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Abstract

With the rapid growth in demand for multi-function device such as cellular phone
and MP3 player, multi-function has hecome :more and more important today. In
today’s device application, digital circuits dominate the whole chip function. However,
the analog-to-digital converter (ADC) isindispensable. The Sigma-delta modulation,
associated with oversampling and noise shaping; Is a well-known technique used in
high-accuracy A/D converters. It IS @mest insensitive to component matching and
variation and is suitable for today’s VLSI design. Concerning the two sigma-delta
modulators, the Sigma-delta modulator for audio application and incremental
modulator for measurement, they have similar architectures and can be combined
together by sharing or merging their similar parts. Therefore, this configurable
oversampling A/D converter can not only have two functions but also reduce the chip
area. Besides, multistage or cascade modulators, also called MASH, can be realized
without stability problems and more programmable. In addition, feedforward
configuration is suitable for this circuit to have low-distortion.

In order to combine the two circuits using feedforward MASH configuration, this
research will focus on how to design a configurable dual-mode low-distortion A/D
converter. The chip has been fabricated by TSMC 0.18-um CMOS process. With an
oversampling ratio of 128 and a clock frequency of 5.12 MHz, the modulator achieves
a 58 dB dynamic range and a peak SNDR of 55 dB for audio application. The
measured resolution of the measurement application is 3 bit lower than the prediction
in the same conversion time with a clock frequency of 5.12 MHz. This thesis



demonstrates that this concept leads to a very simple modular architecture.




MECPALH RS A E LKA A RE S FEL TRL - BEE A
BEPERF A G R EF - BT A EaR e Ah FE A F A R
#ﬂmﬁ%%ﬁ#iﬁ%ﬁﬁﬂﬁﬁﬁpii@d’ﬁ%m%%?%@’L;ﬁ
LAY A AR P E Woﬁﬁ“fwﬁﬁﬁ%ﬁﬁﬂ%%%%ﬁﬁﬂﬁ
TRBEAAEEA EFIITEL Y 0 B Y Do B oK wﬂf#ﬁv’wi
WERRE AT HE bR ¥E LY R A “4£Eﬁ’ TR EE S F R
PP L RpELEENAS T FL T i’tl—??‘.&i’x? LR N
Bosw RBHRIRS P AR Y v ELENL A EAG B e B

R B e MR ILT R ERTE o

F- 35 & N%ﬁﬁJ“f@*??%i”@ﬁﬁﬁim?ﬁ%@ﬁﬁ
;}foﬁi RHEIFIPEERI G Y FA SE AT o B E g
SIEER SR g i%?.”if JINAS 2 ﬁ?ﬁ%WiN;P”P%%%ﬁ
SRMEE N 3 &xiﬁw’ﬂ%“"lpfrZ‘\’P’—mE/%?{bk’ﬁ,? G B LS o
Fes @@ _‘rﬁ;&vﬁﬂ;g Foraigdifse o § (FAE R by B EA Y R L B
HEF - IRE - EFIE i’%’”iﬁli’_ﬁ"d« VBT P BRI Rt g (@
AAmaFEL o AFL L RENN 2 e AH T T8 R R
53%%ﬂ~ﬁﬁ?4?H’*ﬁﬁ@kﬁfmﬁi,gﬂéﬁwvﬁﬂﬁﬁi

FIAFE 5 REEL M ik SPGB 2B e o gt b RS IR S R S

ST LG e ﬁfw,‘a:ﬁ@ﬁiﬁ,ﬂ;mwﬁﬁ»,gg
LI

56?_-;_/7 » = 8)’1%%‘:’”/’54 l”?ipffr °

52

-

TiE 0 U R R BGFRR He A 2 RA P B ) B A
o7 SDE R R B %ﬁé' BE R EEE L R
B Ros BT P A i Ao

Bis o g B A s §EA ey SR REA A A LA KA d NG -
A% mé}‘-}ﬁéﬁp’?% Uripe > Ssrin e o

HEE T R F1 e ETI8 ST
2007.10.1



(@1 7=10) (= g R 911 0o [UTox 1 o o 1

I Yo 1AV (o SRS 1
1.2 TheSISOrganiZation ...........ccceveeiueiieseeie e st et e et e e re e sree s 2
Chapter 2 An Overview of Sigma-Delta Data Converters..........ccoocevveveeceeseeseccee s, 4
P20 I 1 1o o [FTox 1 o o PSS 4
2.2 Overview of Analog-to-Digital Data ConVerters.........cccoovveeveeceeseeseeceeseeenns 4
2.2.1 Categories of Analog-to-Digital Data Converters.........c.coccevveveevreenene. 4
2.2.2 Oversampling Ratio (OSR).........ccouevieieeiieie e ceerie e 5
2.2.3 Signal to N0iSe Ratio (SNR) ......cooieiiiiieiicie et 6
2.2.4 Signal to Noise and Distortion Ratio (SNDR).........cccccvvevvieveeiienene 6
2.2.5 Spurious Free Dynamic Range (SFDR).........cccovveveevieciececce e 7
2.2.6 DynamiC RANQE (DR) ......cceeiieiieiiesieeie st ste et 7
2.2.7 Effective Number of BitS (ENOB).......cccccveveiieiiee et 7
2.2.80VENOad LEVEl (OL)....iceeiieieceeesieete ettt 7

2.3 SAMPIING TREOTEM ..ottt 8
24 WRNITE NOISE.....ueeieiesieste sttt st b e bt se et et et e be e sae e 8
2.5 Oversampling TEChNIQUE ..ot d i iiiia s eeeseee e sieereeee s esee e sre e e 10
2.6 NOISE ShaPIiNG SITALEQY . cuire- v coesses wsir s estasis e enreeseesseesseseesseessesseesseessesseessessses 13
2.6.1 First-Order Sigma-DeltaModulator ..............cccceveeveiceeveece e, 15
2.6.2 Second-Order Sigma-DeltaModulatar...............ccccovevveeeeveeciecieceenee, 18
2.6.3 Higher-Order Sigma-DeltaMadulator ...............ccccoeeveeceeveeceeeeceenee, 21
2.6.4 Multi-Stage Sigma-Delta Modulater (MASH) (Cascaded) ................ 23
2.6.5 System Analysis of Sigma-DeltaAnalog-to-Digital Converters........ 25

2.7 Digital Decimation Filter ...........ccoviiiiieiececeee e 27
2.8 SUMMIAIY ...ttt sttt st st et et e st e s naa e e s ba e e sbeeesbeeesaneeennneeas 30
Chapter 3 Basic Concept of Incremental AX CONVErters.......cccooevveveieeseeceseesennns 31
G300 I 1 0L [F o1 o o OSSP 31
3.2 Theory and application of incremental AX converter.........cccooevveeeieeceeveeene 31
3.3 High-order incremental CONVEIErS.........ccevveieieeseee e 34
3.4 Offset and charge injection COmMpPeNSation ............ccceevveeeveereecee s 42
3.4.1 Conversion using analog error COmpensation.............ceeceeeereeivesenenn. 42
3.4.2 Conversion using analog error COmpensation.............ceceeveereeieeseeenn. 44

S5 SUMIMEIY ittt et be e s be e sbe e sabe e e snbe e nanes 46
Chapter 4 Design of Configurable Dual-mode Low-distortion A/D Converter .......... 47
g R gL 0o (1 (oo OSSP 47
VRS VES (= ¢ g oo 1S Ko U= = 1 o o S 47
4.3 BENAVIOr SIMUIBLION .....cveivieiieieie e 56
4.4 Circuit level implementation.............ccoveveeieieere e 60



4.4.1 Operational AMPLTIEN .....c.cceeiieice e 64

A Oo 1 4] 0= (= (] SRR 67
4.4.3 ClOCK QENEIELON ......ccveieieieeieeeesteeieseese e teeee s sre e e sre e e snaesreenaeennens 69
4.4.4 Bootstrapped SWITChES ..........cceevieiiiiecece e 70
A5 SIMUIEETON FESUIT ...t 72
4.6 Layout |eVEl DESION ......coiieeceee et 75
Chapter 5 Test Setup and Experimental RESUILS...........cceeveeeeieevie e 77
o300 1 0L L1 o1 o o OSSP 77
5.2 Measuring ENVIFONMENL...........ccecieiieie et 77
5.2.1 Power Supply ReQUIBLONS..........ccccceiierieee e 79
5.2.2 Input Terminal CirCUIL..........ccceeiveiecierie e 80
5.3 Testing Board, and Pin Configuration.............ccccceeveeveseesiecsiesee e 81
5.4 Performance Evaluations of Configurable Dual-mode L ow-distortion A/D
(O0 1011/ 4 (< TR PRR PR 82
5.5 SUMMEIY .t nanes 86
Chapter 6 CONCIUSIONS.......c.cecuieieiiecieeiteeee st ste e e ae e e sreeae s e esseeseesreensennneas 88

4



List of Figures

Chapter 1
Chapter 2
Figure 2.1 A general quantizer and itslinear Model ............cccoevevieeiicie s 9
Figure 2.2 A possible oversampling system without noise shaping............ccccceeevveeneee. 10
Figure 2.3 The spectral density of y1(n) after quatization.............cccceeeevievceeieeceseenens 11
Figure 2.4 The brick-wall response of the filter to remove out of band quantization
NOISE POWES ...eeeeieeeteeseeeteeteeaeesseesseeseesseesesseesseesesaeesseensesssesseensesneenseensennes 12
Figure 2.5 The spectral density of y2(n) after filtering..........cccovevevevecce e 12
Figure 2.6 (a) A general noise-shaped sigma-delta modulator (b) Linear model of the
modulator showing injected quantization NOISE............ccceveerreeeeseeiieseene 14
Figure 2.7 A ssmple block diagram of the first-order low-pass sigma-delta modulator
..................................................................................................................... 15
Figure 2.8 The block diagram for the first-order Tow-pass sigma-delta modulator ...... 16
Figure 2.9 A ssimple block diagram of the second-order noise shaping SDM .............. 18
Figure 2.10 Different order noiSe SNAPING.CUIVES. ... coeveeiveeeeeieeeireeeeeeesteeeeeree e e 21
Figure 2.11 A simple block diagram of the second-order noise shaping SDM............. 21
Figure 2.12 A second-order MA SH modul ator using two first-order modulators........ 23
Figure 2.13 Block diagram of an oversampling A/D converter...........cccovveveveesveennene. 26
Figure 2.14 Signal and spectrain an oversampling ADC.........cccoocevvevieeceece e 26
Figure 2.15 Multi-stage decimation filters: (a) sinc followed by an IR filter; (b) sinc
followed by halfband filters...........coveviie i 27
Figure 2.16 Realizing Tsinc(z) as a cascade of integrators and differentiators: (a)
downsampling performed after all the filtering; (b) a more efficient
method where downsampling is done before the differentiators.............. 29
Chapter 3
Figure 3.1 The block diagram of the first-order incremental A/D converter ................ 32
Figure 3.2 A third-order cascaded-integrator/feed-forward modulator structure.......... 34
Figure 3.3 The second-order 1-1 MASH incremental A/D converter.............ccevuenee.. 38
Figure 3.4 The analog error compensation method use discrete-time circuit technique
..................................................................................................................... 43

VI



Chapter 4

Figure 4.1 The basic concept of the the incremental modulator ..............ccccveeveieenee. 49
Figure 4.2 The first-order low-distortion topology .........cccceeeeveeieeiiere e 50
Figure 4.3 The second-order incremental modulator using mash 1-1 low-distortion

