input Coarse -K Adaptation 

Quant. #1 ~v Logic 

3k 
Digital 
Output 

CpntfQlted 
.Goff 

Coarse -N 
Quant. #2 ~~v 

Formatting 

Figure 4.9 : Feed forward floating point ADC Implementation 

In feed forward conversion, the gain value Is computed so that the amplified 
signal fits exactly the second coarse quantizer. Thus Its whole resolution Is used 
and no overflows occur. As a result, better SEG and S_SNR values are obtained. 
This means that the size of the second quantizer can be reduced and the 
number of gain values as well as the size of the first quantizer accordingly 
Increased (to keep the required dynamic range). 

Issuing conclusions about power consumption Is not straightforward. Power 
consumption In quantizer Is proportional to the square of the number of 
converted bits. Clearly, comparing n bits and m gain feed forward and feed 
back solutions results In considerable less power for the latter (one quantizer 
Instead of two). Nevertheless, as mentioned, feed forward uses smaller quantizers. 
Thus, In particular sftuatlons (see section 4.4), the feed forward Implementation 
can be more efficient from a power consumption point of view. 

4.3.1 Feed forward conversion for audio signals 

The feed back converter designed In the previous chapter required a 9-btt 
quantizer. The adaptation tried to fit the Input signal Into the seven LSB's while the 
two MSB's were provided to avoid overflows. In feed forward adaptation, a 7 bit 
quantizer should thus be sufficient. As shown in table 4.8, this Is true for full scale 
signals. One more bit is required to reach excellent quality with -30 dB speech 
signals. 
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bits In #2 
ó 
7 
8 
9 

, -3OdB 
SEG 
21.0 
26.9 
33.3 
39,9 

S SNR 
28.1 N 
43.0N 
40.3 E 
46.3 E 

,T--FuB scale 
SEG 
36.4 
42.3 
48.3 
54.0 

S SNR 
37.6 N 
43.6 E 
49.6 E 

55.57 E 

Table 4.8 : Feed forward measurements 

The feed forward converter for audio applications uses a 7-bit #1 quantizer, a 
7 value controlled gain and a 8-bit #2 quantizer, resulting In a dynamic range of 
14 bits. 

4.3.2 Ideal characteristics : 

The frequency response of the above converter to a full scale 300 Hz 
sinusoidal Input sampled at 16.4 kHz was simulated. 

0 

-10 

-20 

„-30 
CU 

0)-40 

U-öO 
E 
co 
-60 

1000 2000 3000 4000 5000 6000 7000 8000 
frequency [Ĥ  

flgure 4.10 : Frequency response to a full scale 300 Hz sine wave 

The following ideal characteristics were obtained : 

THD=-72,l dB 

PHD=-70.9 dB 

SNR=55.9dB 

SINAD=54.4dB 
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Compared to figure 4,7, the spectral distribution Is more uniform and no 
harmonics are clearly visible. As a result higher THD and PHD values are obtained. 
On the other hand, the mean magnitude of all the spectral lines but the 
fundamental are higher. This Is due to the 8-blt coarse quantizer (9-bit for the 
feed-back floating point solution) and results In lower SNR and SINAD values. 

Partial plots, which have been zoomed, of the transfer function for the audio 
feed forward converter are given In figure 4.11. For small signals (left), the error Is 
2 M while for bigger ones It Is a half LSB of a 8-blt quantizer. 

2 3 
input signal [e-3] 

2 3 
Input signal [e-3] 

0.7 0.71 0.72 0.73 
input signal 
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/ 

I 
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I 
0.7 0.71 0.72 0.73 

Input signal 

Figure 4.11 : Ideal transfer function and error 

4.4 FLOATING POINT CONVERSION FOR NON AUDIO SIGNALS 

The use of feed forward or feed back conversion entirely depends on the data 
to be converted. Indeed, since feed back conversion works by predicting the 
next Input sample, a certain « correlation » must exist between adjacent 
samples. More precisely, the difference between adjacent samples must be 
reasonably predictable. 

One Interesting measure Is to compute the probability that the difference 
between two samples falls within a given Interval. A combination of high 
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probability and small Interval Is desired for any signal to be feed-back converted. 
Such a measurement has been performed on various signals and results are 
given in table 4.9. 

type 
male speech 
classic music 

pop music 
pseudo-random 

180 Hz sine 

sampling frequency 
16KHz 
16 KHz 
16KHz 
16KHZ 

100 KHz 

difference Interval 
±1/64 
± 1/64 
±1/64 
±1/64 
± 1/100 

probability 
0,94 
0.5 
0,41 

0.035 
0.7 

Table 4.9 : Difference statistic for various signals 

These results can drastically change depending on the sampling frequency 
and/or difference Interval. The inter-sample statistic must thus be thoroughly 
investigated. 

type 

feed forward 

feed back 
Pl 

feed back 
Pl>p2 

quantizer #1 
IDIt] 

7 
15 
-

-

quantizer #2 
[bit] 
[MWl 

9 
24 
10 
30 
13 
50 

control, gain 
[# of gain] 

InW] 
7 

20 
7 

20 
7 

20 

total 
dissipation foW] 

59 

50 

70 

Table 4.10 : Estimated power consumption comparison 

There Is no clear limit on the minimum probability and maximum interval 
suitable for feed back conversion. It depends entirely on the application and Its 
« quqllty criteria ». Nevertheless, as the probability decreases and/or the Interval 
Increases, to ensure a minimum given quality, the size of the coarse quantizer 
must Increase. At a certain point, if will be more efficient, from a power 
consumption point of view, to use feed forward conversion. This Is shown In table 
4,10 for a hypothetical converter with a required resolution of 9 bits and a 
minimum dynamic range of 15 bits. First a feed forward solution is considered, A 
9-blt #2 quantizer and a 7 value controlled gain are used. A 7-blt quantizer #1 Is 
thus required. The second solution Is suited for slgnols with extremely good Inter-
sample correlation (pi) thus only 10 bits are sufficient for the coarse quantizer. In 
the third solution, a poor Inter-sample correlation is assumed (p2<<pl), thus a 
very large quantizer is required to compensate the mediocre "predicabllity". 
Power consumption are rough estimations. 
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Feed forward converter specification is simple : the size of the second 
quantizer Is defined by the desired resolution and the first quantizer, as well as the 
number of gain values In the controlled gain, Is then set to satisfy the dynamic 
range constraints. 

For feed back conversion the ma|or problem Is to elaborate an appropriate 
adaptation strategy. This Includes the adaptation table as well as the number of 
gain values in the controlled gain and number of bits In the coarse auantlzer. The 
methodology proposed In section 4.2.2.1 can be applied. The « better quality » 
criteria however must be redefined according to the considered application. 

From a theoretical point of view, the floating point conversion could be 
extended indefinitely. Implementation Issues, such as minimum noise level for a 
gtven technology, will however limit the maximum resolution, or for o given 
resolution, the maximum dynamic range. 

4.5 DESIGN CONSIDERATIONS 

The feed back floating point converter Is made of four modules : control logic, 
adaptation logic, coarse quantizer and controlled gain. The feed forward 
converter has an extra coarse quantizer. 

Since control and adaptation logic are Implemented In the digital domain, a 
perfect « translation » of the adaptation strategy can be obtained. The matter is 
different with the analog blocks. In particular, the controlled gain is critical to the 
overall performance of the system. If the gain values are not exact 6 dB multiples, 
reconstruction at the back end te disturbed. The shifter provides exact division by 
2, A1 8 etc. and distortions will occur. 

In the case of audio feed back converters, simulations of non-Ideal controlled 
amplifiers were performed. First, a linearity error was Introduced. In other words, all 
the gain values were uniformly multiplied by an error factor. The perceived quality 
was not degraded even with gain errors of up to 50%. However, the loudness 
perception was modified, A second set of simulations, with non-linear errors 
(some gain values are multiplied by the error factor while others are divided) was 
performed. A degradation of perceived quality could be heard for error factors 
higher then 2%. The frequency response as well as computed characteristics of 
such a non Ideal converter, with an error factor of i% are given In figure 4.12 and 
below. As expected, compared to the Ideal solution (section 4.2.3) a 
degradation of the characteristic Is obtained. 
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THD=-59.7dB 

PHD=-66.6dB 

SNR=55.9dB 

SINAD=54.4dB 
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Figure 4.12 : Frequency response of non Ideal feed back floating point 
converter 

4.6 CONVERTERS FOR AUDIO APPLICATIONS : SUMMARY 

In this chapter three floating point converters for audio applications have been 
defined, They all feature the same perceived quality. 

The overall performance of the converters Is gtven by two criticai elements : 
the coarse quantizers and the controlled amplifiers. The linearity error of the latter 
is not so significant, though the gain value dispersion Is critical and should be 
smaller then 1%. 

4.6.1 Feed back reserve-bit converter : 

This converter is based on the feed back conversion principle. It uses a 9-btt 
coarse quantizer and a 7 gain value controlled amplifier. The adaptation logic Is 
performed according to a modified 1.5 dB Increment / decrement step table 

05 



chapter A. FkxjttnQ'PoInt conrerston 

(providing margin against overflow). The gain settings are brought to effect only 
when they have accumulated to multiples of 6 dB. 

4.6.2 Feed back 6 dB converter : 

As In the previous converter a 9-btt coarse quantizer and a 7 gain value 
controlled amplifier are used. The feed back adaptation logic is based on a 6 dB 
Increment / decrement table obtained through simulations with a pool of Input 
signals. 

4.6.3 Feed forward converter : 

This converter Is based on the feed forward conversion principle. It uses an 8-blt 
coarse quantizer, a 7 gain value controlled amplifier and thus a 7-blt quantizer for 
the gain adaptation. 
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4.8 ANNEX 

Flow diagram of Matlab program for multipliers research (see section 4.2.2.2). 
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initialization, QIlM=I 

Bloc=' 

+ I= 1 ; bloc=2*bloc ; nbr=27bloc 

Mlnf=0.25*M(0) > MmIn 
I 

Msup=M(l+lJ 

r~ 

lbloc)=Mopt; SNRstart=SNR ; Mtest=Mlnf 
I * 

ï-l)*nbr+l + „.+l*nbr)=Mtest 
T 
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O M Micro power RSD converters 

The Redundant Signed Digit (RSDJ non-absolute linear converter has been 

developed by Alexandre Heubt from IMT, A close look to the quantization 

steps along the dynamic range shows that this converter features a 

mixed characteristic. Indeed, the characteristic /s absolute except at 

certain Input levels where a « burst » occurs and the quantization step 

gets bigger. 

This converter Is extremely well suited to audio applications : It has a 

small size and features an ultra low power consumption, It Is thus a 

perfect for comparison with the floating point devices. 

For dynamic ranges smaller or equal to 10 bits, the A. Heubl converter 

actually features an absolute characteristic. The concept can thus be 

used to Implement the coarse quantizers) In the floating point 

realizations defined In the previous chapter. 

The mixed RSD converter presents the advantage that It can be digitally 

corrected to result In absolute devices. In connection with this PhD, the 

design. Implementation and test of a 14-btt absolute RSD converter was 

thus performed. Compared to the non-absolute device, the absolute 

converter features a bigger die size (because of the correction 

algorithm), however, by optimizing the digital supply voltage, the power 

consumption Is kept low, 

The 14-bit absolute RSD converter Is useful to draw conclusions about 

extended (higher dynamic range and/or resolution) floating point 

realizations as discussed at the end of chapter 6. 
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The finesse of the converter Implemented by A, Heubl, which results In micro 
power consumption, is covered by the patent entflied "Dispositif de traitement 
numérique d'un signal analogique devant être restitue sous forme analogique", 
registered at the "Institut National de la Propriété Industrielle" (Parts, France) with 
number 95 10 174 and dated 29 August 1995. The patent belongs to the 
University of Neuchatel. 

No electrical schemes are discussed here, however, the RSD algorithm Is 
described and A. Heubl Implementation results presented. The interested reader 
might want to consult [Heub96] 

Section 5.1 deals with the mixed RSD converter while section 5.2 presents its 
14-bit absolute version. 

5.1 A. HEUBI1S CONVERTER [HEUB96] 

As explained In 2.2.5, conventional cyclic converters require extremely precise 
comparators (inaccuracy smaller then a half LSB). This Is to ensure that the analog 
Input Is coded Into the correct digital word. If the comparator is not precise 
enough, the comparison result Is wrong and all the subsequent bits are erroneous 
as well. 

Ginettl [Gln88] proposed to use the Redundant Signed Digit (RSD) cyclic 
successive approximation algorithm shown In figure 5.1. In this case, the 
Intermediate voltage Vx Is not compared to 0 but to both a negative (-Vth) and 
positive (Vth) threshold value. Three situations can occur: the Intermediate voltage 
Is either smaller than -Vth (right branch), bigger than Vth (left branch) or between 
-Vth and Vth (middle), tn all three branches, to obtain the next Intermediate 
voltage, the previous value Is first doubled. Then, In the external branches, the 
reference voltage Is either added or subtracted. This Is to ensure that the resulting 
new intermediate voltage value remains within the ±Vref range. Note that the bits 
are set to either 0,1 or -1 , hence a « ternary » representation. 

To reconstruct the decimal value from the ternary RSD word, each weight (2°, 
2"\ 2s, etc.) is multiplied by the bit value and summed. Because a bit can be 
negative, a single decimal value can be expressed by various RSD words. For 
example, an analog Input value of 0.265625 can be digitally encoded by [0 1 0 
0 0 1) or [1 -1 0 0 0 1] or [0 1 0 0 1 -1] etc.. Hence, even if a comparison error 
occurs and a bit Is wrongly set, the following bits can "compensate" the error and 
the digital word still be correct. The design constraints on the comparators are 
thus drastically simplified and Inaccuracies of up to half V16, ore tolerated, 
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regardless of the number of bits. As a result, non active architectures can be 
used which cleaily benefits the power consumption balancé. 

