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ABSTRACT

IMPLEMENTATION AND PERFORMANCE
EVALUATION OF SIGMA-DELTA MODULATORS

Sigma-Delta A/D converters have recently become popular since they achieve
high resolution by means of oversampling without the need of high accuracy matching
of elements and complex analog circuitry. They even reach higher performance utilizing
feedback and feedforward paths. However finding the paths to be used and their values

in an optimal way is an important concern, since there exist a lot of paths.

In search of optimality, this work starts with the realization of the topologies
found by an automation tool. Then, some theoretical approach about the performance
of the architectures are developed. Following this, using either implementation data or
theoretical approach it searches for finding closed—form equations relating performance
with path gains. Defining SNR sensitivity, area and power consumption as performance

metrics, it reaches some relations which are functions of path gains.
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OZET

SIGMA-DELTA KIiPLEYICILERIN GERCEKLENMESI ve
BASARIMLARININ DEGERLENDIRILMESI

Sigma Delta analog sayisal geviriciler, agir1 6rnekleme kullanmalar1 sayesinde
karmagik analog devrelere ve elemanlarinin eglenmesinde yiiksek kesinlige ihtiyag ol-
maksizin yiiksek ¢oziiniirliige ulagmalariyla yakin zamanda genig kullanim alanlari
bulmuslardir. Bu geviriciler, ileri besleme ve geri besleme yollar1 kullanarak daha
yitksek bagarimlara ulagirlar. Fakat ¢ok fazla yol olmasi sebebiyle kullanilacak yol-
larin tespiti ve degerlerinin en uygun bigimde belirlenmesi dikkat edilmesi gereken bir

konudur.

En uygun durumun aragtirilmasi yolunda, bu caligma otomatik bir yazilim kul-
lanilarak yollarinin degerleri tespit edilmig yapilarin gergeklenmesiyle bagliyor. Daha
sonra bu yapilarin bagarimlar: hakkinda teorik bir yaklasim getiriliyor. Bunu takiben
gerek yapilarin gerceklenmesiyle ilgili bilgileri gerek teorik yaklagimi kullanarak bu
caligma bagarimla yollarin degerlerini iligkilendiren kapali denklemler bulmaya yoneliyor.
Son olarak sinyal giiriiltii oranina duyarhlhgi, alani ve gii¢ titketimini bagarim degiskenleri

olarak tamimlayarak bunlarla yollarin degerleri arasinda iligkilere ulasiliyor.
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1. INTRODUCTION

1.1. Background

In nature, every human defined quantity is analog, meaning that its value can take
any value at any time. Since this is the case, in it is impossible to store and transmit
these signals without error. In that sense, digital representation of signals is logical
since those processes are almost error free in digital form. Also, considering processing
of signals for special purposes, digital representation is far more powerful with respect
to its analog counterpart [1]. All these facts make analog to digital converters an

important part of systems dealing with analog world that need the advantages of digital.

According to Nyquist Theorem, a signal has to be sampled at least twice the
highest frequency component included in the signal in order to be able to recontruct a
signal from the samples taken from it. That frequency is known as Nyquist frequency.
There are two types of A/D converters according to the sampling frequency used in

the conversion process: Nyquist Rate converters and Oversampling converters.

Nyquist Rate converters sample the signal to be converted at Nyquist frequency.
Generally used architectures are: DAC based, Subranging, Integrating Type, Pipelined,
Charge Redistribution, Succesive Approximation, Flash. These converters utilize an
Anti-Aliasing Filter which filters out the frequencies greater than half the sampling

frequency. Following steps are Sampling and Quantization as in Figure 1.1. Most of
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Figure 1.1. Block diagram of a Nyquist rate converter [1].

the Nyquist Rate converters require accurate matching of used elements resulting in

complex analog circuitry [2]. For the case of Flash converter number of comparators



increases exponentially as a function of the number of bits. An additional bit of reso-
lution doubles the matching and accuracy requirements. Therefore, most Nyquist-rate
converters are not capable of achieving 12 bit resolution [3]. High accuracy can be ob-
tained by usage of expensive trimming procedures or complex digital self-calibration
algorithms [4]. As a result, in CMOS VLSI processes it is a rare case to achieve 10
to 12 bits of matching without trimming or paying special attention to the fabrication
processes[5]. In brief, Nyquist Rate converters need advanced techniques and expensive

processes to achieve high resolution, which make them impractical.