1007 00 {00 |20 52
Figure 4.4 The second-order sigma-delta modulator using mash 1-1 low-distortion

100/ 00 {00 |V 20O 53
Figure 4.5 Merging digital filters of two type CIrCUItS..........ccevveceieerececeece e 54

Figure 4.6 The second-order configurable dual-mode |low-distortion A/D convertor .. 55
Figure 4.7 The concept of the higher-order configurable dual-mode low-distortion

F D oo 0V 4 [ SRR 55
Figure 4.8 The system architecture of the second-order configurable dual-mode
|OW-diSLOrtioN A/D CONVEITEN ......eiuieiieiesieie e 56
Figure 4.9 The signal swing in each joint of the system...........ccccccvevieciccecicciece 58
Figure 4.10 The spectrum of each joint of the system...........cccveveicecccecce e 58
Figure 4.11 the input dynamic range of the System ..........ccceceveeveccececce e 59
Figure 4.12 The overall spectrum of the System...........cccevvecevieveice e 59
Figure 4.13 The analog circuit of the second-order configurable dual-mode low-
distortion A/D converter and itsclock phase...........cccoceveveiiiencncnennne 60
Figure 4.14 Noise analysis for asingle-stage amplifier............cccccevveveevecceceesieeene 63
Figure 4.16 Folded cascode OpamIP ... i i i e e ee e eeesreesre e e e e e nesreesre e e 65
Figure 4.17 The frequency response of the Opam.........ccceeeeveereeieceere e 67
Figure 4.18 LOW-OffSEt FEgENEIator ...........vo ettt 68
Figure 4.19 The logic test of the COMPArator ............ccceeveeieeeeeieece e 69
Figure 4.20 The nonoverlapping ClOCK geNErator ...........ccccveeeveecieieeseece e 70
Figure 4.21 The two nonverlapping clock signals and itstwo delayed clock .............. 70
Figure 4.22 Bootstrapped SWILChES..........cccciiieiieececece e 71
Figure 4.23 The gate voltage of the bootstrapped switch and input signdl.................... 72
Figure 4.24 The time domain of the joints of the proposed configurable dual-mode
|OW-diStOrtioN A/D CONVEITEN .....c.ceueeiiiesiesie et 73
Figure 4.25 The power spectrum of the proposed configurable dual-mode
|OW-diStOrtioN A/D CONVEITEN .....c.ceueeiiiesiesie et 73
Figure 4.26 The time domain of the joints of the proposed configurable dual-mode
|OW-diStOrtioN A/D CONVEITEN .....c.ceueeiiiesiesie et 74
Figure 4.27 The layout diagram of the Chip........ccccevieiiiie s 76

VIII



Chapter 5

Figure 5.1 Experimental teSting SEIUP ...ccvoveeeerieie et 77
Figure 5.2 Function generator Agilent 33220A ........cceoieeieeeeseeeie e 78
Figure 5.3 Logic analyzer Agilent 16702B............cccooceeieeveeiesieie e 79
Figure 5.4 Oscilloscope Agilent SAB32D..........ccoeeevieeieeie e 79
Figure 5.5 Power SUPPlY reQUIBLON ..........ccveiieeeeiieeie ettt s 80
Figure 5.6 INput terminal CIFCUIT .........cceeieeieececie et 81
Figure 5.7 Photograph of the dual-mode converter DUT board...........ccccceeeveveeriennene. 81
Figure 5.8 (a) Pin configuration diagram and (b) Pin assignment...........ccccccecvevieenee. 82
Figure 5.9 Measurement result (a) the output of the first stage (b) the output of the
SIS 0] 010 S = o = ST 83
Figure 5.10 Measured OULPUL SPECIIUM ......cvvcueeieeeiecie ettt 84
Figure 5.11 Plot of SNDR versus normalized input Signal ..........cccceceveevecceceesieenene 84
Figure 5.12 Plot of resolution versus conversion time ..........cccveveeeesecveeceeceese e 85



List of Tables

Table 2.1 Various Kinds of Analog-to-Digital DataConverters..........ccoovevveveeceesvesnnene 5
Table 4.1 Specification of the first amplifier ..o 67
Table 4.2 Specification of the configurable dual-mode low-distortion A/D converter. 75
Table 5.1 Summary of measured results of the SDM ..........cccceeieiiiiiccecce e 85



Chapter 1 Introduction

1.1 Motivation

Recently, as the continued scaling of VLS| technology, the digital circuit has more
attractive advantages than analog circuit, such as high level resolution, power
consumption reduction, noise robustness and less chip area. Therefore, analog circuit
dominates the whole chip area relative to digital circuit. However, in rea world,
human only can sense analog signals. Whether how advanced the digital circuit
techniqgue become, the interface to convert analog signal and digital signal is
necessary, which called Analog to Digital Converter(ADC) or Digital to Analog

Converter(DAC).

Understanding why reduce chip size is.important. The yield (number of good
die/total number of die on the wafer) is increased with smaller die size. Another
benefit of reducing die size comes from the realization that processing costs per wafer
are relatively constant. Increasing the number of die on a wafer decreases the cost per
die. Therefore, reducing chip area is important, and it can be the result of having

better layout of fabricating the chip in a process with smaller device dimensions.

Along with rapid growth of multi-function device in many applications, such as
cellular phone, PDA, and mp3 players, system on a chip (SOC) is an important issue
to help devices become smaller and lighter. How integrate these functions and reduce

the chip areais what we want to do.



Oversampling techniques based on sigma-delta modulation offer numerous
advantages for realization of high-resolution analog-to-digital (A/D) converters. First,
oversampling converters relax the requirements placed on the analog circuitry at the
expense of more complicated digital circuitry. The other advantage is that they
simplify the anti-aliasing filter for A/D converters and smoothing filter for D/A
converters. Besides, it has less chip area than Nyquist rate converters. Then,
concerning two different applications of the sigma-delta modulator, sigma-delta
modulator for audio and incremental for measurement, can be designed together in a
smart manner. In addition, feedforward configuration does not only relax the linearity
of the opamp but also simplify the mash architecture and improve the input dynamic

range.

In this thesis, a 3.066mW, 14-bits for.audio,- 16-bits for measurement, and
5.12M S/s configurable dual-made low-distortion analog to digital converter with the
1.8V supply voltage has been designed and.implemented with the standard TSMC

0.18um CMOS 1P6M process.

1.2 Thesis Organization

Thisthesisis organized into seven chapters.

Chapter 1 briefly introduces the motivation of the thesis.

Chapter 2 describes the concepts of oversampling sigma-delta data converters.

First, extra bits of resolution can be extracted from oversampling will be introduced.

Second, the use of shaped quantization noise applied to oversampling signals will be

2



described mathematically. Finaly, the various architectures of sigma-delta modulators

will be compared.

Chapter 3 describes the concepts of incremental converters. First, the basic
operation of the incremental modulator will be introduced. Then, higher order
modulator to reduce conversion time will be discussed. Finally, because of high
resolution and offset cancellation for instrumentation application, the offset

cancellation technique will be described.

Chapter 4 presents the system level design consideration. The merging method
will be discussed first. After building the behavior model, we continue the circuit level
design, including the operation .amplifier, comparator, and nonoverlapping clock

generator. The circuits and simulation results will be shown in this chapter.

Chapter 5 presents the testing environment; including the instruments and external
circuits on the printed circuit board (PCB). Measured results for the configurable
dual-mode low-distortion A/D converter, which is fabricated in a standard TSMC

0.18um CMOS mixed-signal process, will be plotted and summarized

Finaly, the conclusions of thisthesis are summarized in Chapter 6.



Chapter 2 An Overview of Sigma-Delta Data

Converters

2.1 Introduction

In this chapter, the overview of various analog-to-digital converters having
difference advantages and drawbacks will be discussed first. Then, the sampling
theorem will be introduced and we shall see that how extra bits of resolution can be
extracted from oversampling theorem and how it relax anti-aliasing filter. Next,
getting higher resolution through using noise shaping strategy and digital decimation

filter will be discussed mathematically.

2.2 Overview of Analog-to-Digital-Data Converters

Although today is an ever-increasing digital world, analog-to-digital converter
also play an important role to trandate the digital data from our inherently analog
world. However, with the ADC, the input is an analog signal with an infinite number
of values, which then has to be quantized into an N-bit digital word. Then, these

digital words can be coded and be transmitted into DSP unit or digital systems.

2.2.1 Categories of Analog-to-Digital Data Converters

There are many different structures to realize anaog-to-digital converters.

According to speed and resolution, we can categorize these structures into three parts



shown in Table 2.1. Thereis atrade off between speed and resolution and it is difficult
to design ADCs satisfying both demands at the same time. We shall understand this

trade off and choose the adaptable structure for difference application.

TABLE 2.1 Various Kinds of Analog-to-Digital Data Converters

Speed Slow Medium Fast
Resolution High Medium Low
Structure Integrating Successive Flash
Oversampling approximation Multiple-bit
Algorithmic pipeline
Single-bit pipeline Folding
Interpolating
Time-Interleaved

2.2.2 Oversampling Ratio (OSR)

The oversampling ratio (OSR) of ‘a data converter is a ratio of the sampling

frequency to Nyquist-rate.

OSR=—= (2.1)

where f isthe sampling frequency and f, isthesignal bandwidth. When the OSR
isequal to 1 ( f, =2f,), it means the data converter is the Nyquist-rate data converter,
however, when the OSR is great than 1, it means the data converter is the
oversampling data converter. The OSR is the important parameter for oversampling
data converters. We shall see that the increase in dynamic rage is only 3 dB for every

double of the sample rate. To obtain much higher dynamic-range improvement as the



sampling rate is increased, noise shaping through the use of feedback can be used [1].

2.2.3 Signal to Noise Ratio (SNR)

The signal-to-noise ratio (SNR) of a data converter is the ratio of the signal power
to the noise power, which measured at the output of the data converter. A more
common SNR formula is to assume input is a sinusoidal waveform. Then, the

theoretical value of SNR for Nyquist-rate ADC is given by

SNR=6.02xN +1.76 dB (2.2)

But for oversampling ADC with no noise shaping; the theoretical value of SNRis

SNR =6.02XN+1.76+1010G(OSR) dB (2.3)

We can see that every doubling the sampling rate will acquire additional 3 dB

SNR than Nyquist-rate ADC.

2.2.4 Signal to Noise and Distortion Ratio (SNDR)

The signal to noise and distortion ratio (SNDR) of a data converter is the ratio of
the signal power to the power of the noise plus the harmonic distortion components,
which measured at the output of the data converter. The maximum SNDR that a
converter can achieve is called the peak signal to noise and distortion ratio. Generally,

SNDR islower than SNR.



2.2.5 Spurious Free Dynamic Range (SFDR)

The spurious free dynamic range (SFDR) is defined as the ratio of rms value of
amplitude of the fundamental signa to the rms value of the largest harmonic
distortion component in a specified frequency range. SFDR may be much larger than

SNDR of adata converter.

2.2.6 Dynamic Range (DR)

The useful signal range, or dynamic range (DR), of the A/D converter for
sinusoidal inputs is defined as the ratio of the output power at the frequency of the
input sinusoid for a full-scale input 10 the output signal power for a small input for

which the SNDR is unity [2].