' 1 

VyVth ^ ^ Vi(j <-VIh 

Vx1+1 =2Vx,+Vref 

H + l 

i&n ^x - 4 V. j < n 

Figure 5.1 : Cyclic RSD conversion algorithm [Gln92} 

Alexandre Heubl proposed a very efficient switched capacitor implementation 
of the above algorithm. The Input signal is sampled at the beginning of the 
conversion cycle and thus no sample & hold Is required. The large tolerance 
comparators are realized by simple strobed cross-coupled inverters. The RSD 
output is converted Into a two's complement representation. The proposed 
schematic requires one active element only and 3 identical capacitors, Its 
advantages are : 

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

- switch charge Injection has the same effect as above. 

- active element saturation causes digital saturation (no distortion for low level 
Input signals). 

5.1.1 Mixed linear characteristic 

In fact, because of technological limitations, the proposed implementation 
does not perfectly translate the algorithm of figure 5.1: because of capacitor 
mismatch the doubling as well as the voltage reference (Vref) 
addition/subtraction Is not perfect. This Is worsened by the fact that the active 
element only features a limited DC gain. As a result, the converter presents a 
non-absolute characteristic. 

P 1 = I , 
Vx,+1=2Vx,-Vref 
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Static measurements have never been performed, however A. Heubl was able 
to determine that at some particular Input amplitude only, the quantization error 
was more than a half LSB. One can thus classify this converter In the mixed linear 
category. 

It should be stressed that this mixed behavior only appears In devices featuring 
more than 10-blt dynamic range. Indeed for a given supply voltage, the LSB level 
Is much higher In a lO-btt device than In a 14-blt one and hence bigger errors 
(due to non Ideal doubling, voltage reference source, voltage reference 
addition/subtraction etc.) can be tolerated without affecting any of the converter 
bits. This means that the schematic proposed by A. Heubl can be reused for the 
9 bit coarse quantizer of the floating point converter defined In the previous 
chapter. A redesign Is nevertheless mandatory to optimize the capacitor sizes as 
well as the transistors and current source to ensure minimal power consumption, 

5.1.2 Implementation and test 

The circuit was Implemented by A. Heubl (n the ALP2 LV double metal, double 
poly, 2 ym CMOS technology from EM Microelectronic Marin SA In Switzerland. 
The analog part Is full custom layout while the digital part Is realized using 
CSELJJB, a low power standard cell library developed at CSEM SA, Neuchâtel, 
Switzerland. Additional components, In particular a D/A with the same relative 
precision as the A/D and a track and hold, have been added to the test circuit. 
Two signals namety « ck » and « sync » are used to control the sampling 
frequency and the number of bits as shown In figure 5.2. This circuit Is thoroughly 
presented In [Heu96]. 

MSB first to 
LSB first 

Août 

* Sout 

Figure 5.2 : Block diagram of A. Heubl's chip.} 

The whole circuit has an area of 4 mm2 (Including pads) and a core of about 
0.6 mm2. The analog part of the A/D (top left of figure 5.3) Is only 0,06 mm2 

including the polarization clrcutt. The top part Is the A/D, D/A and Track & Hold. 
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TTie veiy dense part, In the lower section of the chip, groups the digital functions 

Figure 5.3 : Layout of A. Heubl's converter 

The circuit has been tested on a PC based environment equipped with a data 
acquisition card from National Instruments (AT-MIO-16E-1) driven with the LabVIEW 
software. The measured power consumption at ± 1.2 V power supply and 16 kHz 
sampling frequency was: 

13 /JA for the A/D converter (31 ^W) 

32 /JA for the D/A converter and the track & hold circuit (75 /JW) 

7 ,uA for the logic part (17 ^W] 

ì 25 jiW total power dissipation 

< 1 /jA In stand-by mode 

The frequency response to a -25 dB below full scale ì kHz sinusoidal input 
sampled at 16 kHz and with ± 1.2 V power supply is shown in figure 5,4. A DC 
component Es clearly visible as well as a few harmonics. 
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Figure 5.4 : Frequency response of A. Heubrs converter 

The measurements of the Total Harmonic Distortion (THD) as well as THD + noise 
which Is equivalent In magnitude to the dynamic SNR (see equations 2.1 and 2.2, 
section 2.1.5) Is particularly Interesting, Figure 5.5 show the THD (lower) and 
THD+nolse (higher) values for Input 1 kHz sine waves with amplitude of 0 to -80 dB 
below full scale, hence covering the most of the Idea! dynamic range The curves 
feature a unfty slope up to about -30/-25 dB. This means that the converter 
features an absolute behavior over approximately 60 dB of dynamic range. A 
saturation at about 60 dB SNR occurs for larger Input levels and the behavior 
moves to a non-absolute characteristic. 
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Figure 5.5 : THD and THD+nolse versus Input signal level 

Noise floor measurements have also been performed. They showed that a 
dynamic range of 82.5 dB (13.75 bits) Is reached at ± 1.25 V while 86.1 dB (14.35 
bits) can be obtained at ±2.25 V. 
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5.2 14-BIT ABSOLUTE RSD CONVERTER t l , 

As mentioned In the previous section A. Heubfs converter presents a non-
absolute characteristic due to technology sensitivity, In fact, the « real » (or 
Implemented) algorithm can be expressed as In figure 5.6. Compared to figure 
5,1, the perfect doubling Is replaced by 2+e, where £ expresses the error coming 
both from capacitor matching and finite amplifier gain, The addition/subtraction 
of the reference voltage now becomes ±(l+ß)V"ref and again ß expresses the 
error coming both from capacitor matching and finite amplifier gain. Figure 5.6 
assumes thaï the reference voltage Is stable (precision greater then that of the 
converter). If It wasn't the case, the left and right branch should be modified to 
show ±(1 +ß)(Vref+S). Finally, an offset voltage $ Is added to the Input. 

VXo=<J)+Vln I = O 

VxpA/th 

b ( = l , 
Vxl+)=(2+e)Vx.-

(1 +ß)Vref 
1 

Vx,<-Vth 

b, = a 
Vx.+1=(2+e)Vx. 

b | = - i , 
Vx4+1 =(2+E)Vx1+ 

(1 +ß)Vref 
• 

1=1+1 

I a n < n 

Figure 5.6 : Implemented cyclic RSD algorithm 

From Figure 5.6, one sees that the doubling error affects oil three branches, 
while the addition/subtraction of the reference voltage affects only the external 
one. This means that If the Input value is such that the algorithm spends most of 
the time In the middle branch, the addition/subtraction will only slightly affect the 
results. On the contraiv, If most of the time Is spent in the external branches, this 
error really becomes significant. 

According to figure 5.6, to compute the correct digital output magnitude 
equation 5.1 must be used: 

D/G_ouf = 0+ß)-£b,(2 + er' 
5.1 
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Indeed, because of the non Ideal doubling factor, each bit computed by the 
Implemented RSD algorithm has a real weight of (2+e)"1 [Glne88]. In the Ideal 
case, this weight would be 2A and a « base translation » has occurred. On the 
other hand, the addition/subtraction error results In a (1 +p) scaling of the bits. 

Since E Is fairly small (<0,4 %], (2+e)"1 can be expressed by the two first terms of 
its Taylor development, as In equation 5.2. 

(2+E)-' = 2"' + 
/ -£ 

5,2 

Thus: 

(2 + E)°=l 

(2+e)_ ,=T/2-Ê/4 

(2 + e ) - 2 = l / 4 -2E /8 = l / 2 - ( l / 2 - e / 4 ) - e / 8 
5.3 

(2+e)-' = 
(2 + E) -[/-H £ 

From equations 5.1 and 5.3, doubling and addition/subtraction errors are 
corrected by the algorithm of figure 5.7 where b, are the bits computed by the 
non absolute RDS converter (A. Heubl converter), Register # 1 Is Initialized (at each 
conversion beginning) at 1 +ß and register #2 at e/2. If necessary, register #3 can 
be Initialized at the proper value to ensure offset compensation. The algorithm 
directly performs the RSD (ternary) to two's complement transformation. 

Corrected 
output 

Figure 5.7 : Correction algorithm 
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Using ß and e values of 0.4 % (maximum mismatch for ALPI or ALP2), 
simulatfon showed that a 17 bit decimal datapath is necessary and results In an 
average absolute error of 0.4 LSB. The maximum error is 1 LSB with a probability of 
0.05%. 

The major remaining problem is to properly measure e, ß and $ values. 
Assuming these values are available, the algorithm of figure 5.7 successfully 
transforms the mixed linear RSD converter Into an absolute device. 

5.2.1 Implementation 

Before starting the design process, the calibration strategy must be defined. 
One solution Is to measure e, ß and <|) during foundry test and store the values in a 
non volatile memory. It is nevertheless simpler to perform the calibration at each 
power up and to locally store the measured values on the device (5,2.1.1). 

The converter has been designed in ALPI, the low voltage, 1^m, 2 poly, 2 
metal CMOS technology from EM Microelectronlc-Marln SA, 

5.2.1.1 Analog design : 

The analog port of the absolute RSD converter Is very similar to that of the 
mixed one. 

Lee In [Lee93] explains how the e, ß and <> values can be measured. Basically, 
three supplementary switches and a slightly modified switching control are 
regulred In the calibration phase. 

The targeted performances were 14 bits at ± 1,25 V and 16 kHz and analog 
design was done accordingly. However, a final post layout simulation showed 
that at this supply voltage a dynamic range of only 13 bits Is obtained. This Is due 
to the OTA Internal noise which is a little higher than In the first transistor level 
simulation. However, at ± 1.5V, according to the post layout simulation, the 
dynamic reaches 14 bits and the power consumption Increases from 36.5 ^W to 
51 jiW. 

5,2,1,2 Digital design 

The digital design Includes 3 main modules (figure 5.8) : 

- correction algorithm and the Initialization registers (CORR) 

- digital and analog control (AH_CONT, A_TO_L, CORR_CONT) 

77 



chapter 5. Micro power RSD corwerters 

- output Interface (OUTPUT] 

Sync 
CJt 

CORR CONT 
# 

CORR ft 
Output settings 

OUTPUT 

AH CONT 
— I tt A TO L - \ Analog 

part 

Figure 5.8 : block diagram of linear RSD converter 

qigttal serial 
output 

Regarding the correction algorithm (equation 5,3}, VHDL cade was written, 
simulated and synthesized within COMPASS. To optimize the area and power 
consumption, each register's size was minimized and subsequent sign extension 
used whenever possible. The main components are 6 registers (2 x 20 bits, 2x12 
btrs and 2x19 bits), 3 multiplexers and some gates. 

The control module Is made of two main blocks : the first, A_TO_L, uses the 
control signals generated by A. Heubl, AH-CONT, for his mixed converter and 
modifies them to allow proper measurement of e, ß and ¢, It Is made of a 3-bit 
counter, 2 D flip-flops and several gates. The second, CORR_CONT generates the 
correction algorithm control signals (to store/load e, ß and ¢, clock the registers, 
etc.). 

The output block allows the users to chose between a serial LSB first or MSB first 
output. Furthermore, to be compatible with commercial DSP processors, the 
number of output bits can be set to 8,12, 14 or 16. This function must be used In 
combination with the < ck » and « sync » signals. It must be stressed that when the 
output Is 16 bits, the converter actually produces 14 true bits and two noisy ones 
(LSB and LSB-I). 

A level shifter between the analog and digital parts made It possible to run the 
digital part with half the supply voltage. The simulated power consumption, for 
the digital part, Is thus 8.5 ^W at 1.25 V. 

5,2,1,3 Fingi layout ; 

The final chip layout is given in figure 5.°. The die size is 1.03 by 1.14 mm (l .29 
by 1.45 with pads). The expected total power consumption at 16 kHz Is 45 ^W at ± 
1,2 V for o 13bltsdynamlcand64uWat±1.5Vfora 14 bits dynamic. 
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Figure 5.9 : Layout of 14-bit absolute RSD converter 

5.2.2 Test 

As explained later In 7.1, the measurement of a 14 bits resolution device Is 
difficult because of the environmental noise. Furthermore, the supply voltage, 
which Is also used as reference voltage, Is only accurate to 12 bits. This will limit 
the measured performances. 

Power consumption measurements are given in table 5.1 and are in 
agreement with the predictions. These somehow <= strange » sampling 
frequencies result from the pattern generator used to obtain the sync and ck 
signals. 

Sampling frequency 

8,9 kHz 
17.8 kHz 

Power consumption [pW] 
at± 1.25 V a t± l .5V 

26.1 
47.5 

36.75 
65.4 

Table 5.1: Measured power consumption 

A second set of tests showed that the Internal reset of the converter capacitors 
(performed at the beginning of each conversion cycle) Is a little short to allow full 
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discharge at 16 kHz sampling frequency. As a result all the following 
measurements will be performed at a lower sampling frequency. This reset 
problem will be easily corrected In a future redesign by modifying the control 
signals and will Imply no power consumption or die area Increase. 

The noise floor is given In figure 5,10 for supply voltage of ± I V t o t 1.53 V. 

* * 1 

• 

15 1 

• 

• 

I5 1.S MS 1 

• • • 

" • . 

15 1. 

* • • 

supply vottnge [v] 

Figure 5.10: Noise floor measurement 

The noise floor value at ± 1.25 V shows a dynamic of 12.9 bits. At ± l .5 V, only 
13.2 dB are reached. These values are sllghtty lower then the prediction of section 
4.3 (based on post-layout simulations) and are certainly due to the reference 
voltage inaccuracy as well as other environmental perturbations (measurement 
probes, analog/digital coupling etc.). 