The aim of achieving high resolution has made Oversampling converters an at-
tractive research area in last three decades. Oversampling converters sample the signal
at a rate much larger than the Nyquist rate. They achieve high resolution at the ex-
pense of relatively lower bandwidth. In other words, oversampling converters trade
off high resolution for bandwidth which can be seen from Figure 1.2. In that sense,
oversampling converters are suitable for usage in audio applications. However instru-
mentation and communication have become application areas after researches in the

last decades [6]. Oversampling converters somewhat loosen the specifications of the

Sigma Delta
o
2
2
2
4 Successive
8 Approximation
2
L
g
S Subranging/Pipelined
Flash
=

Signal Bandwidth Converted

Figure 1.2. Resolution Bandwidth trade off graph of several converters [1].

analog circuitry needed, but require fast and complex digital processing stages [7]. An-
tialiasing filter, which has tough requirements to realize in the Nyquist rate converter
case, becomes less problematic to deal with since oversampling is utilized. In addi-

tion to this, oversampling converters use digital signal processing since VLSI is better



suited for providing fast digital circuits than for providing precise analog circuits. A

analog processing-«—!

" T,
P i e _
Anti x(t H H Low Pass Down
—o| Aliasing Ol : é Y0 | e | sompler | _
Filter - : [ tp | resolution > N bits
Xaxl) “Rvipem” |- =)
1 Quantizer 5 s 5
L= £ Digital Decimator
S
f;=D (2R )

> digital signal processing

|

Figure 1.3. Architecture of general oversampling converter [1].

general oversampling converter is seen in Figure 1.3. It comprises analog and digi-
tal part. Analog part includes the Antialiasing Filter which filters out the frequency
components higher than half the sampling frequency. Since oversampling converters
sample the signal at a high frequency compared to the Nyquist case, cut—off frequency
of this filter is much larger than it is for the Nyquist converter. A sampler and quan-
tizer follows the filter as parts of analog processing. As explained in [1, 6, 7], quantizer
generates a white noise uniformly distributed in the frequency band, determined by
sampling frequency. For a quantizer in the Nyquist and Oversampling cases, noise
power is the same, however since the sampling frequency is much higher for the latter,
same power is distributed in larger spectrum. This is illustrated in Figure 1.4. At the
end of the conversion process, the important frequency band will be the signal band.
So, for the oversampling case much less power will be at the band of interest since noise

is distributed in a larger frequency spectrum.

Different from the Nyquist rate converters, oversampling converters include digi-
tal processing part as it can be seen in Figure 1.3. This part filters out high frequency
components and downsamples the signal to the Nyquist rate, since signal was sampled
at a rate much higher than Nyquist rate. In other words, high frequency components

in Figure 1.4 are low pass filtered and word length is increased at the digital part.
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Figure 1.4. Quantization Noise Power Spectral Density for Nyquist and Oversampling

converters [1].

1.2. Problem Formulation and Outline of Thesis

As an improvement to the general quantizer used in an oversampling converter,
noise can be shaped such a way that even less noise exists at the band of interest. That
need gave rise to the proposition of Sigma—Delta converters by Inose et al. in [8]. The
general block diagram of a first order sigma—delta converter is shown in Figure 1.5.

Input is fed to the quantizer via an integrator and the quantized output feeds back to

Integrator Quantizer

| | Digital
_2 J J Filter

+

— 1 1-BIT DAC

Figure 1.5. First Order Sigma-Delta converter Architecture Block Diagram [9].

subtract from the input signal. This feedback forces the average value of the quantized
signal to track the average input. Any continual difference between them accumulates
in the integrator and eventually corrects itself [7]. In general, 1-bit quantizers are used
in this architecture. This modulator shapes the noise such that it is sent to higher
frequencies, which is later low pass filtered by the digital filter. Figure 1.6 illustrates

this fact by comparing Nyquist, General Oversampling and SD converter.
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Figure 1.6. Comparison of Nyquist, Oversampling and Sigma-Delta converters [10].