2.2.7 Effective Number of Bits (ENOB)

For data converter, a specification often used in place of the SNR or SNDR is
ENOB, which is a global indication of how many bits would be required to get the

same performance as the converter. ENOB can be defined as follows:

enog = TR L g (2.4)
6.02

2.2.8 Overload Level (OL)

OL is defined as the relative input amplitude where the SNR is decreased by 6dB

compared to peak SNR value.



2.3 Sampling Theorem

Sampling is the first step for A/D conversion process that transform an analog
input signal into a sequence of digital code. The Nyquist Criterion defines how fast
the sampling rate needs to be to represent an analog signal accurately. This criterion
requires that the sampling rate is at least two times the highest frequency contained in

the analog signal .

f 3 2f, (2.5)

We shall know if there is some signal that we don’t want above the highest
frequency, the aliasing will occur. Thus, we shall add a low-pass filter before sampling
to filter out the signal above the highest frequency.- This low-pass filter, sometimes
called the anti-aliasing filter, must have flat-response over the frequency band of
interest (base-band) and attenuate the frequencies above the Nyquist frequency
enough to put them under the noise floor, but a low-pass filter having narrow
transition band is expensive. We have another way to deal with this problem.
Increasing sampling rate higher than Nyquist frequency will relax the transition band
of the anti-aliasing filter. Oversampling converters require considerably simpler

anti-aliasing filters than Nyquist rate converters with similar performance.

2.4 White Noise

We can model a quantizer as adding quantization error e(n), as shown in Figure
2.1. The output signal, y(n), is equal to the closest quantization level value of x(n).

The quantization error is the difference between the input signal and output signal.

8



This quantization error is on the order of one least-significant-bit (LSB) in amplitude,

which equals the difference between two adjacent quantization levels.

e(n)

X Y 4 ) % >y

e(n)=y(n)-x(n)

Quantizer Linear Model

Figure 2.1 A general quantizer and its linear model

Many of the origina results andinsightsinta the behavior of quantization error are
due to Bennett [3]. Bennett first-developed conditions under which quantization noise
could be reasonably modeled as additive white noise. A common statement of the
approximation is that the quantization error has the following properties, which we

call it the “input-independent additive white-noise approximation” [4]:

Property 1. q[n] is statistically independent of the input signal
Property 2. q[n] isuniformly distributed in [-A/2, A/2], where A equals one LSB
Property 3. q[n] is an independent identically distributed sequence or g[n] has a flat

power spectral density (white).

Therefore, quantization noise, e(n) can be approximated as an independent
random number uniformly distributed between +D/2. Thus, the quantization noise

power equals A%12 and is independent of the sampling frequency, f,. Also, the

spectral density of e(n), Se(f), is white (i.e., a constant over frequency) and all its

9



power iswithin + f /2 (atwo-side definition of power).

2.5 Oversampling Technique

Oversampling means that the converters operate much faster than the input
signal’s Nyquist-rate. Oversampling can not only relax the requirement of the
anti-aliasing filter, but also improve the resolution of the A/D converters. We have
shown how oversampling can relax the requirement of the anti-aliasing filter in
section 2.3. Next, we will show how it can increase the output’s signal-to-noise ratio
(SNR) by filtering out quantization noise that is not in the signal’s bandwidth.

First, we define the oversampling ratio (OSR) as

OSR=-5 (2.6)

Figure 2.2 shows a possible oversampling System without noise shaping, where
y1(n) is equal to the closest quantized value of input signal, u(n), yi(n) is filtered by

H(f) to create the y,(n), and g(n) is the quantization noise.

yi(n)
u(n) ——> > H(f) > ya(n)

Quanitzer Filter

Figure 2.2 A possible oversampling system without noise shaping

10



Assuming the input signal is a sinusoidal wave and quantization noise is white
noise. After quantization, the spectral density of yi(n) is shown in Figure 2.3. We can
see that the signal of interest are below + f,. Since the quantization noise is white
noise, it means that noise power is uniformly distributed between - f /2 and

+f./2.

Se(f)

\4

-fy/2 0 fy/2

Figure 2.3 The spectral density of.y1(n) after quatization

Figure 2.4 shows the brick-wall response of ‘H(f). After filtering, the spectral
density of y,(n) is shown in Figure'25." The brick-wall response filter out the
guantization noise which are out of our interest bandwidth, and only a small fraction
of quantization noise fall into the range of - f, and f,. However, we know the
total power amount of quantization noiseis D2/12, and the in-band noise power can

reduceto

fs. O _Deael o
e,inband = - 5C - (27)
2f, 12 1260Rg

Therefore, doubling OSR decrease the quantization noise power by one-half or,

equivalently, 3dB (or, equivaently, 0.5 bits).
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A [HE)

-f/2 f, 0 £ fy/2

Figure 2.4 The brick-wall response of the filter to remove out of band quantization

noise power

\4

Figure 2.5 The spectral density of y2(n) after filtering

Assuming the peak amplitude of the sinusoidal wave is 2"(D/2). For this

maximum peak value, the signal power, Py, hasapower equal to

EoN D 7

A _gzﬁé =3 (2.8)

Now we can calculate the maximum SNR (in dB) to be the ratio of the maximum

sinusoidal power to the quantization noise in the signal y,(n). Using (2.7) and (2.8),

12



the SNR_,, isequal to

NR,, = 10Iogg— = 10Iog$ég N Q —+ 10log(OSR) (2.9)
which is aso equal to
NR,, =6.02N +1.76 +10log(OSR) (2.10)

N means that N-bit quantizer using in converter, and increasing 1 more bit can
improve 6.02 dB SNR. Here, we see that doubling OSR will give SNR 3 dB or,
equivalently, 0.5 bits improvement. The reason for this improvement is the constant
quantization noise power uniformly “distribute ‘between - f /2 and +f /2.
Therefore, after filtering out of-band signal-power, it remains a little amount of the

guantization noise power, and SNR improve.

2.6 Noise Shaping Strategy

In this section, using feedback to get the advantage of noise shaping the

quantization noise will be discussed. First, a general noise-shaped sigma-delta

modul ator and its linear model have been shown in Figure 2.6.
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Quantizer

u(n) Looﬁ(glter J_r'_r > y(n)

D/A Converter -

Y

@

e(n)

Loop Filter
u(n) i _.6{)7> y(n)

D/A Converter -

(b)

Figure 2.6 (a) A genera noise-shaped sigma-delta modulator (b) Linear model of the

modulator showing injected quantization noise

Treating the linear model shown in Figure 2.6 as having two independent inputs,
u(n) and e(n), we can derive a signal transfer function, S;-(z), and a noise transfer

function, N.-(2).

Y(7 _ _H(2

= (2.11)
U(z 1+H(2

Se(2)°

Y(2_ 1

NTF (2)° E(2 1+H(2

(2.12)

According to (2.11) and (2.12), the zeros of the noise transfer function, N,-(2),

14



will be equal to the polesof H(z) . In other words, we can control the zeros of the
noise transfer function by choosing the function of the loop filter. We can also using

super position to combine two signals, and find out the output as
Y(2) = STF(2U(2) + NTF(2)E(2) (2.13)

The STF generaly have all-pass or low-pass frequency response and the NTF
have high-pass frequency response. In other words, the STF will be approximately
unity over the signal band and the NTF will be approximately zero over the same
frequency band. The quantization noise will be removed to high frequency band
when using noise-shaping strategy [01]. The quantization noise over the frequency
band of interest will be reduced.and do not affect the input signal. This would

improve the SNR significantly for overal system.

2.6.1 First-Order Sigma-Delta. Modulator

Quantizer

x(n) H(z) J_,J_r

D/A Converter

Y

\

y(n)

A

Figure 2.7 A simple block diagram of the first-order low-pass sigma-delta modul ator

In Figure 2.7, it is a ssmple block diagram of the first-order low-pass sigma-delta

modulator. It includes an integrator and a quantizer. The input of the integrator is the

15



input signal minus the output signal of the modulator through the DAC. In this
example, since the loop filter is a high-pass filter, the noise function should have a
zero at dc (i.e., z = 1). The transfer function of the discrete-time integrator (i.e., have

apoleatz=1)is
1
H(z) =— (2.14)
z

Its block diagram for such a choiceis shown in Figure 2.8.

e(n)

x(n) z' )T

D/A Converter -

Figure 2.8 The block diagram for the first-order low-pass sigma-delta modul ator

According to (2.11) and (2.12), we can obtain the signa transfer function,

S (2), isgiven by

Y@ _ Uz _ . (2.15)

S @00 @D

and the noise transfer function, N.-(2), isgiven by

YO 1 .o
" R ey ) (219
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Combine two signal transfer function, we obtain the output as

Y(2)=z" U (2)+1- 1) *E(2) (2.17)

We see that the input signal is just through a delay to output, and the quantization

noise is through a discrete-time differentiator (i.e., a high-pass filter) to output. We

are interesting in the magnitude of the noise transfer function, |N.(f)|, we let

z=e" =¢e®' and write the following:

i2pf | f ejpf/fs_e—jpf/fs, - iof / f
N (f)=1-e’*'s= 2 2j5e s

— Pl ¢

f_ 2j et (2.18)

QIIO

Taking the magnitude of both sides, we have the high-pass function
_ anPf
N (f)[=2s n(f—) (2.19)

Now we can integrate the quantization noise power over the frequency bandwidth

we interest as below

2
\b \b 3132 f
= 0 S (DN (Do = gﬁof—ezsmaﬁ—% of (2.20)

When f, << f, (i.e., OSR>>1), we can approximate sin((pf)/ f,) to be (pf)/ f,,
S0 we have

17



(2.21)

Now we can estimate the maximum SNR by assuming the input signal having

maximum amplitude. We can obtain as

AR = 10Iog(—) 10|og$e—3 o2 9+10|ogSlo 2 (OSR) 2.22)
or, equivalently,
SNR . = 6.02N +1.76- 5.17 +3010g(OSR) (2.23)

We can see that the first-order noise shaping-can give an SNR improvement for 9 dB
or, 1.5 bits by doubling the OSR. This result should be compared to the 0.5

bits/octave when oversampling with no noise shaping.

2.6.2 Second-Order Sigma-Delta Modulator

»é——» y(n)

D/A Converter -

Figure 2.9 A simple block diagram of the second-order noise shaping SDM
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The second-order noise shaping SDM is shown in Figure 2.9. Through the
arrangement of the block diagram, we can obtain the noise transfer function,

N (f) , asasecond-order high-pass function

N (f) = (L Z1)? (2.24)

and the signal isjust adelay to output. The signal transfer function is given by

Se(f)=2" (2.25)

Combine two signal transfer function, we obtain the output as

Y(2) =z U (2+@1- zH*E(D) (2.26)

The same as before, we interest in'the magnitude of the noise transfer function can

be show to given by

f

N ()] = eZsm (2.27)

BEE

S

Integrate the quantization noise power over the frequency band of interest and use

the approximation, and result is given by

IIO

P= ) S (DING (1)l = ¢y g

m%m
cmn
83:'9
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) g
— - T = = 2.28
@ﬁs €t 5 60 ORg (2.28)

Again, assuming the maximum signal power is used, the maximum SNR for this

caseisgiven by

AR —10|og( ) 10I0g8é3 2N -+1OIog§34 (OSR)5u (2.29)
or, equivalently,
SNR _, = 6.02N +1.76- 12.9+50l0g(OSR) (2.30)

We can see that the second-order noise shaping tan give an SNR improvement

for 15 dB or, 2.5 bits by doubling the OSR.