The transfer function of the converter was measured and the Step Over Range 
(SOR) Is plotted In figure 5.11 where the values are given In LSB's. For each Input 
value several conversions were performed. The SOR values are not Integers since 
they are computed using the average output. Because of the environmental 
noise, SOR of about ±1 LSB can be considered as within the measurement error. 
However, one sees that for high Input levels the SOR values can get as high, In 
magnitude, as 4. This means that a perfect linearity of 13 bits Is not reached. This 
Is due to the Imprecise reference voltage. The higher the Input level, the sooner a 
reference addition/subtraction must take place. An error occurring during this 
operation Is then multiplied In all the successive tteratlons. 

From the above test results one can conclude that the power consumption 
estimations have been confirmed by chip measurements. The dynamic range 
could not be satisfactorily tested because of environmental noise. However, it 
was possible to bring to llghf that the calibration phase must be Improved fn order 
to ensure an absolute characteristic over 14 bits. 
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Figure 5.11: SOR characteristic 

In spite of a few youthful Indiscretions that could be easily corrected, the 
presented ADC remains a valuable contribution to the development of ultra low 
power devices to be used In battery operated and portable applications. 

5.3 REFERENCES 

[Gris97] L. Grtsonl, A, Heubl, P. Balslger and F. Pellandlnl, « Micro Power 14-
bit ADC: 45MW at ±i.3V and 16 ksamples/s », Proceedings of 
ISIC'97,10-12 September 1997, Singapore. 

[Heub96] A. Heubl, P. Balslger and F. Pellandini, « Micro Power 13 bits Cyclic 
RSD A/D Converter-, ISLPED'96, Aug. 12-14 1996, Monterey CA, 
USA, pp 253-257 

[Gfts96_2] L. Grtsonl, A. Heubl, P. Balsiger and F. Pellandlnl, « Micro Power 14-
blt RSD A/D Converter », ICSPAT96, Oct. 8-10 1996, Boston MA1 USA, 
pp 510-514. 

[Gln92] 8. Glnetti, P. Jespers, and A. Vandemeutebroecke, « A CMOS 13-blt 
Cyclic A/D Converter », IEEE Journal of Solld-State Circuits, vol, 27, 
No 7, July 1992, pp. 957-965 

[Lee93j Hae-Seung Lee, « A 12 Bit 600kS/s Digitally Self-Calibrated Pipeline 
Algorithmic ADC », 1993 Symposium on VLSI Circuits, Kyoto, May 
19-21, 1993 

31 



chapter 5. Micro power RSD converters 

[Gln88] B. Glnetti, A. Vandemeulebroecke, and P. Jespers, « RSD Cyclic 
Analog-to-Dlgltal Converter» , Symp. VLSI Circuits Dig. Tech. 
Papers, 1988, pp. 125-126 

82 



chapter 6. Design of Floating Point AJD Converters 

6. Design of floating point 
analog to digital converters 

This chapter describes the design and Implementation, In a low voltage 2 

\im CMOS technology, of floating point linear AID converters for audio 

signals. Each constituent block I.e. controlled gain, coarse quantizer, 

adaptation logic and control logic, are considered separately. 

The advantage and disadvantage of various electrical schemes for the 

controlled gain are studied. A simple Inverting amplifier, which Insures the 

required performance while teep/ng the power consumption tow, is 

chosen and the transistor sizing thoroughly explained. 

The coarse quantizer Is a 9-btt absolute version of Alexandre Heubl 

device !hough Its design Is not given. 

The Implementation of the adaptation logic Is relatively simple: the 

adaptation behavior Is first described In VHDL code, then compiled and 

syntheslsed using a standard cell library from CSEM. 

Finally, the control logic Is simply described by a block diagram that Is 

complied and synthesized. 

Based on the above designs, chip estimations for both the feed back 

and feed forward audio AjD converter are presented. The discussion /s 

also extended to converters featuring higher dynamic range and 

resolution. 

To verify the predictions of chapter 4 and complete the study of floating point 
converters, hardware Implementations were performed. 

The feed back reserve bit converter (4,5.1) was Implemented In ALP2LV (low 
voltage 2nm technology from EM Mlcroelectronlc-Marln SA). The Integrated 
version is enhanced with special features to facilitate test and to allow adaptation 
modifications. Hence, to obtain a feed back 6 dB converter, the adaptation 
logic Is simply switched off and an FPGA programmed with the 6 dB table Is 
connected. No feed forward realization was performed. Nevertheless, the results 
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obtained from the feed back Implementation allow a good estimation of power 
consumption and chip size. 

This chapter Is organized as follows. Section 6.1 Introduces the design 
methodology. The design of the tour basic modules (I.e. controlled amplifier, 
coarse quantizer, adaptation logic, analog and digital control) for the reserve btt 
converter Is detailed In sections 6.2 to 6.5 and the resulting chip presented In 6.6. 
Realization of the 6 dB adaptation logic Is explained In section 6,7 while feed 
forward chip size and power consumption are estimated In 6.8. Finally, 6.9 
discusses the problems and solutions for the design of a maximum dynamic 
range device, which could be used for non-audio applications. 

6.1 DESIGN METHODOLOGY 

At IMT, mixed-mode ASICs are designed using the below methodology: 

Analog function 

Pen and paper 
study (scheme, 

MOS size...) 

Simulation 
(ELDO from 
ANACAD) 

Dlgttal function 

VHDL capture 

Synthesis 
(Standard cells 

based, COMPASS) 

Schematic capture 
(Stan. Celts, COMPASS) 

Interconnection, pads 
settings... (COMPASS) 

I Final layout (floor plan, 
routing, ,..COMPASS) 

To foundry 

Figure 6.1: Design methodology 
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The analog blocks or functions are first described with equations whose 
solutions give the various transistors sizes. The functions are then simulated using a 
SPtCE type simulator named ELDO from ANACAD. As mentioned, these 
simulations Imperatively require accurate models such as EKV ones. Once 
satisfactory schematics are obtained, hand layout (COMPASS) can take place. 
Netilsts are extracted and a last SPICE simulation ensures that the analog 
functions (or blocks) are ready. 

The digital functions are either described in VHDL and complied (COMPASS) 
using a standard cells library (lyplcally CSELUB) or directly captured In a block 
diagram (COMPASS) of standard gates and basic blocks. Proper behavior is 
verified through simulation. 

The digital and analog blocks are then Interconnected, floor plan established, 
pads defined, etc. to result In the final layout. Normally at this point, a final mixed 
mode simulation should take place. Unfortunately, this is not possible with iMT's 
present Infrastructure and consequently the chip cannot be thoroughly verified. 

As far as the FPGA is concerned, a VHDL description was first performed. 
Simulation and synthesis took place within SYNOPSYS and this produced a netllst. 
The latter was fed to dedicated software, which implements the digital function 
on a targeted FPGA. 

6.2 CONTROLLED AMPLIFIER 

To obtain the design constraints for the controlled amplifier, the following 
aspects must be considered, 

I) Gain values : as explained in chapter 4, the controlled amplifier must provide 
a selectable amplification factor of 1, 2, 4, 8, lo, 32,64. 

Ii) Input noise level ; the input noise level must ensure that for any gain value, 
the output noise level Is sufficiently small. A value of one half LSB is 
targeted. 

noises m,=VM- 0,5 • 2"8 noise* mx = nolse^, m, /64 
(6.1) 

liil Scheduling : depending on the chosen method (with or without pre­
sampling), the time frame to perform the amplification Is 1/16000 or 
5/(16000*2*8) (see section 6.2.5 and figure 6.14). 

85 



chapter 6. Design o/ Floating, Point AID converters 

Ivi Power supply and dynamic range : typical supply voltage Is ±1.3 V. Input 
signals hove a dynamic range close to rall-to-rali and a similar 
characteristic Is desired for the output signals. 

The various considered schemes can be classified In 3 main categories : 
capacitor network, switched capacitor and Integrating. Their respective 
advantages and disadvantages are discussed, taking Into account some Intrinsic 
limitations. 

6.2.1 Limitations 

All the presented analog schemes are made of OTAs, capacitors and switches 
which all Introduce some limitations 

out 

r Figure 6.2: Inverting scheme 

Let us consider a simple Inverting scheme with feed back Impedance Zn, and 
another Impedance connected to the Inverting OTA Input Z^ In the Ideal case, 
the OTA Is assumed to have an Infinite gain and the transfer function Is given by 
equation 6.2.a. However, when a finite gain A is considered, the function 
becomes 6.2.b. An error is thus introduced and one should make sure Its effect 
does not Impair the final desired results. 

<* out/m=-zjzK a 0 U f / , n = _ z ^ . _ _ L _ _ ^ 

Because of the way they are Implemented (deal capacitors are always 
surrounded by parasitic capacitors. An extremely simplified view of a polyl -pory2 
capacitor Is given In figure 6.3. As Illustrated, the Ideal capacitor Is defined by the 
two poly electrodes while polyl to substrate and poly2 to substrate form the 
parasitic ones. Cpl and Cp3 are about one twentieth of C0. 

As far as switches are concerned, one must be careful that the "on" resistance 
(Ron) and clock feed through (see 3.2.3) do not causes undesirable effects. 
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Figure 6.3: Simplified view of poy-po/y capacitor 

For each proposed scheme, the effects of finite gain, parasitic capacitors and 
Ron will be evaluated. The clock feed through effect as well as other non Ideal 
behavior will only be discussed for the Implemented solution. 

6.2.2 Capacitors network schemes 

6.2.2.1 Parallel capacitors I 

This scheme is one of the simplest. It consists of a simple inverting amplifier 
scheme where the total amplification Is set by properly switching S1 to S7. The S13 

switch Is used to reset the system. Such a structure uses a single active element, 
which Is clearly a benefit from a power consumption point of view. 

Sn 

in 
out 

Figure 6.4: Inserting amplifier wlfh parallel capacitors network 

The particular switch configuration of figure 6.4 results In amplification by 2. To 
obtain a unity gain, all the feed back capacitors must be used In parallel. 
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The effect of limited OTA gain Is not dramatic. Indeed, with a finite gain of óO 
dB, equation 6.2.b for amplification (out/in) smaller of equal to 64 results In a 
close to linear characteristic with a 93.8% slope. The limited gain thus produces a 
linearity error of 6.2%. As explained In section 4.4, this Is tolerable for the audio 
converters. 

Let us consider that all the switches have the same size. The effect of the on 
resistances R0n, Is to slightly modify the transfer function as In equation 6,3, where 
the OTA gain is idedl (Infinite). The worst case is when v=8000 (input signal highest 
frequency) and to be disregarded, R0n, must be definitely smaller than 6x106. 

out 2/(.C}-2nv) + Rc 

In ~ \/(C,-2K-V)+R0 

2/(C, .¾-¾) 

1/CQ-27I.V) 
= 2 

(6.3) 

A modified scheme, Including the parasitic capacitors. Is given In figure 6.5. In 
the Ideal case (Infinite gain, no OTA offset), the transfer function Is not modified 
and Is still two, Nevertheless, C04 dnd Cp, are extra loads, which slow down the 
charge on C, and C,/2. 

C/2 

In 
C1 

'oU_ 

out 

C0TJ C02-J _ p 
Figure 6.5: Parasitic capacitors In Inverting scheme 

The above parallel capacitor scheme relies on capacitor ratios and is thus 
particularly sensitive to capacitor matching. Normally, for two Identical 
capacitors, matching values of about 0.2% are obtained, although the quality 
does drop down when different capacitors values are used. In the considered 
structure, the worst case arises for the Ideal gain value of 64 end the capacity 
mismatch provokes a maximum gain value error of 1.8%. This Is within the 
tolerance of section 4.4, however It (s worthwhile analyzing other schemes that 
might result In less sensttMfy to matching problems. 
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6.2,2,2 Serial capacitors 

To reduce the matching problem Identical capacitors should be used, One 
solution Is presented In figure 6.6 where the feed back capacitors are serial and 
the desired gain value is obtained by proper switching of S1, 

A r 
SL 

S2 

Ih 
C C .... C 

Figure 6.6: Serial capacitor scheme 

Let us assume a gain of two is desired and S3 Is closed. Figure 6.7 shows the 
Ideal (top) and real (bottom) schemes and their equivalent single capacitor 
circuits. The real equivalent capacitor is thus 1.909. Since a unity capacitor is 
used at the front end a real amplification gain value of 1.909 is reached, 

^ h out 
C C ideal 

out 

C/2 

UTTc 
TTC/2ÖT 

out 

real 

out 

C*l.1/2.1 

Figure 6.7: Parasitic copac/tors in serial scheme 

For a desired gain of 4, parasitic capacitors actually limit the real value to 
3.065. The situation gets worse with a desired amplification value of 64: the real 
gain value Is only 3.7011 The effect of the parasitic capacitors Is thus dramatic 
and schemes using serial capacitors should thus be avoided. 

Another disadvantage of an identical capacitor scheme Is the huge resulting 
area (65 capacitors). 
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6,2,2.3 Parallel capacitors Il 

A way to lighten the matching problem of 6.2.2.1 wtilfe keeping a reasonable 
area Is to have a parallel network at both the Input and feed back points. As a 
result the ratio between the biggest and smallest capacitor Is reduced to 16 
(Instead of 64). 

In A 

•*-Hh c, -+Js-

c, 

C./16 

C,/8 

C1 

out s*i ' r 
Figure 6.8: Inverting amplifier with 2 parallel capacitors networks 

The effects of limited OTA gain and on resistance of the switches are Identical 
to those explained In 6.2.2,1. Again, the parasitic capacitors only contribute to 
slowfng down the load characteristic, The effect might be more pronounced 
because of the bigger parasitic Input and/or feed back capacitance, 

The main draw back of this scheme Is that the OTA toad Is larger (compared to 
the scheme of 6.2.2.Ì). This means that to maintain the slew-rate performance, 
a higher current must be used In the OTA, which results Into higher power 
consumption. 