By shaping noise out of the signal band high resolution is attained. However,
this poses the penalty of speed since the hardware has to work at a higher frequency,
which results in complex digital hardware. In the case of SD modulator architectures,
there are different topologies trading off resolution, modulator stability, bandwidth and
circuit complexity [1]. Most prominent ones are higher order, multi bit and multistage

(cascaded) architectures. Details about them will be given in the SD Theory section.

The integrator shown in Figure 1.5 is also called loop filter. In higher order
sigma delta structures, which will be the topic of concern in this thesis, more stages
of integrators are used in cascade before quantizer. By this way, noise is supressed
more in the signal band without disturbing the signal. In higher order modulators,
multiples of internal signals are either added to or subtracted from the other signals.
As an example, DAC output can be fed back to the other integrators, which were
added in cascade after the first one. Even local feedback paths can be added to the
architecture. In addition to feedback paths, feedforward paths from input or integrator
outputs to integrator and quantizer inputs are seen in the higher order architectures.
All these paths can have gains. For a second order SD topology, a completely connected

architecture becomes as in Figure 1.7.
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Figure 1.7. Second Order SD Modulator with all possible paths.

As it can be seen from Figure 1.7, the topology really becomes very complex by
the inclusion of all possible paths even for the second order case. All those coefficients
can be beneficial in a sense that they can be used to achieve a specified transfer function.
But determination of needed ones and their values to achieve a specific task and how
they will be implemented is the problem. In addition to this, distinguishing between
numerous architectures implementing a transfer function is another problem. This
thesis starts at the case of having all possible solutions of path gains in hand, which is

achieved by the tool proposed in [11, 12].

The tool proposed in [11, 12] aims at finding topologies with the least number of
paths in other words, minimization of hardware complexity. The tool can find various
architectures with different combinations of feedforward and feedback coefficients. At
that point, implementation of the architectures turns out to be an important concern.
At first hand, implementability of the architecture is seen as a parameter for the ap-
plicability of the optimization. Starting from the path gains at hand, this thesis aims
at implementing the found architectures. Although Second Order SD modulator will
be the subject of concern, by finding general implementation rules, any high order SD
modulator topology implementation will be possible. Then, from implementations of
different architectures, some general deductions, which can lead the designer to choose

an architecture, are made.

Also, implementation gives some criteria to compare different achitectures, in
addition to the ease of implementation and hardware comlexity. As considerations to

choose an architecture, sensitivity to coefficients, area and power consumption appear



to be good choices [13]. As a result of this, to make performance evaluation and
set criteria to compare different architectures, work is focused on power, area and
sensitivity considerations. A theoretical approach on each of these considerations is
followed, which is supported by the simulations of the implementations. After all, an

approach of choosing an architecture for implementation is reached.

The content of thesis report is organized as follows: In Chapter 2, SD modulator
theory is visited. Different architectures are discussed and main focus is placed on
high order single bit SD modulator since it will be subject of concern. In Chapter 3,
SD converter Design Automation Tool [11, 12] is explained, then the implementation
of the blocks in SD Architecture is put into words. Following that in Chapter 4,
implemented architectures are presented. Explanations, simulation results, data and
figures are given at that chapter. Chapter 5 deals with performance issues in order
to choose a topology: area, power consumption and sensitivity respectively. Finally

report is summarized and further work is presented in Chapter 6.



2. SIGMA DELTA CONVERTERS

As explained in Section 1.1, oversampling converters became very popular in the
last few decades because of their advantages compared to Nyquist rate converters. They
improve the specifications on the selectivity of the antialiasing filter and sensitivity to
the circuit imperfections. Furthermore, they use power of digital signal processing
to relax the requirements on analog circuitry which makes them a good choice for
implementation of A/D converters. As a further improvement to the oversampling
converters, utilization of SD Modulation results in better quantization noise shaping
which ends up with higher resolution, robust operation and relative insensitivity to

non-ideal effects [6].