Compare with shape of zero-, first-, and second-order noise-shaping curves in
Figure 2.10. The noise power decreases as the noise-shaping order increases over the
band of interest. But the out-of-band noise power increases for the higher-order

modulators.
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A
INTe(f)]

Second-order

First-order

Oversampling without
noise shaping

|
| |
0 fo f42

\/

Figure 2.10 Different order noise shaping curves
2.6.3 Higher-Order Sigma-Delta Modulator

e(n)

First Integrator Lth Integrator
- . —»é@——» y(n)

D/A Converter |

Figure 2.11 A simple block diagram of the second-order noise shaping SDM

In Figure 2.11, it shows the block diagram of the Lth-order SDM. We will
discuss the behavior of the high-order SDM in mathematically. Now the noise

transfer function is given by

N (2) = (1 2Y)" (2.31)

Welet z=e"" =e'®"" and the magnitudeis given by
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N (1)) = ezsna*i$ (2.32)

S

8

Integrate the quantization noise power over the frequency band of interest and

use the approximation, and result is given by

2L

\b ﬁ e d’l
=0, 8" (N (el = 0 = > @i éﬁ—m
s @ a

Gep? e2f, 0 l_ Dp 2 ael o

0 2.33
DSk . 5 " 1aq2l+1) SoRy (2:33)

Again, assuming the maximumisignal power is used, the maximum SNR for this

caseisgiven by

a3

NR —10|og( ) 10|0gg €2l +1

&p?

u

o O+10| 60— -
H

S T (OSR)2: (2.34)

or, equivalently,

2L

SNR _, =6.02N +1.76- 10Iogg —+ (20L +10) log(OSR) (2.35)

From equation (2.35) shows the information that we can improve SNR (6L+3) dB
(ie., resolution will increase L+0.5 bits) by doubling OSR, or improve SNR 6.02 dB

(ie., resolution will increase 1 bit) by increasing the level of the quantizer.
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2.6.4 Multi-Stage Sigma-Delta Modulator (MASH) (Cascaded)

There is a problem to improve SNR by increasing the order of the SDM.
Modulators with more than two integrators suffer from potential instability owing to
the accumulation of large signals in the integrators. Another approach for realizing
high-order modulators is to use a cascade-type structure where the overal
higher-order modulators is constructed using lower-order ones. The advantage of this
approach is that since the lower-order modulators are more stable, the overall system
should remain stable. Such an arrangement has been called MASH (Multi-stAge

noise SHaping) [5].

— H](Z)

y(n)

e,(n)

ei(n)
y2(n)
—»| Hy(2)

D/A Converter |-

Figure 2.12 A second-order MASH modulator using two first-order modulators

The basic ideal is to pass along the quantization error of the first stage to another
modulator and combine the outputs using digital filter. Then, the arrangement will
remove the quantization error of the first stage, and left only the second section’s

guantization noise of the second stage which has been filtered twice.
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A second-order MASH modulator using two first-order modulators is shown in

Figure 2.12. We can see that the output of the first stageis given by

Yi(2) = S, (U (2) + Nie, (D E(2)

=zZU((2+@1- ZzHE(2 (2.36)

and the output of the second stage is given by

Y,(2) = S, (2)E(2) + Ny, (2 E,(2)
- 7'E(2)+ (1 7YE,(2) (237

Now we design the digital filtersstage H, and H, at the outputs of the two
modulators. The goal is to remove the quantization noise of the first stage, and this

can achieveif the condition

H1>NTF1_ H2>NTF2 =0 (2'38)

holds. The simplest choice for H, and H, ae H,=S.,=2z"'

andH, = N, =(1- z'). Theoverall output is given by

Y(2)=z2U(2)- 1- ZY)°E,(2) (2.39)

Thus, a MASH approach has the advantage that higher-order noise filtering can be
achieved using lower-order modulators. Since the lower-order modulator is robust,
the overall MASH modulator is stable too. In similar way, we can apply this

approach to complete higher-order modulator without stability problem.
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2.6.5 System Analysis of Sigma-Delta Analog-to-Digital

Converters

The system architecture for typical oversampling ADC is shown in Figure 2.13.
The analog domain includes anti-aliasing filter, sample-and-hold, and SDM. The
digital domain includes decimation filter which contains as digital low-pass filter and
a down-sampling. The anti-aliasing filter is used to filter the out-of-band noise of
origina input signal to avoid noise folding into signal band after sampled and held.
Then, the sample-and-held transform the signal filtered from the anti-aliasing filter to
the signal which has the same value during sampling time, and its value is equal to
the original signal at the moment when the sampling occurring. Next, SDM push the
guantization noise power to hightfrequency domain, and transform the output to
digital domain. The digital low-pass filter will remove any higher-frequency signal
content that was originally on the input-signal, -and downsample the sampling
frequency to Nyquist-rate. Note ‘that the digital low-pass filter here is like an
anti-aliasing filter to limit signals to one-half the output sampling rate. The
decimation filters generally are implemented using digital circuit technique in order
to reduce the power dissipation and are easy to implement. Figure 2.14 shows the
signal and spectra of each stage of oversampling ADC [01]. There are example signal
spectra of an oversampling A/D converter with one bit quantizer in figure, and we can

obtain more acquaintance with the overall system.
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Figure 2.13 Block diagram of an oversampling A/D converter
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Figure 2.14 Signal and spectrain an oversampling ADC
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2.7 Digital Decimation Filter

Although there are many techniques for realizing digital decimation filters for

oversampling A/D converter, we discuss the multi-stage decimation filters in this

section [01].
Rate=f Rate=8f;, Rate=8f;,
Sigma-Delta L L
Modulator - Tsmc(z) - TIIR(Z) >
Sinc""! FIR filter IR filter
(a)
Rate=f; Rate=38f, Rate=4f, Rate=2f, Rate=2f;
Sigma-Delta | L | o
Modulator Ll Tsmc(z) Ll H] (Z) Ll HZ(Z) gl HS(Z) —»

Sinc"*! FIR filter Halfband FIR filters ~ Sinc compensation

Figure 2.15 Multi-stage decimation filters:(a) sinc followed by an IR filter;
(b) sinc followed by-halfband filters

One method for realizing decimation filters is to use a multi-stage approach, as
shown in Figure 2.15. The first-stage Sinc-** FIR filter removes out of band
guantization noise and down sample the signal to four times the Nyquist rate. The
second-stage can be an I IR filter or a cascade of FIR filters to down sample the output
of the first-stage to Nyquist rate. The first-stage Sinc-** FIR filter is a cascade of L+1
averaging filters where the transfer function of a single averaging filter, Taq(2), IS

given by

(2.40)
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where M isthe integer ratio of fsto 8 f,. Then, rewrite (2.40) we can see the frequency

response of an averaging filter, Taq(2), is given by

MY (2) = (?aéﬂé;lz'i 9 (2=0A+z'+z?+L+z2M"U(2) (2.41)
ei=o @

which can also be rewritten as

MY(2)=(z'+z2°+L+z2" W@ +@1- z")U(2
=Mz'Y(2)+(1- zM)U(2) (2.42)

Finaly, we group together Y (z) terms an find the transfer function of this averaging

filter can also be written in the recursive form’as
-zM0
Tw(=— = =—F——1% (2.43)
7}

The frequency response for this filter is found by substituting z = €, which resultsin

sincgyﬂg

T, (e")=— €29 (2.44)
as . Ao
sincc—+
e2g

Wheresinc(x) = sin(x)/x.

A cascade of L+1 averaging filter has the response Tay(2) given by
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Tl =B ZM% (2.45)

The reason for choosing to use L+1 of these averaging filters in cascade is similar to
argument that the order of the analog low-pass filter in an oversampling D/A
converter should be higher than the order of the sigma-delta modulator. An efficient

way to realize this cascade-of-averaging filter isto write (2.45) as

2 1 (_jL+1 1
T. (2)= = (1- 2" 2.46
smc( ) gl- Z_l o ( ) M L+1 ( )

and thusrealize it as shown in Figure 2.16 [10].

In
.( ? _$<_|E

(Integrators)

In
= I

(Operate ate high clock rate)

7

(Operate at low clock rate)

(b)

Figure 2.16 Realizing Tsinc(z) as a cascade of integrators and differentiators: (a)
downsampling performed after all the filtering; (b) a more efficient method where

downsampling is done before the differentiators
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2.8 Summary

In this chapter, we have introduced the basic principles of sigma-delta modulator.
The advantages of the sigma-delta modulator are obtained form oversampling and
noise shaping. By oversampling, the quantization noise is uniformly distributed over
+ f,/2, and there is a little part of original quantization noise in our interesting
bandwidth. Then, by feedback arrangement, noise shaping suppress the noise power
in signal bandwidth, and improve SNR. Here, various architectures of SDM such as
single-loop and cascaded was introduced and compared. Besides, we discuss the
overall architecture of the oversampling A/D converter, and describe how the signals
change in different sections. Subsequently, we give an example to show the signal
and spectra of each stage of oversampling ADC:.Finally, we simply introduce the
principle of the decimation filter. Now we get the.common sense of the sigma-delta

A/D converter.
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Chapter 3 Basic Concept of Incremental A XY

Converters

3.1 Introduction

For instrumentation application requiring high resolution and offset cancellation,
the converters are mostly based on the dual-slope principle. The drawbacks of this
approach are the large external capacitors that are required for the integration of the
input voltage and the relatively large conversion time [6]. Indeed, both are
exponentially increasing with resolution.. In [7], a better implementation , called
incremental A/D converter, has been proposed:: The integration of the input signal and
of the voltage reference are mixed in time. This suppresses the need for large storage
devices. An important feature of‘thisiconverter-is that it can achieve a very good offset
and 1/f noise cancellation. In this chapter, the theory and application of incremental
A ¥ converter will be introduced first. Second, high-order single loop incremental
and high-order MASH incremental will be discusses mathematically. Finally, the main
problem of incremental A Y converter are offset and charge injection problem, and

offset cancellation will be described.

3.2 Theory and application of incremental A X converter

The first-order incremental A/D converter represents a hybrid between a
Nyquist-rate dual sope converter and a A > one [8]. Here, we will describe the

operation of the uni-polar first-order incremental A/D converter. In Figure 3.1, it isthe
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block diagram of the first-order incremental A/D converter including an integrator in
the loop, one-bit quantizer after integrator, and a digital counter at output. The main
difference is that there the integration of the input and the reference is performed

separately, while here, they are alternating.

‘ Reset

Reset
v
Vin H(z) .

I »  Counter
( - Dout
Vref

Figure 3.1 The block diagram of the first-order.incremental A/D converter

We introduce the operation of this-circuit step by step. Now we assume the input
signal close to DC, and nearly a constant DC'level. At the beginning of the conversion,

the integrator in the loop and the digital counter at output are both reset. We can set

the conversion time (n = 2™ ) according to the required resolution (n,, ). For example,

if the required resolution is 6bit, the conversion time will be 2° steps. Whenever the

input to the quantizer exceeds zero, its output becomes 1, and -V, is added to the

input of the analog integrator. After n steps, the output of the integrator becomes

V=nV, - NV, (3.1)

, Wwhere N isthe number of clock periods when feed back was applied. Since this
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circuit is a feedback topology, the output of the integrator V  must

satisfy - V., <V <V, , it follows that

in?