6.2.3 Switched capacitor schemes 

in 

T 
T r 

Figure 6.9: Switched capacitors solution 

The Idea Is to use an Inverting amplifier with switched capacitors Instead of 
resfstors. The amplification gain is then set by the switching ratio Vf1. This seems 
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particularly Interesting since precise clock division can be performed In ttie digital 
domain and only two identical capacitors are required. 

Such a scheme Is nevertheless not feasible I Indeed, the Instantaneous 
behavior of the switched capacitor Is not equivalent to that of a resistor. As a 
result, because of the switched capacitor In the feed back loop, the above 
circuit Is completely unstable! 

6.2.4 Integrating schemes 

6,2,4,1 simple integrator 

The simple integrator scheme uses a time duration variation (Interval t during 
which the input switch Is closed) to control the amplification gain. 

out 

Figure 6.10: Simple Integrating solution 

Assuming the Input Is stable, the transfer function Is given by equation 6,4. 

out 
In 

J_ 
RC (6.4) 

To obtain the proper gain values equation 6.5 must be satisfied. Ideally "Csf 
should be 1. If another value, for example a multiple of 2, was used, proper 
handling at the back end would be required. The main limitation of such a 
scheme is clearly the poor absolute precision of such an RC product (typically 
40% I). To overcome the problem, a switched capacitor can be used Instead of 
the resistor. 

t=k2xAi&.-à4T x/RC=Cst 
(6.5) 

Assuming the maximum Integration time (for a 64 gain value) Is as long as 1/fs 
(fs= 16000), T becomes l/fs/64, that is about 970 ns. This Is also the minimum 
Interval during which the Input switch can be closed (for a 1 gain value). The Input 
capacitor must thus be switched at a frequency a tot higher then 1/T (typically 20-
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50 MHz). Such a solution results In delicate design constraints on the OTA and 
analog switches. Furthermore, the parasitic capacitors tend to degrade the 
overall performance [Degr94]. More complex Integrator schemes. Insensitive to 
the parasitic capacitor, exist though they require an extra active element and 
thus result In higher power consumption. 

6.2.4.2 Integration bv charge transfer 

in the scheme of figure 6.11, each ttme the switch performs one full cycle, the 
Input voltage Is transferred to the feed back capacitor. Hence, the number of 
switch cycles defines the global amplification gain between Input and output. 

In 
out 

Figure 6.11: Charge transfer scheme 

Assuming a symmetrical clock ck, the same amount of time is provided to 
load the Input on C1 and to transfer the charge to C5. If C, Is Identical to C2, 64 
cycles are necessary In the worst case amplification and thus the minimum clock 
frequency Is a little more than 1 MHz. Another solution is to use C,=2C2 and 
provide a direct path for the unity gain. This decreases the minimal clock 
freauency by a factor of two and results In easier design constraints for the OTA. 
They are also facilitated by the fact that a smaller capacitor can be used. 
Indeed, accumulation results In a lower noise level on the capacitors as shown by 
equation 6.6 where N Is the number of accumulation cycles and noise, the noise 
level after one cycle. 

noiseN = 
(6.6( 

The above scheme Is sensitive to offset and clock feed-through. 

This scheme seems a valid alternative to the simple Inverting circuit. The gain 
values are certainly more precisely controlled. However, because of the required 
sample and hold stage (see next section) the power consumption Is much 
bigger. 
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6.2,4.3 Sample ond hold 

Both Integrating schemes of sections 6.2.4.1 and 6.2.4. require that the Input is 
stable. A "pre-sampllng" must thus be performed and the level maintained during 
the complete conversion time. This Is achieved by the following sample and hold 
scheme : 

To 
conversion 

stage 

°- P=T n 

1/16000 

Figure 6.12: Sample and hold for pre-sampllng 
To avoid error propagation, the follower's offset must be compensated. Also, a 

double differential pair (nMOS and pMOS) structure must be used to maintain 
close to rall-to-rall Input and output. The latter can be realized by using two OTAs. 
Integrating solutions have therefore a minimum number of three OTA (two for pre-
sampllng, at least one for conversion), and as a resuft higher power consumption 
Is obtained. 

6.2.5 Design of the controlled amplifier 

In the previous sections, different schemes to Implement the controlled gain 
were discussed. Two circuits seemed particularly well suited : the parallel 
capacitor I and the Integration by charge transfer. The latter Is more power 
demanding since three high slew rate OTAs are required, The first Is simpler but 
relies on capacitor matching. 

Based on the power consumption argument. It was decided to Implement the 
parallel capacitor scheme of figure 6.13. S18 has a connection to ground and so 
NMOS switches are sufficient. On the other hand, complementary switches 
[Degra94] must be used for S^ S1 S7. The resistor R reduces the band pass and 
consequently limits the high frequency noise. 

The scheduling of the controlled amplifier Is presented In figure 6.14. 'Bit #' 
Indicates the binary bit computed In the coarse quantizer (a modified A. Heubl 
RSD A/D converter, see 5.1) whose basic clock Ck Is also plotted. The sixth bit Is 
known at A' and as explained In 6.4 It Is also the moment when the adaptation 
logic can start computing the control signals for S1 to S7. The latter are then set at 
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"B'. C Is the beginning of the conversion cycle ; the analog signal Is sampled on 
the Input capacitor of the coarse quantizer. 

Srs 

^ 

H h -

Ci/2 

Ci/4 

Ci/8 

Ci/16 

Ci/32 

Ci/64 

Ci/o4 

out 

Figure 6.13: Implemented scheme 

Switches are assumed to be closed when signals are high. Two phases can be 
acknowledged ; first, to ensure proper reset Ŝ 1 is open while all the other switches 
are closed ; second, amplification takes place and Sin Is closed while S1 to S, are 
set according to the adaptation logic. 

Ck ~|_ 

BJt # 1,2 

Sn 

V, 

Ri 
3 

n 

I 

J 

Ri 
4 
Ri 
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Ri 
B 
R 
9 1,2 

Ri 
3 

h 

I 

J 

R" 
4 
Ri 
5 
Ri 
6 
Ti 

7 

H 

I 

I 

Rl 
8 

Figure 6.14: Scheduling of controlled gain 

The design of the controlied gain according to the overall specifications and 
scheduling Is explained below. The parameters have the following values (ALP2) : 

vM=1.3(V] v „ ~ l , 3 M 
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n„=1.44 np=1.78 

^ = 5 3 ^ (A/V2] ßv=18M [A/V2] 

T=300 [KJ 

6.2.5.1 CaDOcItOrC1 

Thermal noise is sampled on C1. The capacitor must be sized to ensure a noise 
level smaller then a half LSB. 

<-LSe = 0 .5-1 .32" M £39^ 
2 (6.7) 

KT 
^ = (39-10-6)2 S 2 8 P F

 ( 6 8 ) 

Taking Into account the nominal error (about 15% In ALP2), a minimal 
capacitor of 3.4pF must be used. 

At a layout level, to decrease matching errors, all the capacitors are realized 
from basic element of 1/64. Furthermore, classical "gravity center techniques are 
used. 

6.2.5.2 Resistor R 

The resistor R slows down the toad characteristic on C1. ft must be chosen so 
that the load error remains smaller then a half LSB. 

± F 
error = V^ •e f iC< 0.5 LSB t = 

/?„,. = 
™ ,ferrar 

TS •Ci 

16000-2-8 ( 6 9 J 

(6.10J 

Equation 6.10 gives the maximum value. Using a smaller one leads to a lower 
load error though the resulting band pass Is broader and consequently the noise 
level higher. Simulation with the OTA showed that a value of 400 kû was sufficient 
to meet all the requirements. 
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6.2.5.3 OTA 

A two stage OTA shown In figure 6.15 and described In 3,2.2 Is used. The 
specifications are the equivalent input noise and DC gain. For the latter, a 
minimum value of 60 dB Is targeted. A higher value will nevertheless result In 
better linearity. As for the equivalent Input noise, the level Is set to 50 pV. This value 
derives from a parallel project where the converter Is used In combination with a 
microphone and where the target noise Increase due to the OTA was set to 15%. 

1 1 MM 1 M1W* 
<5 u-t 

21. 

a 

-<M 

out 

Figure o.15 : Class A 2-stage OTA 

Preliminary studies showed that a polarization current of 1.4 nA Is required. The 
following equations detail the determination of the various transistor sizes 
according to the methodology presented In [Degr94] 

The differential pair works In weak Inversion and a W^m factor of 1/5 Is used. 
From 6.11 and to facilitate the layout, L1 Is set to 2iim (minimum size) while W1 is 
setto 168 um. 

^ 8 1 . 4 W1=W2 k=k 
(6.11] 

(6.12) 

M3 and M4 work In strong Inversion which Implies a maximum W/L ratio of 1.56 
as computed in 6.12 (using a W ^ factor of 5). This ratio also Influences the final 
equivalent Input noise and since the resistor value Is used in the calculation, two 
extreme cases are considered : a maximum resistance of 550KQ and a 
minimum one of 1Û0KQ, 

L3 20.ß„-nn-U? 
= 1.56 

(6.13) 
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SWn1 = -JV2/BP = V(SO)X)2 -2.ii.550k-3.4p = 1.71 -10"7 [V /VHZ ] 

SvZn2 = V<50^>2 • 2-n • 100k-3.4p= 7.31-IO"8 [ V / V H Z ] 

Swn = 
Ani 

W3 

Ì 3 

W3 

*•» 

4 

9-flgn 
^ " 1 6 - P n - H n . / , 

9-flg,, 
« 1 6 

m*3 
ß„ •"„-'„ 

9m3 

4KT p 

4 ^ . 

= 800 

s l 2 

(6.14) 

(6,15) 

(6.16) 

(6.17) 

(6.18) 

Strang Inversion is thus the limiting constraint and the ratio value Is set to 1. M4's 
ratio Is Identical to that of M3. 

The output current Is chosen to be twice lp and both M5 and M0 work In strong 
Inversion. The WA. ratio of Ms Is thus 4 while that of M5 Is obtained from 6.19. 

W. L 

5-K-%-u? 
= 13.03 - £ - » (6.19) 

To go on with the design, the lengths of all the transistors but M, and M2 should 
be computed, Even assuming L3= L11= L5= L0 the problem remains complex 
since they strongly Influence both the DC gain and stability, The latter also 
depends on M7, M8 and Cc which still haven't been considered. At this point the 
easiest way to proceed Is to perform several simulations, changing the lengths 
and widths of Mi( M4, M5 and M6 according to the above ratios while tuning M7, 
M8 and Cc. The use of equations as In [Saus97j Is not beneficial since at the end 
several simulations are still necessary to finery tune the OTA. 

The circuit providing the highest DC gain and phase margin was selected and 
is given in table 6.1, where I Is the theoretical current in \iA and Op the operation 
mode (Wl :Weak Inversion, Sl :Strong Inversion). Cc Is 0.3 pF. 

The simulated performance (obtain with XPERTSIM, CSEM) Is given in table 6.2. 
A high DC gain Is obtained as well as close to rall-to-rafl output swing. The phase 
margin is rather small but simulations showed that no Impairing effects should 
result. 
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M 
Ml 
M2 
M3 
M. 
M, 
M, 
M, 
Mn 

M5 

Type 
P 
P 
N 
N 
N 
P 
N 
P 
N 

W[nm] 
166 
168 
5 
5 
20 
50 
5 
5 
25 

L[Mm] 
2 
2 
5 
5 
5 
5 
20 
20 
5 

lfnA] 
0.7 
0.7 
0.7 
0.7 
2.8 
2.8 
0 
0 
1.4 

op 
Wl 
Wl 
SI 
SI 
SI 
St 
linear 
linear 
SI 

Table Ô. 1 : OTA transistor sizes 

Open loop gain 
gain bandwidth 
phase margin 
offset 
output swing low 
output swing high 
Input noise 
slew-rate 
power dissipation (@±l .3 V) 

66.8 dB 
4.6 MHz 
30° 
0.0003 V 
-1.247 V 
1.29 V 
4.6 W6VfHz05 

3 10ùV/s 
15.5 M-W 

Table 6.2 : OTA characteristics 

6.2,5.4 Current source 

1/8U ' 
1:A 

M3Tf>jc| 

M 2t 
X 

'9 (OTA) 

Figure 6.16 : Current source 

The current source presented In figure 6.16 Is used to polarize the OTA. M3 and 
M4 work In strong Inversion while M1 and M2 work In weak Inversion. As explained In 
[Degr94j, lp is proportional to U1 and thus g n \ 2 (trans-conductance of the OTA) 
becomes independent of the temperature. Furthermore, If o poly resistor Is used, 
the current becomes Independent, In first dpproxlmatlon of the supply voltage as 
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well. The main drawback Is the poor precision of the integrated resistor value and 
consequently of the current value ( Al/l= 1 o%]. 

. Q-HAB)-U1 Ip 

M 
M1 

M, 
M, 
M. 

Type 

N 
N 
P 
P 

W[jiml 
80 
40 
25 
25 

L[|im] 

2 
2 
40 
20 

1[MAl 

U8 
UA 

we 
UA 

Op 
Wl 
Wl 
SI 
SI 

Table 6.3 : Current source transistor sizes 

The sizes of the transistors, computed according to the Wl and SI conditions 
and using A=B=2, are given In table 6.3. A resistor value of 400 kß was used, 

6.2,5.5 Switches 

The only elements left are the analog switches which don't need careful design 
as long as their on resistance is sufficiently low. Their length is set to 2 |im and their 
width to lO^m, resulting in a maximum on resistance of 35 kß. 