2.1. Basic YA A/D Converter Theory

A YA A/D comprises three parts as it is shown in Figure 2.1. First one is the
Antialiasing filter which filters out the high frequency components that are greater
than half the sampling frequency. As it was discussed in Chapter 1, implementation of
this block is really simplified by usage of high sampling rate, even a passive first—order

filter is sufficient.

Downsampling
[ \ - - - oo - -z = l
| \ ] |
x fer2 | Y .
- \¥H H(2)} JJ]L” el A J/ e
: - : Il: fd/2 \
Anti-aliasing N :
I
filter E - o Digital filter :
! R Decimator !
______ Modulator ~—~

Figure 2.1. Block Diagram of a XA A/D converter [6].

Second block of the converter is the ¥A modulator part which is the main dif-
ference of XA A/D converters from other oversampling converters. Sampling and
quantization of the signal is made in this block. Modulator includes loop filter, quan-

tizer and DAC as its parts. Loop filter is the most important part that makes XA



modulator special. By designing the loop filter in an appropriate manner, quantization
noise is shaped such that most of its power lies out of signal band, which will be dis-
cussed further in Section 2.1.2. Output of the modulator is taken from the output of
the quantizer meaning that output will be digitally coded. Since quantizer is generally

one-bit, output is a sequence of one bit data at the sampling frequency.

Last block of the converter is the decimator. This block is formed of digital
filter and downsampler. Spectral components out of the signal band are filtered by the
digital filter, which is a low pass one. Decimation of the output of the modulator is
done by the last stage of the decimator, which is the downsampler. When overall design
is concerned, modulator block is the most problematic part since antialiasing filtering
is eased by oversampling. In addition to this, decimator design is facilitated by highly
structured design methodology of DSP blocks and help of CAD tools in hand [6].

2.1.1. Quantization Noise

No matter what type of A/D conversion is discussed, quantization seems to be
a part of that conversion process. In quantization, a signal that can have any value is
mapped to a finite number of levels. This process inevitably introduces distortion to
the conversion process so that our primary objective in designing modulators becomes
limiting this distortion [7]. Quantization can be formulated by a non-linear function

—1 being input and y being output— as follows:

Y = gqi +e. (2.1)

In equation(2.1) g, symbolizes the quantizer gain and e symbolizes the quan-
tization error. KError as a function of the input is shown in Figure 2.2. If input is
limited by the proper working range of the quantizer, which is the interval [imin, imaz],
quantization error resides in the range [—A/2, A/2], where A is the spacing betwwen
consecutive levels of a quantizer. Giving inputs outside of the specified region results

in a continuous increase in error, which is named Owerloading.
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Figure 2.2. Transfer curves and quantization error of (a) a multi-bit quantizer (b) a

single bit quantizer (comparator) [6].

Error in quantization is surely dependent on input level. However, it was shown

in [14] that if input changes randomly at every sample without overloading and number

of quantization levels is large, quantization error distributes uniformly in [—A /2, A/2]

with a constant power spectral density like that of white noise. Because of this, quan-

tization error is commonly referred to as quantization noise. This quantization noise

having a total power of o?(e) distributes in [—fs/2, fs/2] where fg is the sampling

frequency. Then, its power spectral density becomes

AJ2

2e) 1|1 ) A2
Se(f) = 7 = — | e‘de| =
fs Is A_A//2

12fs

(2.2)

In the case of Nyquist rate converters, sampling frequency is fg which means

that total noise power is A?/12. As discussed in previous sections, in oversampling



11

converters, sampling frequency is much higher than Nyquist Frequency. So, noise

power in the signal band of [—f;/2, f4/2] becomes

fa/2
A2 f, A2
Po= [ Setndr =T33 = oo 2.3
—fa/2

where f; is the Nyquist frequency. M is Oversampling Ratio (OSR) in Equation (2.3),
which is ratio of sampling frequency to Nyquist frequency. Above mentioned power,

Py is named as in-band power since it is the power in the signal band.