(3.2)

2

1

>

MO0

5
(SRR}

=+

@

where e between -1 and 1. We can easily get the digital representation of the input
signal N by a simple counter at the output of the modulator. Note that the residual

error at the output of the integrator is

V=-2eVy (3.3

where e, between -0.5 and 0.5 is the quantization error of the conversion. For

example, the input signal V,, = 0.075V.4-resolution n,, =6bit, and the conversion
time n=64 will be calculated. When the output of the integrator accumulates up to
switch point, the output of the quantizer will becomes 1, and the input signal will be

minus V., next step. After conversion, the digital representation of the input signal

N isb.

The incremental converter is structurally similar to the conventional A X
converter, but there are significant differences: (1) the conversion is operated and
realized in the form of discrete-time circuit; (2) both analog and digital integrators are
reset before and after each conversion; (3) the decimating filter following the A X

modulator can be realized with a much simpler structure (in this case, with a simple
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counter).

3.3 High-order incremental converters

The biggest drawback of the first-order incremental A/D converter is that its
conversion time is too long: for n-bit resolution, it needs 2" clock periods for each
conversion cycle. To reduce the number of cycles during one conversion, we can
increase the order of the incremental. The main purpose is to speed up the
accumulation of the integrator. In [08], high-order single loop incremental converter

was described and in [9], the use of the two-stage (MASH) incremental converter was

described.
! al
> a2
R&eetl Reaetl le
vin Dout
- p ® j > cl j - c2 I » a3 :F >
+ D/A Converter |-

Figure 3.2 A third-order cascaded-integrator/feed-forward modulator structure

First, we describe the high-order single loop incremental converter. The
operation will be discussed in terms of a third-order cascaded-integrator/feed-forward
modulator structure shown in Figure 3.2. As in the first-order modulator, all memory

elements, both analog and digital, must be reset at the beginning of each conversion



cycle. We use the notations of Figure, the output of all integrators can be found in the

time domain after n clock cycles. Thefirst integrator’s output samples are given by

V,[0]=0
V[l =b(V,,[0] - dpVier)
Vial2] =V, [ +b(V,,[0] - V¢ )

M

= b(Vm[O] +V|n[1] - dovref - dlvref)

VoI =b3 (K- dV,,) (34

where d, =+1 isthe quantizer output in the kth cycle.

similarly, the second integrator’s output samples are given by

V,[0] =0
V,,[1] = eV, [0] +V,,[0] =0
V,,[2] = V1] +V,,[1] = ¢ (v, [1] +V,,[O])

M
rgl %—1 Iél
VI =& Vall] = cbd & ViIKl- dV.y) (35)
1=0 1=0 k=0

and the third integrator’s output samples are given by

Vi3[0] =0
Vo[l = cV,[0] +V,[0] = ¢,V 20] = 0
Via[2] = eV, [ +V, [1] = ¢, (V,,[1 +V,,[0]) = 0

M

V[l = 6,8 V[

m=0
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n-1m-1l-1

=c,chba a a MiIKl- dV.) (36)

m=0 1=0 k=0

In the following, a constant V,, is assumed. In circuit design, it can be achieved by

n

using sample-and-hold (S/H) circuit at the input of the converter. If the loop is stable

for al possible dc inputs, V;[n] will be bounded by +V., . Rearranging (3.6) and

assuming aconstant V, , we can get
_ _ n-1m1l-1
Vo = S5 A0y c.opd & & av, 37)
m=0 1=0 k=0

Itisbounded by *V.,, and we can get

- - n-1m1l-1
- Vref < CZClb(n 32)(n 1)nvin - Czclbé. é é. dkvref <Vref (38)
m=0"1=0"k=0

Rearrange (3.8) and compare with the equation - VLTSB<Vin- DV <VLTSB we

common used in A/D converter, we can get

3 3 BBt 3
- Vg V- —————V,daad< Ve (39
cgb(n- 2)(n-Jn " (n-2(M-Dn “ 55— cehin-2(n-In @
Thus, after n clock periods, an estimate of V,, can befound as
. 3 Blgtst
Vin = DVinVLSB =—Vef aaa dk (3-10)

(- 2)(N-Dn ™ %1% keo

and D, can be easily got from cascading three digital counter at the output of the
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converter. Besides, we can find the equivalent value of the LSB voltage as

3
Vig = Y/ 3.11
B ceb(n- 2)(n-Dn (311)
The relative quantization error (in LSBs) can also be found. It is given by
V.-V, 1 Bt 1 (n- 2)(n-Hn V.
e =-"—=Zcchb d, - =cchb n 3.12
TV 20 aane ottt e, 12
Hence, from (3.7)
Vio[n] =- 2V €, (3.13)

Thus, the quantization error can“be found in analog form at the output of the last

integrator. From (3.11), the equivalent number of bits (ENOB) can be derived as

BV, 0 n- 2)(n- Yng
Ny, =109, 2 = logzé%quug
Vis o e 3 2

» 3log,(n) +log,(cc,b) - 2.6 (3.14)

Where n>>1 was assumed.

In design, one needs to find the lowest value of n consistent with the required
resolution. However, the scale factors cannot be chosen independently since they
affect the stability of the loop. We can choose these coefficients by computer to

reduce the required conversion time and avoid overloading the integrators [08].
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The derivations can easily be generalized to an arbitrary-order CIFF A ¥

modulator. The general expression is

n-1 k-1 k-1
Duin :iné é I—é dy (3.15)

L k=0k,.=0 k=0

Where L isthe order of the analog loop.
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Figure 3.3 The second-order 1-1 MASH incremental A/D converter

Since the high-order single loop incremental modulator have more than two
integrators in the loop, their outputs can be very large and mush be limited, which is
not acceptable in the design of high-order incremental A/D converter. The high-order
incremental modulator using MASH structure was proposed [08]. The second-order

1-1 MASH incremental A/D converter is shown in Figure 3.3. The stability of this
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modulator is ensured because there is only one integrator in each loop. The basic
operation is the same as the first-order incremental converter, and the main difference
isthat the first modulator deliversits output of the integrator to the input of the second
modulator. The signals continue to accumulate at the output of the integrator of the
second modulator, and reduce the conversion time. Next, we will describe this

structure mathematically.

At the beginning of the conversion, the integrator in the loop and the digital

counter at output are both reset. Assuming the input V,, is constant. In the first

period, the output of the each integrator is given by

Vil =V, - aV.g (3.16)

V=0 (317)

In the next period, the output of the each integrator is given by

Val2] = 2V, - (8, +8,)V« (3.18)
Vil 2] =V, - @V - bV (3.19)
Vil3] =3V, - (& + &, +&;)Vg (3.20)
Viol 3] = Vi, - (28, + 8,V - (B, + D)V, (3:21)

Inthe n period, we can rearrange the output of the each integrator
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|1[n] = nV a. a1Vref (322)

i=1

VoIl = (n- DV, /2- B a(n- iV, - & BV, (3.23)
i=1 i=2

andinthe n+1 period, we can obtain

V,[n+ =n(n+1)V, /2- aa(n+1 IV, - n+le (3.24)

=1 i=2

Again, it can be shown that the dynamic range of V,,[n+1] isgiven by
-V, EVL [N+ £V, (3.25)

with (3.24), (3.25) can be rewrittenin the form of

n n+l
- Vig En(N+1V, /2- § a(n+1- TV, g bV,s £V, (3.26)

i=1 i=2

Rearranging (3.26) is given by

2 id T 0 2 2
-——V_EV,_- n+l1-i)+ b £— 3.27
n(n+1) ref in ,:\Ia.:l a1( ) a. |g ( +1) ref n(n 1) ref ( )
Compare with the ideal A/D converter quantization error isnormally given by
- VLZSB <Vin- DV, ¢ VTSB (3.28)
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We can obtain the digital code of V,,

N,, V,g,andresolution n,, asfollow

4

Vig = mvref (3.29)
n n+1 "
N, ;é’la(nﬂ l)+ahrv) (330)
i=1
2V,
N =10, 2= log, [n(n+3)] -1
Ls8 @
=2log,(n)-1 if n>>1 (3.31)

As an example, a 16-bit resolution, which requires from (3.31) that n=362.

An extra-bit accuracy can be obtained by detecting the sign of V,,[n+1] at the
end of the conversion cycle. This can be achieved without increasing significantly the

conversion time. Equations (3.29)-(3.31) are replaced-by

Vig =2V, (3.32)
n(n+1
%a a(n+1- I)+5hg+sgn(\/.z[p+1]) (3.33)
Ny = Iogz[n(n +1)] (3.34)

Hence, for a 16-hit resolution, a total number of n+1=257 integration periods is

required for each conversion cycle.

We can extended to a L th (L >2) order incremental A/D converter. Due to the use
of a multistage structure, there are no overload effects even if L >2. The resolution of

L th-order incremental is given by
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My =10 lSO(nﬂ ')u/uié”
€

=Llog,(n)- log,(L!)+1 (3.35)

and the total number of integration periods becomes N, =n+L-1 required for

each conversion cycle as a function of the resolution and the order.

After optimization the coefficients of the single-loop high-order incremental A/D
converter, we compare the conversion cycle of multistage high-order incremental A/D
with the conversion cycle of the single-loop high-order incremental A/D converter,
and we will find that the conversion cycle of the multistage high-order structure is
better than the conversion cycle of the single-loop high-order structure at the same
resolution. Besides, the stability of the multistage high-order modulator is ensured

because it only has one integrator in each-loop.

3.4 Offset and charge injection compensation

The above discussion ignored the errors introduced by the offset voltage of the op
amp and by charge injection due to the clock-feedthrough effect. These errors must be
compensated to avoid reducing resolution. Through circuit technique, these errors can
be constant (i.e., it is signal independent). There are two way to compensate constant
errors, the digital error compensation method and the analog error compensation

method.

3.4.1 Conversion using analog error compensation
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The analog error compensation method use discrete-time circuit technique in
Figure 3.4 [09]. In this circuit, G,R isthe gain of the opamp used in the integrator,

while G, isan attenuator stage. The G, compensation circuit is not in the signal

path. The original frequency/speed performance can be maintained.
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Figure 3.4 The analog error compensation method use discrete-time circuit technique

During reset mode (f, =1), we can obtain

Vo :V051 )GmlR+ (Vosz - Vo) >GmzR (3-36)

where V., and V,,, are the input-referred offset of the G,- R and G, - R

pairs. Then, we rearrange (3.36), and obtain the output of the opamp used in the

integrator
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vV :V051 Gy R+ Vo, > G R

3.3
) Y (337)

and, we approximate (3.37), if G,,R>>1

V, »Vog xg_ml +Vos2 (3.38)

m2

During reset mode (f, = 2), we can obtain,

VO :\/i >GmlR-i-VOSl xg_ml +VOSZ + DV >Gm2R

m2

= Gmle/i + Yoy Vos2 4 py %2 (3.39)

G,R GyR G

Then, (3.39) divideby G, R, and the input-referred offset is given by

Vost
G

V.
4 Vos2 | py Cre (3.40)
R G_R G,

Vosin =
m

where DV is due to the mismatch between the switching errorsof S5 and S6. Its

effect on V, can bereduced by making G,,/G,, small.

3.4.2 Conversion using analog error compensation

The digital error compensation method has been proposed in [08]. In order to
compensate the effect of the input-independent offset caused by switches and

amplifier, the conversion cycle is divided into three periods preceded by a reset of



each integrator output and a sample and hold of input.