6.2.5.6 Errors and parasitic effects 

Finite DC gain and on resistance Uave already been discussed, Their effect 
does not Impact the final result. Other non Ideal characteristic such as OTA offset, 
leakage current, charge Injection etc. must still be considered. One of their 
possible resulting effects Is to contribute to the fnput offset. This is not a major 
problem since digital correction can be done after conversion. In all other cases 
however, compensation is more complex. 

The offset of the OTA simply results in a DC offset at the output of the floating 
point A/D. 

Leakage current, due to the 'parasitic' diodes between bulk and drain (source) 
are present In any switch. The model of figure 6.17 can be used and each 
source's effect considered separately. 
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u, 

9 '. •.? fe> •. iQ 
F/gure 6.17: Model for leakage current 

I1, I2, I3 and I4 have no effect since they nave a direct path to ground. The 
current I5 Is divided Into I' and I". 

U2=U_-~jl'dt U2=-AU_ 
(6.21] 

u_=-\rd, 
Ç ' (Ó.22) 

Combining 6.21 and 6.22 and assuming A>>1 equation 6,23 Is obtained. 

C2 A 
; = / " + / ' = / 1 1 + 

C2A (6.23) 

Uj IS thus given by 6,24 and Its equivalent Input voltage (In other words, the 
voltage that should be applied at the Input to result In U3) by 6.25. 

U2 =^-(1 + A)\rdt = ^A\rdt=-~\fót 

Uoau = U2^- = ~\\'dt~-T- >U__, = -rU/&ctf 
"^ C ClJ S«x w ClJ 

(6.24) 

(6.25) 

If the finite OTA gain Is sufficiently high, the equivalent voltage Is Independent 
of C2 and Its effect can be considered as a supplementary offset. 

If they weren't absorbed by the OTA, I6,17, and I5. would raise the output level as 
well as U. (by loading C1). However, this would be In contradiction to the 
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fundamental working of the OTA (if Uj raises, U. must decrease). These currents are 
thus absorbed and have no Influence on the output voftage. 

To sum up, although most of the leakage currents have no effect, the final 
contribution is equivalent to a supplementary Input offset. 

Another important parasitic effect Is the charge Injection due to the opening of 
the switches. Fortunately, the OTA's negative node capacitance load is constant, 
Independent of the configuration of the switches. As a result, the overall effect Is 
again a constant Input offset. 

Some of the parasitic capacitors as well as matching errors have already been 
considered (6.2.2.1). However there are certainly other parasitic capacitors which 
have not been considered yet (such as Interconnection etc.). Their effects are 
complex to evaluate but they will contribute to the Input offset and/or modify the 
amplification value, In the latter case the size of the feed back capacitors can 
be slightly modified to compensate for the errors and to obtain the proper 
amplification factor. This is achieved by repeatedly modifying the layout and 
simulating the amplification value. 

6.2.6 Simulation results 

Figure 6.18 shows the output of the controlled gain (o) for a fixed amplification 
of 16 and a 0.01 V step Input signal (+). The simulation lasts a little more than two 
amplification phases. 

The first amplification occurs after 40 ps and since at that moment the Input 
signal Is null, the output actually corresponds to the Input offset multiplied by 16. 
The Input offset Is thus about 3 mV (0.0479 V /16). 

At about 70 us, all the switches are closed and the reset phase takes place. 
Oscillations due to the relativety low phase margin of the OTA are present, though 
the reset Is long enough to ensure stabilization. 

The second amplification starts at 0.1 ms and the output level falls to -0,112V. 
The real amplification value Is thus given by equation 6,26. 

-0.0479-0.112 

«»I - 1 5 ' " ,6.26) 

The non horizontal slope at the end of the amplification phase Is due to 
leakage currents. Their total amount can be estimated by 6.25. 
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^ G -I 
M ^t - 'leak 16 

W 
(6.27) 

A noise simulation has also been performed and showed a noise level of 4 mV 
for a 64 amplification value. This value Is slightly smaller than a LSB and thus 
greater then the targeted half LSB, One can expect that the dynamic range will 
be reduced to less then 15 bits. 

W«Ap 18-Apr-ST Filo : (S IS.cou 
2îil6:2T ELDO V(.«.l : • ADAPTMVE CAlC FOR FL A/0 • y 

JVtOUT) *vriHK)i) 

4~-H Ju 

Figure 6.18 : Simulation of the controlled gain 

6.2.7 Wrap up 

Various solutions have been considered to implement the controlled gain. 
However, only two seemed to fulfill all the reaulrements : the Inverting amplifier 
with parallel swltchable feed back capacitors and the Integrating by charge 
transfer. The final choice was to use the first: this simpler scheme relies on 
capacitor matching and results In a ultra low power implementation. The design 
was performed tor ALP2 LV and the predicted power consumption Is about 20 jiW 
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@ ± 1.3V and 16 kHz. Because of a slightly higher Internal OTA noise, the dynamic 
range Is limited to about 14 bits. 

6.3 COARSEQUANTIZER 

The RSD conversion algorithm discussed In section 5.1 Is used to realize the 
coarse quantizer. In particular, the scheme proposed by A. Heubi Is considered 
although a redesign, following a methodology similar to that of section 6.2.5 was 
performed to take Into account that only 9 bits are required. The simulated power 
consumption Is 16 ^W @ + 1.3V and 16 kHz. The design is not detailed since it Is 
covered by o patent (see section 5.1 for detail], 

6.4 ADAPTATION LOGIC (RESERVE BIT CONVERTER) 

The purpose of the adaptation logic Is to provide the control signals to the 
switches S1 to S7 in the controlled gain (see figure 6,13) and to the output shifter. 
This function can be decomposed into successive tasks as defined in figure 6.19. 
To be precise, task 6 should not be considered as part of the adaptation logic 
but rather as the back end of the conversion. It will nevertheless be discussed 
here. 

Coarse quantizer 

S T 
TASKI .-Define Inc./dec. 

MSK" 2 : Accumulate 

S TASK 3 : Floor to 6dB values. 

3D 
iz 

\ 7 

TASK 5: 
Store In register 

ïk TASK 4 : 
Control signal S1 to S7 

TASK 6: Shifter A Converted Sample 

Figure 6.19: adaptation logic tasks 
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6.4.1 Taskl : increment/decrement computation 

The Increments/decfements are defined by table 6.4 which Is obtained by 
extending Jayanfs table and adding a reserve bit (see 4.2.1.2). The table also 
shows the eaulvalent coarse quantizer and lnc./dec. codes. The latter are coded 
using a two's complement representation to facilitate the accumulation (task 2). 
Note that to determine the Inc/dec. value, only the 6 most significant bits of the 
coarse quantizer output must be known. This explains the scheduling proposed In 
figure 6.14. 

magnitude of 
coarse quantizer 

0..63 

64 „ 71 

72 .. 79 

80 .. 95 

96 .. 111 

112.. 119 

120..127 

128..255 

coarse quantizer 
equivalent code 
U b 7 Pn 

OOOXXXXXXOr 
111XXXXXX 
OOlOOOXXXor 
noi i lxxx 
001001XXX or 
110110XXX 
00101XXXX or 
11010XXXX 
0011OXXXX or 
11001XXXX 
00111OXXX or 
HOOOIXXX 
OOllllXXXor 
110000XXX 
01XXXXXXX or 
1OXXXXXXX 

lnc./dec. [dB] 

+ 1.5 

-1.5 

-3.0 

-4.5 

-6,0 

-7.5 

-9.0 

-9.0 

lnc./dec. 
equivalent code 
bx b, b, bn 
0001 

m i 

1110 

1101 

1100 

1011 

1010 

1010 

Table 6.4 : Increment/decrement table 

Task 1 Is thus simply realized by combinational logic that maps the second 
column entries Into the 4m column outputs. 

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

The accumulated gain values range from 0 to 36 dB with 1.5 dB steps. This 
means that 5 bits are needed for their coding. However, If a sign bit Is provided, 
accumulaflon to negative values can easily be detected. To simplify the 
adaptation logic a code consistent with the last column of the previous table 
must be used, As a result, the 6 dB multiple gain values are coded as In table 6.5. 
Only b4, b3 and b, must be transferred to the next task. 
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Gain [dB] 

<0 
O 
6 
12 
18 
24 
30 
36 

equivalent code ... 
bf ib„ bn 

IXXXXX 
000000 
000100 
001000 
001100 
010000 
010100 
011000 

Table 6.5 : Gain coding 

The scheme of figure 6.20 performs the accumulation, checks the limit 
conditions {gain not smaller then 0 and not higher then 36 dB) and floors the result 
to 6 dB values. To facilitate the test and/or to use an external adaptation logic, 
multiplexers are provided. 

RS 

Ckg 

°L 
Mem Mem ~~ 

Tl 

Mem Mem ~" Mem Mem 

idr 
From 
Taskl 

Ö Ö Ö Ö Ö 
-ZG= 

External 
gain OTO 

CTR ~* Mux ~ Mux - Mux 

RS &W^ 
t>4 b3 b2 : to task 4 and 5 

Figure 6.20: Detail of task 2 and 3 
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6.4.3 Task 4 : Control signal S, to S7 

From 
task 3 K Combinational 

V logic 

Control 
signals 

Si 

Figure 6.21: Detail of task 4 

Computing the control sfgnals for the switches Is straightforward and can be 
achieved with combinational logic. Table 6.6 gives the relation between the N 
MOS switches S1 to S7 and the gain bits 1¾ b, D0 resulting from task 3. The control 
signals are stored In MEM (figure 6.21) to ensure they remain constant over the 
whole ampllficallon cycle. The « pr » control signal Is used to close all the switches 
during the reset phase. 

From task 3 
b .b ,b , 
000 
001 
010 
011 
100 
101 
110 

s, 

J 
0 
0 
0 
0 
0 
0 

S1 

1 
0 
0 
0 
0 
0 
1 

S3 

1 
0 
0 
0 
0 
1 
0 

S4 

1 
0 
0 
0 
1 
0 
0 

S5 

1 
0 
0 
1 
0 
0 
0 

S6 

1 
0 
1 
0 
0 
0 
0 

s, 

1 
1 
0 
0 
0 
0 
0 

Table ó.ó : Combinational logic for switches control 

Ó.4.4 Task 5 and 6 : Memorizing and shifting 

Because of the 'one sample' delay between the computed value In task 3 and 
the one to be applied to the shifter, the gain must be memorized. This Is 
performed by task 5 In figure 6.19. 

The shifter at the back end (task 6) Is simply realized by cascaded multiplexers 
which are controlled by biT b3 and 1¼ of task 3. 

6.4.5 Simulation of adaptation logic and shifter 

Figure 6.22 shows the adaptation logic simulation results, where « sync » and 
« nrsg » are external control signals (see 6.5). Since the simulation file only Includes 
the adaptation logic, the «ob» signal which should be the coarse quantizer 
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output Is also specified externally. This ts done In a such a way to ensure that 
during the 17 first «sync» cycles a small value I.e. 000101 Is fed to the 
adaptation logic while from the 18m onwards, a bigger one I.e. 011 Ol 1 is applied. 
From table 6,4, these values respectively result In a +1.5 dB and -9 dB gain 
Increment. 

g r a p 
sync 

irsg 

ob 5 X ' H 1 B > 
q IfHQ)(MHTIH 2 XrH^|H4ffi('H (J 

QUI ̂ HHO)IfHAOXH50)|fH )̂pfflfH6CÖ 
SnfH7F ^ H T F ) 

Figure 6.22 : Simulation of adaptation logic and shifter 

The 6 dB gain value is given by « g ». As expected, while « ob » Is small, the 
gain value Increases steadily each 4th « sync » from 0 dB (HO) to 24 dB (H4). As 
«ob» gets bigger, the gain value drops down to 12 dB (H2), then to 6 dB (Hl) 
and finally to 0 dB (HO). This Is Indeed the expected behavior since before 
dropping the actual accumulated value was 25.5 dB (thus floored to 24 dB), After 
the first decrement, this value became 16.5 (floored to 12), and 7,5 (floored to 6) 
after the second one. At the third decrement the llmtt value of 0 dB Is obtained. 

The output of the shifter is given by the « out » signal. Table 6.7 computes Its 
expected value considering « ob » and the applied gain, The good news Is that 
« out » and the last column are ldentlcall 

The last signal « sn » Is the NMOS switches command. First the signal must force 
the reset phase and thus all switches S1 to S7 must be closed, As a result « sn » is 
m i n i (H7F), To ensure the proper amplification value « sn » must then be set 
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occordlng to table ó.ó I.e. H7F, H40, H20, HlO, H8, H4 and H2 for 0, 6, 12, ,.. 36 
dB respectively. In the simulation, « sn » and « g » are coherent. 

« ob » (binary] 
000000101 
000000101 
000000101 

000011011 
000011011 

applied gain 
OdB 
6 dB 
12 dB 
M . . 

24 dB 
12 dB 
.... 

shifter output [b] 
000000101000000 
000000010100000 
000000001010000 

000000001101100 
000000110110000 
.... 

shifter out [H] 
140 
AO 
50 

6C 
IBO 

Tobte 6.7 : Expected shifter's output 

To make a long story short, the simulation confirms the proper working of the 
adaptation logic and shlfterl 

6.5 ANALOG AND DIGITAL CONTROL 

All the control signals for the adaptation as well as those for the coarse 
quantizer are generated from the 3 external signals "sync", "ck" and "nrsg". The 
timing diagram of the A/D chip is given In figure 6.23. As sync rises, sampling 
takes place. Eight clock cycles are then necessary to compute the 9 binary bits 
(or 8 RSD bits) In the coarse quantizer. The frequency of the clock Is thus 
8x16kHz= 108 kHz. Just before the first bit of the next sample Is obtained, the 
output is updated wfth the new converted value. A reset can be performed using 
nrsg which Is active low (not shown fn 6.23]. 