As explained above, one of the assumptions leading to uniform distribution of
quantization noise in [14] was that number of levels in the quantizer is large. Thus, for
the case of single bit quantization, formulas do not exactly hold. But research on this

case shows that white noise approach is approximately valid [15].

2.1.2. YA Modulator

Quantization block in an oversampling converter is efficiently realized by XA
modulator. A general ¥A modulator comprises Loop Filter, H(z), quantizer and
Digital to Analog converter in the feedback path as in Figure 2.3. In the architecture,
modulator output is subtracted from the input. This difference is then passed through
the Loop filter before entering quantizer, which is generally one-bit. Filter transfer
function is adjusted in a such way that it attenuates the quantization noise in signal

band.

Figure 2.3. (a) Basic structure of the YA modulator (b) Quantizer model [6].

But at this point, some issues about quantization noise in XA modulator must be
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discussed. Low number of levels of the quantizer and determination of the quantization
error by the input signal make white noise approximation controversial. However, it is
shown in [16] that in the case of time—variant modulator input, previously given results
continue to be applicable. So quantizer can be modeled like in Figure 2.3, where e(t),
quantization error, is uniformly distributed and its power spectral density is constant

with its value in Equation 2.2.

As a result of the above discussion, the whole modulator can be modeled as
having two inputs: z(t) and e(t) and one output, y(¢). Then, the resulting Z-domain

representation of the system becomes
Y(2) =STF(2)X(z2) + NTF(2)E(z), (2.4)

where X(z) and FE(z) are Z—domain representation of the input and quantization
noise respectively; and STF(z) and NTF(z) are the respective transfer functions of
the input and quantization noise [6]. Analysis and simple calculations give STF and
NTF as follows:

H(z) 1

STF(z) = ———— and NTF(z) = T HE)

T+ H() (2.5)

Since signal is at the low—frequency region, NTF is preferred to go 0 when z — 1.
These conditions evaluated with equations of NTF and STF impose the following

condition on H(z):
H(z) - o0 when z—1 (2.6)
Equation (2.6), which is the main condition on the implementation of H(z), gives a

discrete-time integrator with the following transfer function as the simplest way to

implement H(z):
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Use of discrete-time integrator as loop filter results in NTF(z) =1 — 27" and STF(z) =
271 forming a First-Order XA modulator. There are different modulator architectures
which are derived from the basic architecture in Figure 2.3. They will be discussed

further in Section 2.2.

2.1.3. XA Performance Criteria

After introducing First—Order XA modulator, some performance criteria will be

presented:

Signal-to—Noise Ratio(SNR) is the ratio of the output power at the frequency of

a sinusoidal input to the in-band noise power which is formulated as

SNR(dB) = 10logi <A;c/g2> : (2.7)
where A is the input amplitude. Increase with input amplitude continues until
the quantizer overloads. When overloading occurs, a sharp drop is seen in SNR.
Noise power is generally the quantization noise power. In addition to that, there
are other non-idealities in the XA architecture which add to the in—band noise
power. These non-idealities may include the clock-jitter, ¥T'/C noise, operational
amplifier noise, and integrator non-idealities such as the finite direct current(dc)
gain (leakage), the switched capacitor mismatches, slew-rate limitation of the
operational amplifier, DC offset of the comparator, etc. which is discussed further
in [6]. In that case, non-ideality effects are added to noise to give a definition of

signal to noise+distortion(S/N+D) ratio.

Dynamic Range(DR) is the ratio of the output power in the case of full-scale range
amplitude input to the output power in the case of 0 dB SNR. Full- scale range is

determined by the quantizer’s full scale which is A/2 for single-bit quantization.