(1) During the first period, which requires N, integration periods, the operation of

the modulator has been described. The output of the last integrator V, isgiven by

- .
V. [Np] = io (p+i- 1)%\4n/L!+Fl<a,b,L,vref p.L)
i+1

i & . .
12\/050 (p+L- J)[\,;/(L- i +1) (3.41)
|

=

+
. QJO,_

1

where F,(a,b,L,V,p,L) representsthe voltage component of V, related tothe

reference voltage.

(2) During the second period, the output voltages of the first L- 1 integrators are

reset (V[p+L]=0, 1£i £ L= 1), while V_[N;;] isinverted:
VLN +1=-V, [N] (3.42)

(3) During the third period, which requires N,, integration periods, the circuit
operation is analogous to that of the first period, except that the voltage V,

integrates -V,

in

instead of V,,. The output of the last integrator V, isgiven by
i N u

V [2N,, +1 =- iZE (p+i- 1)%/in [L+F2(a,b,LV..,p, L)g (3.43)
T €i=x ]

Then, al error terms have disappeared. It can be shown that resolution is now given
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by

- )
n, :|ogzio(p+|_+1)§/|_!+2

I i=1

=Llog(p)- log2(L")+2 [bits], if p>>1. (3.44)

After compensation, the total number of integration periods N,,. =2p+L required

for each conversion cycle as a function of the resolution and the order.
3.5 Summary

In this chapter, we introduce the, theory of the incremental converter for
instrumentation application requiring highrresolution and offset cancellation. Then,
we discuss the trade off between resolution‘and conversion time mathematically. In
order to reduce conversion time;-high-order converters in the form of single loop or
multistage have been introduced. “Besides, the offset and charge injection
compensation using analog compensation and digital compensation have discussed.

Now we get the common sense of the incremental A/D converter.
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Chapter 4 Design of Configurable Dual-mode

Low-distortion A/D Converter

4.1 Introduction

This chapter introduces the design of configurable dual-mode low-distortion A/D
converter. It will focus on how to merge the MASH sigma-delta and incremental A/D
modes using low-distortion architecture. In system level, we will discuss how to
merge two function circuits and introduce the basic building block of the configurable
dual-mode low-distortion A/D converter. Next, the behavior mode will be constructed
and checked by MATLAB. Then; we implement this circuit in circuit level and
considerate its non-ideal effects. Finally, we.will. show the whole chip performance

and layout of this circuit.

4.2 System consideration

Before determining the basic block diagram of this circuit, we should know the
concept of the incremental and sigma-delta. Now the basic concept block diagram is
shown in Figure 4.1. Although there are different types to implement incremental
function, they have the same basic concept that is through the feedback to control the

output of the integrator distributing between —V,« and V4. Then, compare this
relation to - VLTSB <V, - D,, <VLTSJB which we usually use to check the resolution of

ADCs.
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There is an example to show the function of the incremental modulator. As
shown in Figure 4.1, no matter what order or architecture it has the same concept.

When the loop is running, the output of the last integrator is given

- Vref < (Nvin), \/in - (Na1), Vref <Vref (41)

where N;, and N, are the coefficients which the input and V,, accumulate at

the output of the last integrator respectively. We can rearrange (4.1) to

- Vr_ef <\/in - M’ Vref <Vr_ef (4_2)
(Nvin) (Nvin) (Nvin)

Ideal ADC quantization error isnormally given by

- VLSB <\/in - Dvin <\/L_SB (43)
Now we can definethe V,; and D,, as
2V,
Vig =10 4.4
- (Nvin) ( )
Na ).
Dvin = (—261) VLSB (45)

We can even know the relation of the conversion time and resolution if we can get

N,, and N, . Definitely, we can trace the output of the modulator to the last

integrator and let it through the same type digital accumulator. Then the output of the

digital accumulator will be N, and sodoes N, .
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Figure 4.1 The basic concept of the the incremental modul ator

The second-order incremental A/D converter was proposed [09], but we know the
incremental modulator must sequentially accumulate the signal in the loop and it is
not suitable to sigma-delta modulator because the action of creating quantization of
the first stage. On configurable oversampled A/D converter was proposed [06]. This
circuit controls its feedback delay in order to let the output of the integrator to be the
guantization noise. This arrangement can make this merge function work, but the
trade off is its addition capacitor. ‘Using separate capacitor of the input and reedback
will affect the coefficient of the modulator. Besides, more capacitor at the input
terminal will cause lager capacitor area in design because of the therma noise

consideration.

The feedforward low-distortion topology was proposed [11]. This topology can
reduce sensitivity to opamp nonlinearities and improve input signal range. By using
this topology, high-order design need only one feedback path. This advantage is very
remarkable when design multi-bit quantizer in the loop. Besides, it smplify MASH

architectures. We explain these advantages as bel ow.
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= y(n) —

DAC -

Figure 4.2 The first-order low-distortion topology

Figure 4.2 show the first-order low-distortion feedforward topology. Through
arrangement, feedforward topology can maintain the original transfer function. First,

the signal and noise transfer function is given by

1+H

_ 1 1
NTF(2) —m(l- Z7) 4.7
Where H(z) = Z-l_l
1-z

Second, we calculate the output of the integrator as follow.

Y(2) =H(2)’[U(2)- V(2)]

=H@{U@- U@ +NTF(2:Q(2)]}
= - H(2)>NTF(2)°Q(9)

=-7'Q() (48)

It is quite obvious that the output of the integrator is only a delay of the
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guantization noise without input signal. In other word, the filter does not deal with the
input signal and the input signal directly feed forward to the input of the quantizer.
This can improve input signa range because the signal will not be limited by the
opamp nonlinearities. Therefore, the need of the sensitivity to opamp nonlinearitiesis
decrease. Moreover, because the quantization noise is just at the output of the
integrator, we can directly let it to the next stage without any additional circuit when

design MASH architectures.

Now we design the second-order incremental modulator using mash 1-1
low-distortion topology as Figure 4.3. Since the incremental modulator need to
sequentially accumulate the signal in the loop, this topology is suitable to the
incremental modulator, and it can.achieve more advantages. As above discussion, we
trace the output of each quantizer, and let it through the same path using digital

accumulators. Therefore, the Vi and~ D, are given by

2,
Vo= T 49
- (Nvin) ( )
Dvin = (Ngh) ’ VLSB (410)

where N, and N,

are the coefficients which the input and V,, accumulate at

the output of the last integrator respectively. Of course, every conversion need reset

integrator first.
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Figure 4.3 The second-order incremental modulator using mash 1-1 low-distortion

topology

Figure 4.4 shows the second-ordersigma-delta modulator using mash 1-1

low-distortion topology. The output of the first modulator and the second modulator

are given by
Vo =Vin+(1- 21)Q, (4.11)
Vouo =-Z°Q, +(1- Z1)Q, (4.12)

where Q and Q, are the quantization noise of the first modulator and the second
modul ator respectively. The spirit of the MASH architectures is that the output digital
filter function is to cancel the quantization noises expect the last quantization noise.
Therefore, it can achieve high-order using lower-order without stability problem.

Through this arrangement as Figure 4.4, the overall output of the modulator is given
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by

Vou = Z_l, Voutl +(1' z 1), Vout2

out

=Vin+(1- zH’Q, (4.13)

where V,,, and V,,, arethe output of the first stage and the second stage

respectively. Therefore, we obtain the second-order sigma-delta function.

Y

% Vout
Vip — H(Z) - + _II_ : Z_l — .(_I_) > Vout

- A
DAC -
\
Vout2 —
H(z) _II_ > 7!
DAC -t

Figure 4.4 The second-order sigma-delta modulator using mash 1-1 low-distortion

topology

In addition to, we also merge the digita filter follow the two type modulator [06].
The left side of Figure 4.5 shows the classical digital part of a second-order converter.
The output V,,,, and V,,, are from the different stages of the modulator are first
separately differentiated and delayed. After that, they are added together. The result of
this summation is then fed into the cascade of accumulators of the comb filter. The
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simplified circuit, shown in the right side of Figure 4.5, is obtained by suppressing for
each signal path the differentiations and a corresponding number of accumulations.
This is achieved by feeding the different output of the stage directly into the

corresponding stages of the cascade of accumulators.

Vout 1 > i z

Voull

VuulZ

(12" (12"

! !

Figure 4.5 Merging digital filters of two type circuits

Finally, the proposed configurable dual-mode low-distortion A/D convert is shown
in Figure 4.6. Two function circuits share most circuit except an additiona digital
integrator and digital differentiators. The differentiator is used only in sigma-delta
conversion mode. It is shunted in the incremental conversion mode. Figure 4.6 shows
the output location of two mode converter. Besides, this topology can extend to
higher-order dual-mode converter. The concept circuit is shown in Figure 4.7.
Understanding the trade off between the conversion time and resolution can help

designer to configure the circuit to fit their requests.
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Figure 4.6 The second-order configurable dual-mode low-distortion A/D converter
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Figure 4.7 The concept of the higher-order configurable dual-mode low-distortion

A/D converter
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4.3 Behavior simulation

Figure 4.8 is the system architecture of the second-order configurable dual-mode
low-distortion A/D converter. Before the circuit level implementation, we need to
simulate the behavior of the system. Here, we used MATLAB to simulate and analysis
the system performance. We need to simulate the configurable dual-mode

low-distortion A/D converter in discrete-time domain as discuss above.

Vour
Vin J—» zY(1-7Y _|I_ >

DAC |=
Y
Vout2
7Yt [ >
o (-2 ]
DAC -t

Figure 4.8 The system architecture of the second-order configurable dual-mode

low-distortion A/D converter

First, we use MATLAB code to simulate the incremental mode. When this
program execute, we can input the vin, nbit and clock period. Then, this program will
help us to calculate the conversiontime, V, 4, D,, and check the resolution is right
or wrong. For example, the program will show
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“Please input vin, nbit and T to calculate Dvin, period and Tconcersion”

Then, after inputting our configuration the program will show

vin=0.4123

nbit=16

T=1/(5.12*10"6)

Conversion period =363

VLSB =1.530432653311091e-005

Dvin =0.04122985568020

check (-VLSB/2)<(vin-Dvin)<(VLSB/2) ok

Tconversion =7.089843750000000e-005

This program can help us configure our-circuit and estimate the trade off between
the conversion and resolution. When simulate'in circuit level, this program is very

convenient for usto configure and compare with.

For sigma-delta mode, we also can use the same program to estimate the system
behavior. For this design, the OSR is equal to 128 and reference voltage is equal to
0.5V. First, we should check the signal swing in each joint of the system. The signal
swing of the output of each integrator is shown in the top of Figure 4.9 and the signal
swing of the input of each quantizer is shown in the bottom of Figure 4.9. We get the
information that the swing of the input of the quantizer will be twice of the output of
the integrator. Therefore, for TSMC CMOS 0.18 pum standard process design we
choose the full scale as 1V and the reference voltage as 0.5V. Second, we should

observe the spectrum of each joint of the system. The spectrum of the output of each
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integrator is shown in the top of Figure 4.10 and the spectrum of the input of each
quantizer is shown in the bottom of Figure 4.10. As we discuss above, the output of
the integrator will be the quantization noise and its spectrum should be a white noise.
The reason why the spectrum of the first output of the integrator is not awhite noiseis
that the white noise assumption for 1-bit quantizer is too rough. The quantization

noise of 1-bit quantizer is greatly input dependence.
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Figure 4.9 The signal swing in each joint of the system
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Figure 4.10 The spectrum of each joint of the system
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Besides, we also can sweep the input dynamic range of the systemin Figure 4.11.