#n 
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Figure 6.23: Timing diagram of A/D chip 

There Is no major difficulty In generating the control signals. One must only be 
careful to ensure non overlapping clocks for the switched capacitor coarse 
quantizer. Combining these signals with the three external ones and taking into 
account the working sequence of each block, the control signals can be 
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generated. To avoid loud snoring, they will not be described in detail. 
Nevertheless, they can be found In Annex 1 at the end of trie chapter. 

6.6 CHIP PRESENTATION 

Figure 6.24 : Floating point ADC chip 

Figure 6.24 shows the 15 bits floating point A/D chip In a low voltage 2 jim 
CMOS technology. The digital part (very dense, on top of layout) Is realized using 
CSELJJB1 the low power library from CSEM SA while the analog one (lower part of 
layout) Is full custom. 

The chip has 40 pods though only 22 are actually necessary for basic 
operating: 15 pads for the ADC output, 3 for power supply and analog ground, 3 
more for external control (ck, sync and nrsg), one for analog Input. All the 
remaining pads are useful for testing purposes as well as to modify the 
adaptation strategy. 

The total die size (without pads) Is close to 1.4mm by 1.4 mm (less then 2 mm2) 
and the simulated power consumption Is about 47 nW @ 16 kHz and ± 1,3 V. 
Percentage of total die size (Serie 1 ) and total power consumption (Serie 2) for 
each main functions are given In figure 6,25. 
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D Series 1 

DS«rte$2 

Coaras Controlled Adaptation Control 
Quantizer QaIn Logic 

Shifter Misc. 

Figure 6.25 : Power and die balance of floating point ADC chip 

Summing up, these numbers results In the following remark : 12 % of the die 
size Is used by analog parts which however consume 76.5 % of the power ! This 
also means that by changing the adaptation strategy and thus modifying the 
digital part, the area might decrease but little Improvement can be expected 
from the power consumption perspective. 

6.7 6 dB ADAPTATION STRATEGY 

As explained In 4.2.2.2, a simpler 6 dB adaptation strategy can be used and 
corresponds to table 6,6. 

magnitude of coarse 
quantizer 

0..31 
32..63 
64 .. 95 

96.. 159 
160.,255 

inc/dec. [dB] 

+ 6 
Û 

-6 
-12 
-18 

Job/e 6.8 :6 dB Increment/decrement table 
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The testing features of the floating point ADC chip allow the user to output the 6 
MSBs of the coarse quantizer and externally specify the gain value by entering 
right after task 3 (see figure 6.19). All the tasks In between are removed. Thus to 
obtain a « 6 dB version » of the floating point converter, the new adaptation 
strategy was Implemented on a FPGA and successfully connected to the chip. 

The 6 dB adaptation logic can be realized by the simple structure of figure 
6.26. In an ASIC Implementation It would reploce task 1, 2 and 3 of figure 6.19. 
The complexity of this solution te clearly lower then the previous one and less 
hardware Is required. As a result, If this solution was Implemented In the ALP2 
technology, Improvements of 12 % in die size and 4 % In power consumption 
would be obtained. 

1 h 
To task 4 

and 5 

— L 
ME 

from coarse 

!f ""Ck bs bo 

IiIIIIlLI 
Combinational logic 

.11 

Figure 6.26: new adaptation Implementation 

6.8 FEED FORWARD CONVERTER 

No feed forward implementation has been performed. Nevertheless, by 
extrapolation and using the numbers of figure 6.25 a fair estimate of the power 
consumption and area required by such a converter can be obtained. 

The feed fofward ADC is made of one 7 gain value controlled gain, two coarse 
quantizers (8 and 7 bits), d shifter, some control logic and extremely simple 
combinational logic to set the controlled gain switches according to the output 
of the 7-blt quantizer. 

The controlled gain and shifter are Identical to that of the feed-back solution 
and thus consume about 20 and 3 jiW respectively, for an area of 0.15 and 0.3 
mm3. The 8 ond 7 bits coarse quantizers are slightly smaller than the 9-blt one 
used In the feed back solution ond also consumes less power. One can estimate 
that 13 and 10 nW are required and that surfaces of less then 0.1 mm2 are 
needed. The control and combinational logic only uses 3 pW but has a total area 
of about 0.3 mm*. 
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Coarse 
quantizers 

Control, 
adaptation 
and shifter 

1 mm 

Figure Ô.27: Floor plan for feed forwards converter 

Using the floor plan of figure 6.27 results In a total die size of less then 1.2 mm2 

for an expected total power consumption of 51 pW. 

Compared to the feed back solution (6.6) smaller die size and higher power 
consumption are obtained. This can be explained by the fact that the feed 
forward solution presents an extremely simplified adaptation logic, thus reducing 
the digital part. The Increase In power consumption is due to the supplementary 
coarse quantizer. However, power consumption In such elements Is more or less 
proportional to n' (n Is the number of bllsj (vltt°4]. Since the feed forward solution 
uses smaller quantizers the final power consumption Is only slightly higher. 

6.9 TO THE LIMITS 

As shown In 5.2, a 14-blt linear converter should be available. Combined with a 
controlled amplifier, could a floating point solution of 16 or more bits of dynamic 
range be obtained ? The answer Is closely related to the minimum OTA noise level 
that can be achieved In the considered technology. 

Assuming a parallel capacitor scheme (figure 6.13), the first design steps of the 
controlled amplifier OTA have been performed for floating point solutions with 15 
to 20 bits dynamic range. The results are given In table 6,9 where C is the 
minimum capacitor to be used and HLSB Is the value of a half LSB. The ratio of 
output to polarization current Is set to one. This ratio, HLSB, C and the slew rate 
condition (from the 16 kHz sampling frequency] define the required current Ip. W/L 
ratio for the differential pair (Ml, M2 In figure 6.15) and the mirror below (M3, M4J 
as well as the resulting equivalent Input noise level (NI) and power consumption 
(with a current source as In figure 6.16) are given for different RW ratios. RW Is 
defined as IpZl11n for strong Inversion and as I1nVIp for weak Inversion. Some 
designers work wtth RWs of nine, though five and three are mostly used. A ratio of 
one Is Interesting since It results in smaller W/LM, values. However, It cannot be 
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guaranteed that the transistors will be working In the strong and weak inversion 
modes required. 

»bits 
C [pF] 
HLSB [^V] 

Io InAl 
Power [W] 

RW= 5 

RW= 3 

RW=I 

W/L, 
WA1n 

Nl [jiV] 
W/L, 

w/u 
NI IMVJ 

W/L, 
W/Ls 

Nl [JiV] 

15 
3.0 

39,7 
0.7 

1 8 M 

29 
0.33 
21 
17 
0.5 
22 

6 
1 

23.7 

16 
12.1 
19.8 
1.69 

41 n 
69 
0.5 
13.4 
42 
1 

14.2 
14 
4 

16.7 

17 

48.4 
9.92 
5.9 

144 u 
239 

3 
7,77 

143 
5 

8,17 
48 
15 

9.37 

18 
193 
4.96 
23 

5 6 0 ( i 
951 
12 

4.00 

571 
20 

4.21 
191 
62 

4.85 

19 
774 
2,48 
97 

2,4 m 
3,9 k 
51 

2.02 

2.3 k 
86 

2.13 
791 
258 
2,44 

20 
3099 
1.24 

408 
10m 
16.5 k 
216 
1.01 

9.9 k 
361 
1.06 
3.3 k 
1.1 k 
1.22 

Table 6.9: Controlled amplifier for converters with higher dynamics 

From a power consumption point of view 17 bits seems to be a limit since 
higher dynamics will result In controlled gain requiring more than a half mW. They 
also necessitate fairly big W/U,, ratios and capacitors, resulting In considerable 
Increases In area (for example, 774 pF is more than a half square millimeter). 

The integrating by charge transfer controlled gain (6.2.4.2) might seem more 
suitable to these high dynamic range devices (lower noise level resulting from 
accumulation -» smaller capacitors - J smaller current -» lower power 
consumption). However the pre-sampllng stage will lead to results similar to those 
of table 6.9 and hence this solution Is also limited. 

One can thus say that to maintain reasonable size and power consumption, a 
maximum converter featuring a dynamic range of 17 bits and a resolution of 14 
bits could be Implemented In ALPI. The limit to what Is considered reasonable is 
obviously extremely application dependent, 
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6.11 ANNEX 

The first figure plots the Internat control signal for the adaptation logic and 
obtained from « sync » and « ck ». The second one presents the adaptation logic 
schematic. Tasks 1 to 3 (see figure 6.19) are performed In «gain_p1jnskc • 
(middle-left) while task 4 is achieved in « galn_p2_mksc » (center). The shifter is 
located at the top right of the figure, 

sync 

eg r 
fi fi 

a 
fi 

p hi 
JLJUL 

* 1 1 ^ ^ 
ckg„ 

m)f~ 
)it(4)|T 

pf^r 

I 

J L - J U U 

Annex 1: Internal control signal 
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Annex 2; Schematic of adaptation logic 
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7. Implementation results 

The test of the feed back floating point converter Involves four different 

measurements. The first consists of an Informal listening test and power 

consumption measurement. Its result Is criticai to establish the success of 

the research (the primary goal Is to develop a low power AID converter 

for audio applications). Then, more deterministic measurements. I.e. 

noise floor, frequency response and transfer function aimed at device 

characterization, are carried out. 

Environmental noise Is a major problem and affects all the above 

measurements. 

As mentioned, the controlled gain Is critical to the conversion quality. 

From offset measurement for eaoh gain value. It Is possible to estimate 

that the error, for non unity gain values. Is sometimes slightly higher than 

the 2% tolerance defined In section 4.4. The unity gain error, on the other 

hand. Is much bigger. This provokes a deviation from the Ideal transfer 

function. This doesn't significantly Impair the perceived audio quality 

however, but for more demanding applications, a solution to Improve 

the gain values would be mandatory. 

Based on the measurement results, a comparison between both floating 

point approaches and A. Heubl mixed solution can be drown. For audio 

application, A. Heubl solution Is better since, for similar performances. It 

features a reduced size. For other faster and/or lower dynamic range 

applications, the floating point approach will result In lower power 

consumption. 

Twelve weeks after sending the layout to the foundry, the devices were 
delivered and testing could start. 

The first start up was almost fatal. Indeed, during the fabrication process, the 
foundry somehow forgot one layer and the devices worked as a short-clrcultl 
Fortunately, a few weeks later, devices from another batch, possessing all the 
necessary layers, were delivered... and the circuit worked! 
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The next section describes the testing equipment available at IMT and explains 
some of the problems encountered during the measurements. The latter are 
presented In section 2 while section 3 compares the floating point 
Implementation with Alexandre Heubfs mixed linear converter described In 
section 5.1. 

7.1 TEST EQUIPEMENT 

IMT does not posses professional testers. Nevertheless, chips returning from the 
foundry can be at least partially characterized thanks to the equipment 
described In figure 7,1. 

PC& 
Labvlew 

J: 
Prog. 

voltage 
source 

Prog, power 
supply Test board 

-Ti 
Pattern generator 

Logic analyzer 

Figure 7.1 ; Testing equipment at IMT 

Generally speakfng a Labvlew program controls the measurement by 
communicating with various instruments. 

Environmental noise Is a major problem. Indeed as levels smaller then -80 dB 
must be measured (>14 bits), any perturbation becomes dramatic. For example, 
measurements of the noise level can be Improved by 1 bit by slmpty removing all 
the probes. As a result, extra care must be taken when creating the test board 
(analog/digital separation, capacitors on supply and analog pads etc.) as well as 
during the measurements (avoid ground loop, braided supply wires etc.). The 
quality of the supply voltage, which Is also used Internally as a reference voltage 
Is also critical. 

7.2 MEASUREMENTS 

7.2.1 Informal listening test 

Analog speech (male and female) and music (classical and pop) signals are 
Input to the floating point A/D converter. The obtained digital outputs are then fed 
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to a suitable D/A converter. Informal listening using botn loud speakers and 
headsets were excellent. 

The current furnished by the power supply (± 1.3V) Is 19.2 pA and as a result the 
power consumption at 16 kHz Is 50 jiW. 

7.2.2 Notse floor 

Noise floor measurements are Interesting since they provide information about 
the dynamic range of the device. In a practical way, the Input of the ADC is 
connected to the analog ground and the RMS value of the digital output results 
In the noise floor. Measurements are usually performed at different supply 
voltages. 

The noise floor (NF) measurements of the feed back floating point are reported 
In table 7.1 (absolute values). 

Supply [V] 
N.F. [dB] 

±1.1 
71.1 

±1.2 
72.1 

±1.25 
72.6 

±1.3 
72.6 

±1.4 
72.7 

±1.5 
72.8 

±1.6 
72.1 

±1.7 
70.0 

±1.8 
67.7 

±1.9 
66.6 

Table 7.1: Noise floor measurement with EQUM and EQUI2 

At ±l .3 V, the notse floor Is 72.6 dB which corresponds to a dynamic range of 
only 12.1 blfsl This Is disappointingly low and is In contradiction with a previous 
measurement performed with different testing equipment and at ±1.3 V. It 
resulted Into a 77.5 dB noise floor, equaling a close to 13-bit dynamic range. 
Note also that In table 7,1 the noise level Increases for supply voltage higher than 
±1.5 V. This Is not the expected behavior and a measurement noise problem is 
suspected. To understand the behavior of table 7,1, the noise sources must be 
Identified as In figure 7.2. 