Effective resolution(B) is the number of bits that can be obtained from a converter.
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Its formula is given as

DR(dB) — 1.76
6.02

B(bit) =

Another formula that relates oversampling ratio and internal quantization to

effective resolution (B) is as follows [6]:

(26 — 1)*(2L + 1) M2L+
H2L

1
B(bit) = §l0g2

2.2. YA Modulator Architectures

Different XA modulators exist, all of which mainly aim at reducing in—band
quantization noise power. In addition to increasing oversampling ratio, there are two

other strategies to achieve that:

e Order of the loop filter H(z) is increased, which causes an increase in the order
of NTF, thereby leading to more effective cancellation of noise.
e Increasing the resolution of the internal quantizer, which results in decrease in

A, thereby causing reduction in power spectral density of noise.

In some cases multi-bit internal quantizers are used, which are called Multi-Bit XA
modulators. Another topology utilizes cascading modulators of low—order and then
using cancellation logic, which is named as Cascade or Multi—Stage Modulator. In
this work, single loop single-bit modulators are dealt with, further details about other

architectures can be found in [3, 5, 6, 7].

Single-loop single-bit modulators are also categorized into two according to the
order of noise shaping, in other words, order of NTF. Modulators with less than third
order noise shaping are called low-order modulators, whereas the others are called high-
order modulators. Importance of order is better explained by Figure 2.4. Less power

stays in band for higher order topologies but stability of the modulator becomes signal
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Figure 2.4. Noise shaping curves and noise spectrum in XA modulator [17].

dependent. In single-loop single-bit modulators, order is determined by the number
of cascaded integrators. The block diagram of the second order converter utilizing a
second order modulator is given in Figure 2.5. As it is seen in the figure, feedback
is given to both integrators. As explained in Chapter 1.2, feedback and feedforward
paths with gains are used in order to obtain better noise shaping in modulators. Paths

for the case of second order modulator can be seen in Figure 1.7.

INTEGRATOR INTEGRATOR O CLOCK
KT,

VIN
sz )

BT STREAM
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DIGITAL FILTER
AND
DECIMATOR
N-BITS
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Figure 2.5. Second order ¥A A/D converter [10].
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In this work, second order XA modulators are implemented and then some metrics

are discussed in order to make deductions to choose architectures from a bunch of

alternatives. In the implementation phase, the first decision to be made is to choose

Switched—-Capacitor (SC) or a conventional active-RC (continuous-time) design to

implement the circuitry. In general, most integrated circuit (IC) implementations of

YA ADCs use SC circuits, whereas most system—level or hybrid implementations use

active-RC circuits [7]. There are advantages and disadvantages associated with each

method which is tabulated in Figure 3.1.

Circuit
style

Advantages

Disadvantages

Switched
capacitor

Continuous
time

+ Easily simulated.

+ Compatible with VLSI CMOS
process (extra poly layer
desirable to make small-area
linear caps).

* Insensitive to clock jitter as long
as full settling occurs.

+ Insensitive to exact shape of
op-amp settling waveform as long
as full settling occurs.

» Pole-zero locations are set by
capacitor ratios, which are
highly accurate.

* Easy to breadboard.

* Less prone to pick up digital
noise (no true input samplers are
used). .

*» Easy to drive from external
sources; no switched-capacitor
current pulses,

* SNR is not limited by cap size.

* Large capacitors required for
high SNR (kT/C noise limit).

* Switched-capacitor circuits are
true samplers, potentially
causing aliasing of out-of-band
noise. They are thus more prone
to picking up digital noise.

+ Large spike currents drawn by
capacitors are hard to drive from
external sources (RC isolation
circuits required).

* Very difficult to prototype
(typical capacitor values are less
than | pF and are easily
swamped by parasitics on a
breadboard).

* Not as compatible with a simple
complementary metal-oxide-
semiconductor (CMOS) process.
Needs large capacitors, linear
high-value resistors, low-noise
op-amps.

* Accurate RC time constants not
possible for monolithic designs
without laser trimming.

« SNR degraded by nonideal
comparator feedback signal.
Sensitive to jitter, noise, and
switching characteristics of [-bit
feedback waveform.

* Loop filter does not scale with
clock frequency.

¢ Op-amps must remain linear at
all times. It is nor just the
settled value that counts,

+ Discrete-time simulation more
difficult..

Figure 3.1.