The dynamic range s linear without distortion and its can achieve nearly 98db.

DR sweep

&

SNDR (dE)

. | . | . | ) L ! |
2-9130 90 80 70 60 B0 40 30 20 -0 O
sing peak(dB)

Figure 4.11 the input dynamic range of the system

Finally, the overall spectrum of the systemis shown in Figure 4.12. The SNDR
can achieve 91.58db where the tnput is a sine wave with 0.4V amplitude. Because the
circuit level simulation time is too large, choosing appropriate input amplitude is
importance. We simulate this performance in system level for checking the subsequent

performancein circuit level.
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Figure 4.12 The overall spectrum of the system
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4.4 Circuit level implementation
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Figure 4.13 The analog circuit of the second-order configurable dual-mode

low-distortion A/D converter and its clock phase

From the system level simulation, we can predict and obtain the system

performance roughly. There are many ideal components in the system level simulation.

But for circuit level implementation, there are more detail considerations in the design.
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The whole analog part of the circuit is shown in Figure 4.13. A fully differential
configuration has been adopted in order to ensure high power supply reection,
reduced clock feedthrough and switch charge injection errors, improved linearity, and
increased dynamic range. Operation of the modulator is controlled by a
nonoverlapping two-phase clock. During phase 1 al of the switches labeled S; and Sg
are open, while those labeled S, and S; are closed, and the input to the integrator is
sampled onto the capacitor Cs, and the adder adds the input and the output to the
integrator. In phase 2, switches S; and S; open, while S, and S, close, and charge
stored on Csistransferred to Cy, and the adder reset. During this phase, the closing of
switches S; has the effect of subtracting the output of the two-level D/A network from
the input to the integrator. The charge injected by the MOS switches in the circuit of
Figure 4.13 is a common-mode Signal that.is canceled by the differential
implementation of the modulator. Signal-dependent charge injection is further

suppressed by opening switches'S; and'Sq-slightly before S; and S, respectively [12].

In discrete-time circuit design, we should promise that the thermal noise will not
dominate whole performance. Model opamp as a one-pole system. The research of the
relation between the switch noise and the opamp noise is shown in Figure 4.14. For
x<<1(i.e., for gml<<l/Ron), the op-amp dominates both the bandwidth and the noise,
while for x>>1(gm1>>1/Ron), the switch effects dominate. Since the general case is
gm1>>1/Ron, we should estimate the switch noise to lower than our design noise
level. The total noise power is minimized, and becomes 2kT/C,, if x>>1, i.e, if the
condition gm1>>1/Ron holds. Although there are other noises in the circuit, they can
be ignored [16]. The noise power within the base-band of an oversampling modulator

introduced by afirst-stage integrator is then
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4KT
OSR>C

(4.14)

where C, is the sampling capacitor. If the maximum amplitude of the differential

input to the modulator is V,,, then the power of afull-scale sinusoidal input is

P, = (4.15)

We can also calculate the SNR to be the ratio of the maximum sinusoidal power to the

switch noise. Mathematically, we have through the use of (4.14) and (4.15)

2
Rz = Ve ORC, (4.16)
P, 8kT

If we want to design a high resolution circuit; the large capacitor is critical. To

design the resolution and OSR will depend on the equation

AR, =6.02N +1.76- 12.9+5010g(OSR) (4.17)

We design 14bit equal to 86.04dB for audio, and use one-bit quantizer. After
calculating, OSR larger than 67 is critical for this design. For switch noise and other
nonlinearities consideration, we choose OSR equal to 128 and the sampling frequency

isalso equal to

f,=OSR" 2f, =128" 2" 20kHz=5.12MHz (4.18)
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Now we can estimate the sampling capacitor for switch noise consideration. We

design the sampling capacitor 1pF to let the noise floor lower than 89dB.
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Figure 4.14 Noiseanalysis for asingle-stage amplifier

The design of the differentia ‘operational-amplifier is key to successful realization
of the integrators. A consideration of integrator leak mandates that the amplifier
open-loop gain be at least equal to the oversampling ratio, OSR=128 [02]. However,
the gain must generally be somewhat larger than this in order to adequately suppress
harmonic distortion. An operational amplifier that is not slew-rate limited is essential
in order to avoid slewing distortion. The integration is accomplished only during
phase 2 and thus must be completed within one-half the clock cycle. For an amplifier
with a single dominant pole and unity-gain frequency f,, the impulse response of the

integrator output during phase 2 will be exponential with atime constant [13].
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Itisequal to

( = 1*CGJC
2pf,,

(4.21)

The fact that only one-half of the clock period T is available for the integration has

been accounted for in this equation.

, 1+C//C,

fu
pT

(4.22)

The fact that only one-half of the clock period T is available for the integration has
been accounted for in this equation. The bandwidth fu must be greater than
approximately one-half the sampling rate, provided that the step response is purely
exponential. In practice, this ‘Jatter requirement is' not met precisely because of
secondary effects such as nondominat poles and the dependence of the pole location

on the amplifier operating point, which in this design changes during transients.

4.4.1 Operational Amplifier

The opamp is the most important element in the discrete-time circuit. There are
many non-ideal considerations in real circuit implement, such as finite gain,
bandwidth, stability, and linearity. We design the opamp base on the period of the
clock. A two-stage opamp may achieve higher DC gain than a single-stage amplifier.
However, the optimal design can be achieved by using single-stage amplifier topology,
because it has higher bandwidth and smaller power consumption. Therefore, the

opamp isimplemented as a fully differential folded cascade amplifier shown in Figure
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4.16.
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Figure 416 Folded cascode opamp

The dc gain of the fully-differential folded.eascade opamp can be written as

IA|=G," R- (4.23)

F{)ut = [(gm5 + gn’bS)ro5ro3] ” [(gm7 + gmb7)ro7(r09 ” roz)] (424)

The transconductance G,, is approximately equal to g,,. Substituting eguation

(4.24) in equation (4.23), we obtain

1A= 9z {109 * D) osloal 11( Gz + Gy )7 (T 11 7o)} (4.25)
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Because of the single-stage topology, the second pole is far away from the
unity-gain frequency. Assuming the output capacitance and resistance are C, and Roy,

the frequency response of the folded-cascode opamp is derived by

A(s) = % (4.26)

For the high frequency response, because of sR.:C. >> 1 we can get the transfer

function as follows

A(S) = % (4.27)

The unity-gain frequency is given by

2| — 1 (4.28)

= gm2 (429)

Besides, we design the phase margin higher than 65° for no peaking in frequency
response. Figure 4.17 shows the AC simulation results including the gain and phase
margin. The simulated performance of the fully-differential folded cascade op-amp is

summarized in Table 4.1.
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Figure 4.17 The freguency response of the opamp
TABLE 4.1-Specification of the first amplifier
Parameters Simulation Result
DC gain 69 dB
Phase Margin 65 degree
Unity Gain Freguency 334 MHz
Sew Rate 133 V/ us
Output Swing 0.3V~1.5V
Power Dissipation 760 (W
Technology Standard TSMC 0.18 um 1P6M

4.4.2 Comparator

The one-bit quantizer is realized with a dynamic comparator and an SR latch,
shown in Figure 4.18 [18]. While clock is low, the output nodes are precharged to
VDD. While clock goes high, transistors M1 and M2 will work in saturation region,
and the respectively precharged parasitic capacitances of the output nodes. When the
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voltage of the output nodes drops to the threshold voltage of the latch formed by two
cross-coupled inverters, the regeneration process starts. Finally, the voltage of the
output nodes reaches the rail voltage according to the decision made. The result is
then latched by the SR latch following. This comparator is very power efficient. When
clock is low, it would not consume any power because transistors M7, M8, M9 and
M 10 would cut off transistors M3 and M4. Another advantage of this comparator isits

low offset because of transistor M1 and M2 working in saturation region.

VDD T

CLKA‘—'j—{ M7 Msj lee M8 CLK
M9 M10
-Vo+

Vip—| M1 M2 l—Vim

Figure 4.18 L ow-offset regenerator

We give this 1-bit quantizer some input to check its logic. The ssmulation result
shown in Figure 4.19 form top to bottom is input signal, output signal, and clock.
While the clock goes high, the output changes to the input logic. Besides, its power

dissipation isequal to 13.112 y w
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Figure 4.19 The logic test of the comparator

4.4.3 Clock generator

The clock generator is shown in Figure[16]. The external input is buffered and
then two then two nonoverlapping:-clock signals are generated. To avoid the signal
dependent charge injection, two delayed clocks are also generated. Figure 4.21 shows

the two nonverlapping clock signals and its two delayed clock.
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Figure 4.20 The nonoverlapping clock generator

486 487
Time (in) (TIME)

Figure 4.21 The two nonverlapping clock signals and its two delayed clock

4.4.4 Bootstrapped switches

While the over-drive voltage of the input switches varies from input signal, the
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on-resistance is signal dependence. A widely used method to improve the linearity is
to bootstrap the switch transistor gate voltage to reduce the on-resistance signal
dependency. Figure 4.22 shows the well known gate-source bootstrapping technique
[17]. During clock high, the capacitor Cy is precharged to VDD and the transistor
Msis off. During clock low, the transistor Msis on and its Vs iS constant equal to
VDD. The advantage is that the constant Ron due to the fixed Vgs makes the time
constant t = R, C independent of the input signal. It not only reduces harmonic

distortion but also reduces on-resistance by increasing Vesto VDD.

VDD T
D, c. Do\ S,
I|I / ||
| S B
(Dl\ > o,
AN —/854“|
V [ Vo

Figure 4.22 Bootstrapped switches

The gate voltage of the switch and input signal are shown in Figure 4.23. We can
see that the Vs of the switch is nearly constant equal to VDD=1.8V. The reason why
the Vs of the switch not equal to VDD is due to parasitic capacitor and reverse-bias

current of the transistors.
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4.5 Simulation result

For audio band applicatioff;-_,.‘thé. sampling rafe:‘ is 5.12 MS/s and input signal

frequency is 6.25 kHz. Figure 4.24 is the plot of the time domain of the joints of the

proposed configurable dual-mode low-distortion A/D converter. The voltage in Figure

from top to down are the output of the first integrator, the output of the second

integrator, the output of the first adder, and the output of the second adder, the output

of the first modulator, and the output of the second modulator respectively. Use

MATLAB to smulate the digital filter, and get the output of the whole modulator.

Figure 4.25 is the plot of power spectrum of the proposed configurable dual-mode

low-distortion A/D converter. The ENOB is 13.82 and SNDR is 84.97 dB.
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Figure 4.24 The time domain of the joints of the proposed configurable dual-mode

low-distortion A/D converter
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Figure 4.25 The power spectrum of the proposed configurable dual-mode
low-distortion A/D converter
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For measurement application, the resolution can be adjusted by user according to
the relation of the resolution and conversion time. Figure 4.26 is the plot of the time
domain of the joints of the proposed configurable dual-mode low-distortion A/D
converter. The voltage in Figure from top to down are the output of the first integrator
and the output of the second integrator respectively. The input constant voltage is
0.0134 V, and the reference voltage is 0.5 V. According to the relation of the
resolution and conversion time, simulate 16bit will cost 366 cycles. We check the
output of the integrators, and they are belong to +Vg and —Vr. After using MATLAB

to simulate the digital filter, VLSB is equal to 1.52200051748018x10°, N2 is equal to

880, and check (-VLSB /2)<(vin-N2xVLSB)<(VLSB/2).

ke Sstace 15 noreFbeE

T ; T
S0 1000 1200
Time (lin) (TIME)

Figure 4.26 The time domain of the joints of the proposed configurable dual-mode

low-distortion A/D converter
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For audio application, the specification of the configurable dual-mode
low-distortion A/D converter is summarized in Table 4.2.