External Digital 
no's® coupling noise 

Input: OV Out= notee 
(loa 

Sampling Equivalent 
noise Input noise 

of amplifier 

Internal 
noise of 
CQ 

Figure 7,2 : Noise sources while testing the floating point converter 

The sampling noise (see section 3.4.2) as well as the equivalent Input noise 
(see equations 6.16 and section 6.2.5.4) are Independent of the supply voltage, 
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The internal noise of the coarse quantizer Is composed of sampling and 
eaulvalent Input noise and it Is thus also Independent of the supply voltage, The 
actual level of these noises (sampling noise, amplifier equivalent input noise and 
coarse quantizer noise) does not depend on the measurement environment. 

The switching activity of the digital parts provokes perturbations that propagate 
through the bulk. One can suppose that as the voltage increases, the 
perturbations increases as well (higher amplitude of the switching level). 
Nevertheless, the layout of the chip was made In such a way to provide at least 
some shielding between the analog and digital part and thus llmrt the coupling. 
Unfortunately, this phenomena cannot be simulated with lMfs software tools. The 
perturbation level Is however Independent of the testing environment. 

The external noise results from antenna and coupling effects occurring at the 
test board level and Is certainly Influenced by tie testing environment. One can 
reasonably think that It also depends on the voltage supply. 

In fact, the main lesson from this measurement Is that no clear conclusion can 
be drawn about the converter's dynamic range. In 6.2.6, the post-layout 
simulation of the controlled gain amplifier for a gain value of 64, showed a value 
only slightly smaller then the LSB of the coarse quantizer. As a result, at ±1.3 V, a 
dynamic range smaller than 15 bits can be expected. However, the 12.1 bits of 
table 7.1 is most probably not the real dynamic range since the environmental 
noise Impaired the measurement. 

Even though the exact dynamic range value cannot be given, one can say 
that It is limited from the "small signals side". Indeed, the coarse quantizer has 
been measured to be absolute and the noise level of the controlled gain 
amplifier Is such that when small gain values are applied, tt Is well below the 
quantizer's LSB. On the other hand, when large gain values (64 and maybe also 
32) are applied, ihe noise at the output of the controlled gain Is higher then the 
coarse quantizer LSB. As a result the minimum analog signal that con be 
converter Is not LSB/64 anymore but rather a few LSB/64. 

7.2.3 Transfer function 

The transfer function as defined In 2.1.1 Is given In figure 7.3. The plot shows 
negative numbers. This is due to the fact that the analog Input source was 
programmed to scan negative voltages. Power supply was ± 1.3V and the 
sampling frequency 16 kHz. For each Input value, 256 conversions were 
performed and the mean converted value Is plotted In 7.3. 
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analog Input JV] 

Figure 7.3 : Transfer function 

The error function obtained from the above transfer function (which explains 
the negative input voltage value) Is given In figure 7.4. To analyze the figure, the 
following remarks must first be considered: 

• only analog signals entering the coarse quantizer with an amplitude smaller 
than 0.32 V (1.3*64*28, see section 6.4.1) lead to a possible Increment of 
controlled gain value. Furthermore, If the signal amplitude is greater than 
0.4875 V (1.3*96*2"", see section 6.4.1 ), the controlled gain Is decreased by 
at least 6 dB. 

• the noise floor, whose measured value Is at about 73 dB (12 bits) Implies that 
the minimal 'saw tooth helghf could not be smaller than 8 LSBs. The 
maximal height on the other hand, should be 64 LSBs (the resolution of 
coarse quantizer Is 10 bits). 

• because the error plot is obtained from averaged output values, the actual 
"saw tooth helghf Is reduced. 

Clearly, the floating point converter presents an offset. If s value, measured with 
a forced maximum gain. Is about 120 LSB or 0.0095 V (1.3*120*2-14). Assuming 
that the coarse quantizer offset Is 25 mV (or In other words about 5 coarse bits I.e. 
1.3*5*2-8) and that the amplification value Is Ideal, the controlled gain offset is 
8.7 mV (computed according to equation 7.1 In next section). This value is about 
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three time higher then the simulated one (3 mV, see 6,2.6). Rough simulations 
showed that this could be caused by a mismatch In the differential pair. 

226 
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75 

60 

25 
0.00 -0.10 -050 -0.30 -0.40 -0.50 -0.60 -0.70 -0.80 -0.90 -1.00 -1.10 

analog input [VJ 

Figure 7.4 : Error function 

Three main zones can be defined In figure 7.4. The first, for analog Input 
amplitudes smaller than about 0,1 V, has a positive slope, the second, tor analog 
input amplitudes between 0.1 and 0.25 V as a more or less horizontal slope while 
the third, for amplitudes bigger than 0.25 V has a negative slope, This can be 
related to zones In the transfer function plot: where the error slope Is null, the 
transfer function has no gain (or linearity} error. On the contrary, where the errror 
plot has non-null slope, the transfer function has a linearity error. 

For very small amplitudes (a few mV) the 36 dB amplification Is olwovs applied 
and the amplitude of the saw teeth Is 4 LSB. This concurs with the noise floor 
measurement, taking Into account the effect of the averaging. For veiy high 
amplitudes the unity gain is always applied and the saw teeth are about 35 LSB 
high which again concurs with the expected behavior, It is difficult to predict the 
quantization step In this "middle" zone (neither 1 nor 64 are always applied). 
Indeed, for a given input signal and since several conversions fake place, the 
gain "jumps" from one value to the other. This Is due to the fact that the 
adaptation table (based on that of section 4.1 ) never proposes a null increment. 
Hence, even If at a given time the amplification gain Is "perfect1 In fitting the 
amplified signal into the coarse quantizer, after a maximum of 4 conversion 
(4* 1.5 dB=6dB) the gain will be modified by at least 6 dB, 
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7.2.4 Frequency response 

The Ideal frequency response has been discussed in 4.2.3 and was plotted In 
figure 4,7. The characteristics, for a full scale 300 Hz sine wave were: 

THD=-61.1 dB SNR=56.2dB 

PHD=-73.3 dB SINAD=55dB 

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 Is ± 1.3V and the sampling 
frequency 16 kHz. 

Compared to figure 4.7, the spectral lines have a higher magnitude. This 
results In lower THD and PHD values as well as SNR and SINAD. This Is due to the 
higher noise level as measured In section 7.2.2 (measured 72.6 dB noise floor 
Instead of theoretical 90 dB). 

THD=-56.3dB SNR=52.9dB 

PHD=-49 dB SINAD=50.6 dB 
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Figure 7.4: Frequency response 

7.2.5 Controlled amplifier 

The gain values of the controlled amplifier are closely related to capacitor 
matching and finite DC gain of the OTA. While designing the layout of the 
controlled gain, numerous simulations were performed. According to the results, 
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controlled gain, numerous simulations were performed. According to the results, 
the size of the capacitors were slightly modified In an attempt to optfmlze the 
gain values. 

To have an Idea of the actual behavior of the controlled gain, the output to a 
0 Input signal can be measured for each amplification value. Equation 7.1 
applies where off^ Is the offset of the controlled amplifier and offca that of the 
coarse quantizer. 

out = -
Oftr-A-G^+Offr 'CA ^mal 

17WOOl (7.1] 

out- G^n, = Gn^ • offr. + off, nt* 'CO 
(7.2) 

To compute G100, one must first determine off^ and Offco : the points obtained 
by multiplying out by G0601 (equation 7.2) are plotted versus G10601. This result In a 
points constellation that should be more or less aligned. Let us now define a 
function F(G), that Is the best linear approximation of that points constellation. The 
parameters a and b can be found graphically. 

F(G) = G- a+ b 
(7.3) 

Equalizing equation 7.2 and 7.3 resutts In equation 7.4 and the value of Groa] 

can be computed. These values are given in tabte 7.2. 

Greai = 
out-G^-b 

(7.4) 

From 7.1 and 7.2, G180, can be computed as In 7.3. Results are given In table 
7.2 for 5 different chips. 

Chlp# 
1 
2 
3 
4 
5 

Ideal gain values 
1 I 2 I 4 I 8 I 16 I 32 I 64 

Real gain values 
1.19 
0.68 
0.67 
0.91 
0.7 

1.95 
2.02 
2,01 
2.00 
2,00 

3.46 
3.83 
3.81 
3.46 
3.69 

6.48 
7.48 
7.22 
6.39 
7,13 

12.53 
14.39 
13.83 
11.89 
13.59 

24.63 
29.95 
28.95 
24.47 
28.41 

48.83 
58.95 
57.38 
48.17 
56.06 

Table 7.2: Real gain values 
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Once the real gain values are known, the linearity and distortion of the 
controlled gain can be obtained as In table 7.3. 

Chlp# 
1 
2 
3 
4 
5 

linearity 
0.76 
0.92 
0.89 
0.74 
0.87 

Ideal gain values 
1 I 2 I 4 I 8 I 16 I 32 

Gain error (considering the linearity of column 2) 
23 
37 
38 
25 
35 

3 
1.7 
2.0 
1.9 
2.6 

0.2 
0.1 
1.5 
0.4 
0.0 

1.5 
0.25 
1.1 
0.5 
0.6 

4.1 
3.1 
4.1 
3.9 
3.8 

1.1 
1.4 
1.0 
1.0 
1.3 

64 
%] 

0.6 
0.04 
0.5 
0.4 
0.3 

Tobte 7.3: Controlled gain characteristics 

rt should be stressed that the problem ot determining the ieal gain values is not 
deterministic. Indeed, the best fitting approximation of equation 7.2 can be 
chosen according to various criteria. For example. If only root mean square error 
Is considered, the computed gain values present a linearity extremely close to 
one though have distortion for non unity gain of up to 30%. To obtain the 
presented resutts, the best frrtlng approximation was computed taking Into 
account the following facts: 

• each feed back capacitor Is Impaired by an error, resulting from parasitic 
capacitors and mismatch. Since the unity gain is obtained by using all the 
feed back capacitors (see figure 6.13) in parallel, one can assume that the 
error of each capacitor is summed, resulting In a poor amplification value 
precision. The unity gain is thus not considered to obtain the best 
approximation. 

• the best gain value should be 2 since In this configuration the two biggest 
capacitors are used. Matching and parasitic errors should thus be less 
Impairing than when a smaller capacitor Is used. As a consequence, to 
compute the best approximation, a "weight1 is attributed to the errors: the 
bfgger the gain value, the smaller its error weight. 

• the relative error Is more relevant then the absolute one. Indeed, an 
approximation resulting in an absolute error |Gr9arGWeal| of 0.2 for Ideal gain 
values of 2 and 64 actually means a gain error IG1001-G11J0011/G060, of 
respectively 10% and 0.3%. 

From table 7.3, the linearity (or the slope) of the controlled amplifier Is smaller 
than one. This is not Impairing as explained In 4.4. The distortions (for non unity 
gain values) are slightly higher than the targeted 2%. On the other hand, the unity 
gain error Is extremely hlghl Because the Informal listening tests have been 
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performed with norma! speech level of about -30 dB below full scale, this unity 
gain is very seldom used and thus doesn't Impair the Informal listening test. 

This short study of the controlled gain clearty shows that the fmplemented 
capacitor network structure, relying on capacitor matching Is not reliable enough. 
A redesign, using a different layout configurations would certainly Improve the 
above results, though, the problem of the unity gain would subsist. A simple 
solution would be to avoid the error accumulation by using a single capacitor for 
the unity gain as well. The resulting size Increase (compared to the whole chip 
size) would not be significant. 

7.3 COMPARISON WITH A. HEUBI1S SOLUTION (5.V 

7.3.1 Converters for audio applications 

As explained In chapter 5, Alexandre Heubl developed a low power mixed 
linear converter that Is well suited for audio applications. Its measured 
performance at ± 1.25V and 16 kHz is: 

Excellent perceived quality 
Maximum Resolution: 10 bits 
Dynamic range: 13.5 bits 
Power consumption: 50 jiW 
De size: (estimation) 0.85 mm ! 

In similar conditions, the feed back floating point reserve bit A/D converter 
performance Is (section 7.2): 

Excellent perceived qualfty 
Maximum Resolution: 9 bits 
D/namlc range: 13 bits 
Power consumption: 50 jxW (48 jiW If using the 6dB table) 
Die size: 1.96 mm2 ( 1,72 mm2 If using the 6dB table) 

For the feed forward floating point converter, no Implementation was 
performed though the theoretical (simulated) characteristics are (4.5.3): 

Excellent perceived quality 
Maximum Resolution: 8 bits 
Dynamic range: 1A bits 
Power consumption: 51 jiW 
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Die size: 1.2 mm* 

Comparing the above numbers results In the following remarks: the three audio 
solutions have similar perceived quality, power consumption and dynamic range. 
However they are very different In their die size. In particular the feed back 
floating point converter Is twice the size of A. Heubi chip. 

7.3.2 Converters for non audio applications 

In the context of non audio applications, the critical elements In designing 
non-absolute converters can be evaluated. Figure 7.5 shows the main "blocks' for 
all considered solutions I.e. mixed, feed back and feed forward floating point. 
Control blocks are not shown and coarse quantizers are assumed to be absolute 
RSD Implementations. 

In Alexandre Heubfs converter a single block provides both the dynamic range 
and resolution. The latter depends on the OTA1 DC gain, capacitor matching and 
possibly algorithmic correction, while the former Is related to the size of the 
capacitors C, and OTA1 noise. The working frequency is proportional to the 
product f t*n | ( where f, Is the sampling frequency and n, the number of bits. 