Comparison of SC and RC modulator Realizations [7].
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Since SC method is compatible with VLSI, they are easily simulated and pole—
zero locations are set by capacitor ratios etc. it will be the method of implementation.
Therefore, switched capacitor theory and implementation of the XA converter by using

SC circuits will be discussed in following sections.

3.1. Switched Capacitors

Integration of circuits with both analog and digital functionality on the same
die has motivated people to develop switched—capacitor techniques. In modern VLSI
technology, main elements for implementation of circuits are MOS transistors and
capacitors, since resistor implementation is undesirable. Facing the problem of resistor
realization in VLSI technology, it was proposed that resistors could be replaced by
operating MOS capacitors with MOSFET switches which are rapidly turned on and
off periodically [18]. Figure 3.2 illustrates some arrangements and clocking scheme for

resistor simulation.
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Figure 3.2. Switched capacitor circuits (a) Shunt circuit (b) Series circuit (¢) Clock

waveforms [19].
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In Figure 3.2(a), for the ¢1 cycle, capacitor is charged to V; whereas for the ¢2
cycle, it is discharged to V5 assuming V; is larger than V5. For the case in Figure 3.2(b),
capacitor is alternately charged and discharged to a voltage of V; — V5. In the total
period of T, a charge of AQ = C(V; — V) flows with the indicated polarities for both
cases. This charge transfer occurs at each period as sharp pulses at the outset of the
clock pulses. But an average current ¢,,, can be defined as the charge flow, AQ), divided

by period, T

C O AQ_Vi-V
wg = T/C

(3.1)

Charge process occurs in discrete—time rather than continuous—time. However, if clock-
ing frequency is made sufficiently higher than the highest—frequency components of V}
and V4, it can be regarded as continuous. Hence, the arrangement having equation (3.1)
as operating equation can be modeled as a resistor with the following value:
ViV T 1

L (3.2)

R lavg c 0f

As it is seen from Equation (3.2), resistor value is determined by the clock fre-
quency, which says that the value of the resistor is adjustable. In addition to this
advantage, the die area used to implement a resistor is greatly reduced by means of
this technique. As an example given in [19], for a resistance of R = 107, assuming a
clock frequency of 100 kH z, a capacitance of 1 pF' is needed, which occupies an area
of 3 mil?> . For that case, direct implementation of the resistance requires an area of
1600 mil?. Another important advantage is that the frequency response of the SC cir-
cuit is controllable by adjusting capacitance ratios. By means of this fact, it is possible
to improve the overall accuracy of the circuit at much less physical design cost and

effort [3].

Main application area of switched capacitors is filtering, but they are used in

numerous applications such as voltage amplifier, programmable capacitor arrays, bal-
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anced modulator etc. which are discussed in [19]. In this work, switched capacitor
techniques are used for integrator and coefficient implementation, which will be dis-

cussed in Section 3.2 and Section 3.5.

3.2. Switched Capacitor Integrator

3.2.1. Parasitic Sensitive Switched Capacitor Integrators

In XA modulator, integrators are used to implement loop filters. Since SC usage
is advantageous as it is presented in Chapter 3 and Section 3.1, SC implementation
is used for integrators. A switched capacitor integrator using shunt circuit for resistor

simulation, is shown in Figure 3.3.
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Figure 3.3. Switched capacitor integrator using shunt resistor simulator circuit (a)

Circuit diagram (b) Clock waveform [19].

To obtain the governing equation, look at the operation at ¢,,_;, which is the end of first

¢1 pulse. C is charged to Vj,(t,—1) with a charge of C1V,,(t,—1). At t =t,1 +T/2
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this charge is added to Cy by the ¢ pulse. So at t = t,, output voltage becomes [19]

Vout(tn) = —ve2(tn) = Vout (tn-1) — = Vin(tn-1). (3.3)

Solving this equation using z—transformation gives the following transfer function:

A V;)ut(z) Cl Z_l
H() 2 P08 =~ (3.4)

This topology is known as Forward Difference or Forward Euler Mapping. SC Integra-
tor can also be implemented with series resistor simulation which is shown in Figure 3.4

with the same clocking scheme in Figure 3.3.

o & —
+v°'—

‘F

Figure 3.4. Switched capacitor integrator using series resistor simulator circuit [19].