Table 4.2 Specification of the configurable dual-mode low-distortion A/D converter

Parameters Simulation Result
Technology TSMC 0.18um Mixed-Signal
Power Supply 18V
Signal Bandwidth 20 kHz
Chip area 0.42 mm?2
Sampling Frequency 5.12 MHz
Peak SNDR 84.97 dB
Resolution 14 bit
Power Dissipation 3.066 mw

For measurement application, the resolution can be adjusted by user according to
the relation of the resolution and conversion time. For this design, we design to 16bit,

and need 366 cycles conversion time.

4.6 Layout level design

In mixed-signal layout issues, analog ICs are more sensitive to noise than digital
ICs. We must take more consideration in mixed-signal layout issues. Many
mixed-signal layout issues have been proposed [19]. First, Grounding and power
supply routing must also be considered when using digital and analog circuitry on the
same substrate. We separate power supply and ground pins are then connected
externaly. It is not wise to use two separate power supplies because if both types of
circuits are not powered up simultaneously, latch-up could easily result. Second,
Guard rings should be used wisely throughout a mixed-signal environment. Circuits
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that process sensitive signals should be placed in a separate well with guard rings
attached to the analog VDD supply. Third, performance depends on the matching of
devices is important aspect of differential pairs. Oxide gradients and other process
variations are inevitable. Therefore, common-centroid layout constructs two devices
symmetrically about a common center in the layout. The layout diagram is present in

Figure 4.27 and the layout size is 0.83x0.86 mm?®.

Figure 4.27 The layout diagram of the chip
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Chapter 5 Test Setup and Experimental Results

5.1 Introduction

This configurable dual-mode low-distortion A/D converter has been fabricated by
TSMC 0.18-um CMOS Mixed-Signal process with one poly and six mental. In this
chapter, we present the testing environment, including the component circuits on the
DUT (device under test) board and the instruments. The measured results are

presented in this chapter, too

5.2 Measuring Environment

PCB
Power $ Bias and Reference Board
Supply Voltage Generator
Voltage > Clock
Generator > Generator
DUT
] Single-to-
Function ] Differential
Generator > Transformer
Output |E> ~
Jhes)
AN
PC Logic
(Matlab) analyzer

Figure 5.1 Experimental testing setup

7

Figure 5.1 shows the whole measurement process and the testing setup used to




measure the performance of the proposed configurable dual-mode low-distortion A/D
converter. We adopt a PC (for MATLAB processing), an oscilloscope, three power
supplies, a function generator and a pulse generator. The testing printed circuit board
(PCB) contains voltage regulator, clock generator, single to differentia transformer
circuit, and the DUT. The supply voltages for regulators are supplied by the 9V
batteries and the input signal and clock are provided by the function generators
Agilent 33220A as shown in Figure 5.2. The digital output signals will be fed into the
logic analyzer Agilent 16702B as shown in Figure 5.3. And we can show the output
waveform by the oscilloscope Agilent S4832D as shown in Figure 5.4. Finally, the

data will be loaded into the PC and be analyzed with MATLAB to obtain the

specification of the proposed configurable dual-mode low-distortion A/D converter

Figure 5.2 Function generator Agilent 33220A
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Figure 5.3 Logic analyzer Agilent 16702B
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Figure 5.4 Oscilloscope Agilent $4832D

5.2.1 Power Supply Regulators

The supply voltages are generated by LM 317 adjustable regulators as shown in
Figure 5.5. The capacitor C1 is added to improve the transient response and capacitor

C2 isthe bypass capacitor. The output voltage of the Figure 5.5 can be expressed as
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V,, =125 ygi+ R20y4 ., %2, (5.1)
Rlg

where Iap; is the DC current that flows out of the adjustment terminal ADJ of the

regulator [14].

a a
= C2=0.1p
Cl=1p =
Figure 5.5 Power supply.regulator

5.2.2 Input Terminal Circuit

A function generator can only provide AC'component of input signal and the input
signal is single-end. So we need the input terminal circuit which combined single-to-
differential transformer circuit and AC couple circuit as shown in Figure 5.6. Because
we can’t ensure the common mode voltage is that we need, we need the adjustable
resistances to tune the voltages. The operation amplifiers are OP-27 and supplied by

12V for best operation condition.
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Figure 5.6 Input terminal circuit
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Figure 5.7 Photograph of the dual-mode converter DUT board
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_/ Pin | Name | 11O Describe
[1]VIM VIP[24] T | VIM | In | Output Signd (180°)
|ZPHZl VCM g 2 PHZ1 In LogicVoItage

3 PHZ2 In Logic Voltage
[3]PHZ2 IBIAS [22] 4 NC - No connection
E NC NC E 5 NC - No connection
6 VSSA - DUT Ground
[5]NC NC [20] 7 | vSsD | - DUT Ground
EVSSA VDDAEI 8 NC - No connect!on
9 NC - No connection
[7]vssD vDDD|1] 10 | LN2 [out| Output? Signal (180°)
11 LP2 Out Output2 Signal (0°)
8 17
E NC CLK :I 12 VRN In DAC Feedback Voltage
[e]NC NC [16] 13 | VRP [ In | DAC Feedback Voltage
14 LP1 Out Outputl Signal (0°)
10 15
o] N2 LN1[S) 5 | LNI | Oout| Outputl Sgnal (180°)
[11] LP2 LP1 [14] 16 NC - No connection
17 CLK In System clock input
12 1
2] VRN VRP 13 18 | vDDD | - DUT Supply Voltage
19 | vDDS - DUT Supply Voltage
20 NC - No connection
21 NC - No connection
22 IBIAS In Bias current control
23 VCM In Common Voltage
24 VIR In Output Signa (0°)

Figure 5.8 (a) Pin configuration.diagram and (b) Pin assignment

5.4 Performance Evaluations of Configurable Dual-mode

Low-distortion A/D Converter

This proposed SDM chip has fabricated by TSMC 0.18 um technology. It was
powered by 1.8 V supply. A 6.25 kHz sine wave is applied and the clock rate is 5.12
MHz while the corresponding bandwidth is 20 kHz. The time-domain analysis is
measured by an oscilloscope and is shown in Figure 5.9(a) and Figure 5.9(b). It can be

compared with the simulation result.
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'

(b)
Figure 5.9 Measurement result (a) the output of the first stage (b) the output of the
second stage

Next, we should know the spectrum of the second-order sigma-delta modulator.
The input signal frequency is 6.25 kHz and the signal bandwidth is 20 kHz. Then, the
output bit streams can be recorded with a logic analyzer, so that the data can be
processed with MATLAB. Simulate the digital filter with MATLAB. Then, do the fast
Fourier transformation with 65536 points. Figure 5.10 is the plot of power spectrum
of the proposed configurable dual-mode low-distortion A/D converter. The ENOB is

8.74 and SNDR is 54.37 dB. Figure 5.11 shows the SNDR versus normalized input
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signal. The peak SNDR and DR are 54.37dB and 58dB, respectively. The power
consumption is 3.066mW. The complete measured performance summary of the

second-order sigma-delta modulator is given in Table 5.1.
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Figure 5.10 Measured output spectrum
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Figure 5.11 Plot of SNDR versus normalized input signal
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Table 5.1 Summary of measured results of the SDM

Parameters Measured Result
Technology TSMC 0.18um Mixed-Signal
Power Supply 1.8V
Signal Bandwidth 20kHz
Chip area 0.42 mm?
Sampling Freguency 5.12 MHz
Dynamic Range 58 dB
Peak SNDR 54.37 dB
Resolution 9 hit
Power Dissipation 3.6 mw
(including bias circuits and output
buffer)

For incremental mode measurement, We USe pattern generator to generate the reset
pulse and clock. This can promise that.the reset pulse and clock are synchronal. We
adjust the variable resistor to change our input-veoltage and reference voltage. Then,
the output bit streams can be recorded with a logic analyzer, so that the data can be

processed with MATLAB. Resolution versus conversion time is shown in Figure 5.12.

Resolution (hits)

) f f | 1 1 1 1
1 15 2 25 3 35 4 45 5 55
Conversion Time (s) ¥ 10'5

Figure 5.12 Plot of resolution versus conversion time
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5.5 Summary

The design of configurable dual-mode low-distortion A/D converter was
completed. It took the design considerations described in Chapter 3 and Chapter 4 into

account.

The original resolution of the second-order sigma-delta modulator was predicted
to achieve 14bits. The measured result shows that the actual performance is 9bits. The
possible reasons of performance decay are that the resistances variation, thermal noise,
the interference from clock signal, and the noise of external circuits on the testing
printed circuit board. The even-order distortion is a little large due to the external
circuits which are single-to-differential transfermer circuit and AC couple circuit. If
we could reduce the number of the external: circuits; the performance would be much

better.

The origina resolution of the second-order incremental modulator can be
predicted by user through the control of the conversion time. The measured result
shows that the actual performance ENOB is lower than prediction. The possible
reasons of performance decay are that the interference from clock signal, offset of the
opamp, the input voltage variation, and reference voltage variation. We adjust the
input voltage and reference voltage by variable resistor and check these voltages by
voltameter. This process is very rough especialy in high-resolution measurement,
since the voltameter can’t achieve high-resolution and other loading effect will also

decay the precision. Thisis achallenge for designer to check the precision voltage.

The noise floor of the input signal isalittle large due to the external circuits which
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are single-to-differential transformer circuit and AC couple circuit. And the mismatch
of input differential signal is also the possible reason which causes the performance
decay. If we could reduce the number of the external circuits, the performance would

be much better.
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Chapter 6 Conclusions

Generaly, a very versatile and modular A/D converter with low-distortion
topology has been implemented. It can be configured in two main operation modes.
The first one, which is the sigma-delta conversion mode, is suited for communications
and speech applications. The second one, which is the incremental conversion mode,
is well suited for instrumentation applications. This thesis presents the basic concepts
for sigma-delta modulator including quantization noise, noise shaping strategy, and
system overview of sigma-delta are introduced. This thesis also presents the basic
concepts for incremental including the consideration of the trade off between
resolution and conversion time and:offset ‘cancellation. Then, the design of the
configurable dual-mode low-distortion A/D.converter is presented. After system level
simulation for building the behavior model to understand the characteristics of
configurable dual-mode low-distortion A/D converter and determine the specification,

the circuit level and layout level design are presented.

The chip was fabricated by TSMC 0.18um standard process. With an
oversampling ratio of 128 and a clock frequency of 5.12 MHz, the modulator achieves
a 58 dB dynamic range and a peak SNDR of 55 dB for audio application. The
measured resolution of the measurement application is 3 bit lower than the prediction
in the same conversion time with a clock frequency of 5.12 MHz. The measurement
problems have been discussed. However, the dual-mode converter architecture based
on low-distortion topology which can achieve more advantages has been implemented.

Thisthesis demonstrates that this concept leads to a very simple modular architecture.
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