In the feed back floating point approach, three blocks are used. The dynamic 
range is provided by the controlled gain whose critical elements are the 
capacitors (same as C1) and the OTA, noise. The working frequency of this block Is 
proportional to f,. The coarse quantizer provides the resolution and Its critical 
elements are the capacitors (C2<C,), OTA2 DC gain and noise and C2 matching. 
its working frequency Is ft*n2. The digital block providing the adaptation Is only 
critical In the sense that It can result in large area. 

In addition to the blocks presented In feed back converters, feed forward 
floating point Implementations require a second coarse quantizer whose critical 
element are again the capacitors (C3), OTA3 DC gain and noise and C3 
matching. Its working frequency Is fs*n3.(n2+n3=nl). 

From the power consumption point of view, to define the preferential domains 
of each solution, one must remember that the capacitors are designed 
according to the thermal noise condition. Doubling the precision thus results in 
quadrupling the capacitors. Furthermore, the OTA output current Is determined 
either by the Internal noise or by the product of capacitor and slew rate. The latter 
depends on the working frequency. As a result, Alexandre Heubl's principle Is well 
suited for any situation where the OTA current Is determined by the Internal noise, 
This Is typically the case in low speed and/or high dynamic range applications. 
On the other hand, when the slew rate becomes the determining factor, as In 
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high speed and/or low resolution applications, floating point structures should be 
used. Indeed, the controlled gain, where the biggest capacitors are used, works 
slower and consequently the slew rate condition becomes easier. As explained In 
4.4 the choice of whether to use the feed back or feed forward approach Is data 
driven. The former Is only suited for predictable signals conversion. 

a) 

Mixed (Heubl) 

b) 

Controlled gain Corse quantizer 

Feed back 

c) 

Coarse quantizer #2 

OTA3 

C3 

W,*n 3 1 
T 

OTA1 

" -1 

W 1 

OTA2 

C2 

M 1 Ti 2 

I T 

SHR 

Controlled gain Coarse quantizer #1 

Feed forward 

Figure 7.5 : Main blocks for relative precision AID: Mixed (a), feed back 
floating point (b) and feed forward floating point (c) 

To conclude this comparison. It must be stressed that the floating point 
converter can use any kind of coarse quantizers. This Is an Important advantage 
since cyclic RSD solutions are limited In speed (algorithmic conversion). 
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Conclusions 

In this final chapter, general conclusions about the utility of the floating 
point conversion concept are first drawn. The main contributions and 
achievements of the PhD research are then detailed. Finally, tracks for 
future work are outlined. 

Unear A/D converters can be classified In absolute and non-absolute (1.2, 
2.1.2) devices. Absolute converters feature a constant quantization step and are 
useful for applications dealing with signal analysis. On the other hand, non-
absolute converters have a quantization step that Increases along the dynamic 
range while ensuring that at least an appropriate resolution Is achieved. These 
devices ere useful In applications that necessitate signal measurement (control, 
audio, etc.). 

Structures to realize non absolute converters are less complex and as a result 
less power consuming Implementations are obtained. They are thus extremely 
well suited for battery operated consumer products, 

Non-absolute « floating point », « relative precision » and « mixed » converters 
can be distinguished (1.2, 2.1.2). Floating point conversion Is achieved by scaling 
(or adapting) lhe fnput signal in such a way that it fits well Into the fixed range of a 
coarse quantizer. Feed forward and feed back adaptation "strategies" must be 
distinguished. The latter is only efficient for predictable signals while the former-
applies for poorly or non predictable ones. 

Due to the masking effects occurring In the human hear, converters featuring 
a reduced resolution are sufficient for certain audio applications. Hence, non 
absolute devices can be used. Furthermore, audio signals are fairly predictable 
(pitch, spectral density) and ore a perfect case study for feed back floating point 
conversion. 

The Implemented feed back floating point A/D converter features a 9-blt 
mantissa and d 7 value controlled gdln. Because of the controlled gain Internal 
noise, the dynamic range Is limited, on the small signal side, to 13 bits. This 
limitation does not Impair the perceived audio quolity dnd since the power 
consumption at 16 kHz and ±1.3 V is 50 jiW, the main goal of the project Is 
reached. 
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Based on the feed back floating point results as well as on simulations, 
estimates for a dedicated audio feed forward realization can be drawn. For an 
Identical simulated audio quality a slightly higher (+8.5%) power consumption Is 
obtained while the area Is significantly reduced (-40%). This Is due to the tact that 
the feed forward approach does not take Into account the predictability of audio 
signals. As a result an extra coarse quantizer (small but power consuming) 
replaces most of the adaptation logic (big but less power consuming). 

The feed back floating point solution Is entirely satisfactory for audio signal 
conversion. However, A. Heubl Redundant Signed Digit (RSD) mixed linear solution 
features a similar audio quality and power consumption but the area is reduced 
by half. This Is clearty an advantage In chip size sensitive applications such as, for 
example in The Canal (ITC), hearing aid. 

There are other, non audio, applications where the floating point conversion 
might be more efficient, from a power consumption point of view, then mixed 
RSD. Considering Implementation schemes similar to that of the audio converter, 
I.e. using absolute RSD converters as coarse quantizers, the design constraints 
lead to the following conclusions: applications requiring high speed anaVor low 
resolution will benefit from the fact that In floating point converters dynamic range 
and resolution are provided by separated hardware (controlled gain for the first 
and coarse quantizer for the latter). On the contrary, when high resolution anayor 
low speed are required, mixed RSD conversion results In lower power 
consumption. 

Finally, It must be stressed that the floating point approach can use any kind of 
coarse quantizer. Existing converters can thus be enhanced with Increased 
dynamic range. For example, a 8 bit half-flash converter could be used In 
combination with a 4 gains controlled amplifier to result In a fast 12 bit device. 
Because mixed RSD converters are based on a cyclic successive approximation 
algorithm, their speed Is Intrinsically limited. 

8.1 MAIN CONTRIBUTIONS 

8.1.1 Low power feed back floating point A/D converter for 
audio applications 

The Idea of feed back floating point conversion was first published by A. 
Schaub [Scha92]. However It was not suited to low power Implementation and 
the perceived quality was sufficient for speech coding application but still 
required Improvement for the targeted application (speech processor). The main 
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contribution of this work was thus to modify and refine the feed back floating point 
approach, resulting In an enhanced concept and finally In o tow power chip 

gain value 

Analog 
Input cpntaaljed 

6 dB amp­
lification value 

Adaptation * 
Logic \n 

Coarse M 
quantizer ^ Shifter 

Digital 
Output 

3 
Figure 8.1 : Enhanced feed back AID conversion 

In enhanced feed back floating point ATD conversion, the Input sample Is fed 
to a controlled amplifier whose gain values are multiples of 6 dB. The amplified 
signal Is applied to a coarse quantizer whose digital output is fed to a shifter as 
well as to the adaptation logic. The latter keeps track of the applied gain values 
to ensure that the shifter properly formats the quantizer output. It also performs a 
one word prediction and decides which gain value must be applied to the 
Incoming sample. The use of feed back floating point conversion Is thus limited to 
applications where the signal to be converted can be reasonably well predicted. 

For audio signals two solutions can be identified: the first has a 9-bft coarse 
quantizer and 7 gain values for the controlled gain while the second has a 10-blt 
bit coarse quantizer and 6 gain values for the controlled gain. From a power 
consumption point of view the first solution Is best. In both case, two adaptation 
strategies can be applied, The first is based on Jayanfs work though Is only 
realizable thanks to our Improvements i.e. accumulation to 6 dB and reserve-bit 
addition. The second directly applies a 6 dB table obtained through a new 
methodology that uses a pool of Input signals and optimizes simulated 
conversions. 

An audio A/D converter, featuring the first adaptation strategy has been 
Implemented In ALP2, a low voltage 2jam CMOS technology from EM 
Mlcroelectronic-Marfn SA. All the analog parts have been carefully designed and 
dedicated tow power techniques applied, Different controlled gain structures 
have been investigated. The final choice was an Inverting amplifier whose feed 
back capacitor can be selected. This extremely simple scheme is well suited for 
low power Implementation while keeping the area reasonably small. Its main 
drawback Is the sensitivity to capacitor matching. The coarse quantizer Is an 
absolute cyclic RSD converter based on an A. Heubi structure. The digital parts 
have been realized using a low power standard cell library. 
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The chip die size is 1.96 mm2. Only 12% of this area Is used by analog parts 
which however consume 76.5% of fhe power. The latter was measured at ±1.3 V 
and 16 kHz sampling frequency and amounts to 50 pW. Other measured 
characteristics are 13 bits dynamic range and, more Importantly, excellent 
perceived quality- The device fully meets the requirements for a low power audio 
A/D converter. 

Tests of the chips showed lhat the controlled gain Is critical to the overall 
performance of the converter. In particular, Its Internal noise must be such that 
even with the highest gain value, the noise level at the output of the controlled 
gain must be smaller then a half LSB of the subsequent coarse quantizer. This is 
not the case In the present realization and as a resutt the dynamic range Is 
limited to 13 bits (Instead of the 15 theoretical ones). The noise level can be 
decreased by Increasing ttie current of the amplifier as well as modifying some 
transistor sizes. A rough estimation shows that Increasing the OTA polarization 
current by 20% Is sufficient which results In a total (whole chfp) power 
consumption of 55 pW 

8.1.2 Low power feed forward floating point A/D converter for 
audio applications 

In feed back conversion, when the signal to be converted cannot be 
reasonably well predicted, the coarse quantizer size must be Increased. However, 
power consumption In coorse quantizers vqrles with n2 (n is the number of bits). 
Hence, at a certain point, from a power consumption point of view, a feed 
forward Implementation can lead to a more efficient Implementation, As a 
matter of fact, in random type signals, feed forward conversion Is the only solution 
(as opposed to feed back). Another contribution was thus to evaluate the costs of 
a feed forward Implementation In the case of audio signals. 

Feed forward conversion uses the input sample, on which the scaling Is then 
applied, to evaluate the controlled gain value. 

Analog 
input Gain 

evaluation 
gain value 

IE 
Cpntrojjed 

j3atn 
Coarse 

Quantizer 

Digital 
Output 

= f t | Shifter [~\ 

Figure 8.2 : Feed forwards A/D convers/on 
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For audio applications, g feed forward realization requires 7 gain values and 8 
bits In the coarse quantizer. Compared to the teed back solution, only one bit Is 
saved. 

No feed forward converter chip was realized. Nevertheless, based on the feed 
back Implementation results as well as on simulations, some power consumption 
and size estimates can be made. The controlled gain and coarse quantizer 
could be realized similarly as In the feed back Implementation and the gain 
evaluation could be performed by a second coarse quantizer. In this case, 
compared to the feed back Implementation, the resulting chip die size would be 
about 40% smaller while consuming slightly less then 10% more. This solution 
would also meet the requirements for a tow power audio A/D converter and If the 
power consumption Increase Is tolerable, the reduced size Is clearly an 
advantage. 

8.1.3 Floating point converters for non audio applications 

Floating point converters are well suited for audio applications and are a valid 
alternative to obtain non-absolute devices. They feature similar performance to A. 
Heubl's solution though require a bigger die size. If dynamic range and/or 
resolution were modified, which structure would be best suited for non-audio 
domains and what would be the upper limit? 

From a power consumption point of view, considering mixed RSD converters 
and floating point implementations using absolute RSD coarse quantizers, the 
following principles apply: If the controlled gain OTA current is determined by the 
slew rate constraint, floating point structures are well suited. On the other hand, 
when the determining factor is the Internal OTA noise, floating point 
implementations should be avoided. The first case typically arises In high speed 
and/or low resolution applications while the second occurs In low speed and/or 
high resolution cases. When a floating point solution Is foreseen the signal 
predictability determines which of feed back or feed forward method should be 
used. 

The limit of absolute linear cyclic RSD converter Is 14-blt. To reach higher 
dynamic range and resolution It Is better to combine cyclic RSD with some 
oversampllng. The absolute 14 bits RSD converter was realized through digital 
correction of A. Heub'si mixed non-absolute solution. This device can be used as 
a coarse quantizer In a floating point Implementation and the upper dynamic 
range limit established. The maximum dynamic range depends on the minimum 
OTA noise level that can be reached while keeping the consumption low, This Is 
technology related and In the case of ALPI LV, 18 bits seems the reasonable 
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limit. The consumption would be below 600 jiW ot ±1.3 V and 16 kHz and the 
device would feature 14 bits of resolution. 

8.2 FUTUREWORK 

This RiD dealt with floating point conversion for audio signals. The main effort 
was to Implement such a feed back A/D converter while solutions for non audio 
signals were outlined. Some Issues are still open and could be further 
Investigated. 

At a system level point a view, the feed back adaptation strategy could be 
thoroughly Investigated. It has been mentioned that the difference between 
adlacent samples Is the determining criteria. It could be Interesting to consider a 
wide range of non audio applications and study their signals' statistics. The 
applicability limit of feed back floating point conversion could then be estimated, 

At an architectural level, feed forward solutions could be Improved by 
designing a dedicated gain evaluation block. In the power consumption and size 
estimations, a RSD coarse quantizer was used. This solution doesn't benefit from 
the fact that only logarithmic levels must be determined (1, 2, 4, 8, 16, 32, 64). 
Using some sort of logarithmic comparator could result In more efficient power 
consumption and such structures should thus be Investigated. 

The Implemented chip could be redesigned to Include offset compensation 
as well as controlled amplifier non linearity correction. This could be realized 
digitally, resulting In a slight Increase of power consumption. However, the 
resulting die size would probably be much greater. 

Finally, since the floating point approach Is more efficient for high speed/low 
resolution applications, and since any coarse quantizer can be used, new 
targeted non audio devices could be investigated. 
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