Operation of series simulator is a little bit different than the shunt one. Charge is
sampled and sent to C5 at pulse ¢;. Doing the same charge analysis for this circuitry

gives the transfer function

H(z) & = = (3.5)

As it is seen, delay element of 27! in Equation (3.4) is missing in Equation (3.5).
The reason is that charge is sent to C5 as it is sampled. There is a delay of T" between
Vi, and v, for the shunt case. This configuration of series simulation resistor usage is

known as Backward Difference or Backward Fuler Mapping.



21

3.2.2. Parasitic Insensitive Switched Capacitor Integrators

Up to now, everything was assumed to be ideal. However, switches, operational
amplifier and MOS Capacitor have parasitic capacitances, which are generically called
Stray Capacitances. These capacitances are discussed further in [20] and it is proposed
in [20] that for shunt case those capacitances can be lumped into a parallel capacitance
to (1. For a sampling capacitance of 1 pF', parasitic capacitance can be as large as
0.05 pF'. This can cause problems in operation, so some methods were devised in
order to eliminate the effects of this capacitance. The solution is the Stray Insensitive

Integrator which is shown in Figure 3.5.

o0
“ i“(‘!) -

T [ [# [#) [

(b)

Figure 3.5. Stray Insensitive SC Integrator (a) Circuit Diagram (b) Clock

waveforms [19].

In this configuration, again (' is charged and discharged with v;,, the only change
being the additional two switches. By means of those switches, every capacitor termi-
nal is switched either between low-impedance nodes (ground and an op-amp output)
or ground and virtual ground. This results in eliminaton of the effect of the stray
capacitance. In the case of using clocks without parentheses, operation of the circuit

resembles Backward Euler case with ¢, and ¢, interchanged. C) discharges during
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¢1 = 1, and recharges through v;, and C5 during ¢, = 1. Thus, the transfer function
in Equation (3.5) holds in the case of output sampling at ¢, = 1 [19]. In the case of

output sampling at ¢; = 1, an extra factor of 27! is introduced since output is delayed.

If the clocking scheme in parentheses is used, the following occurs. Cf is charged
by v;, during ¢; = 1 and it discharges to C5 during ¢, = 1. Output is sampled
when ¢, = 1. In this sense, operation of the circuit is similar to the shunt resistor
simulation implementation case. The only change is that the polarity of C] is changed
since plates connected to ground in phases of ¢; = 1 and ¢, = 1 are different. Thus,

transfer function of the circuit becomes

Cl 271
H(Z) = 521 _Z_l.

(3.6)

As it is observed from Equation (3.6), gain of this integrator is positive meaning that

this integrator is non—inverting whereas previous ones were all inverting.

Till now, all the circuits discussed were single—ended. Although single—ended
circuits are economical, they suffer from non-ideality effects like amplifier offset voltage
and clock feedthrough, which can degrade performance of the topology. The most
effective solution to this problem is the usage of differential circuitry. Since this is the
choice of implementation, it will be dealt with further in Chapter 4. Another advantage
of differential circuitry usage is that interchanging input or output terminals changes

the sign of the transfer function [2].
3.2.3. A Switched Capacitor Integrator Design Example

After explanation of SC integrators, a design example of SC integrator will be
presented. As discussed in Section 3.2.2, differential implementation of the integrator
can result in significant benefits. Non-inverting SC differential integrator was chosen

as the example, the block diagram of which is given in Figure 3.6.

In the figure, Cs and C; symbolize the sampling and feedback capacitors respec-
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Figure 3.6. Differential non-inverting SC Integrator.

tively. Differences from the previously discussed non-inverting integrator are as follows.
At first, topology is differential, so differential operational amplifier is used. Secondly,
ground port in the previous topology is replaced by V., which is the abbreviation
for common mode voltage. Nothing changes about circuit operation, since difference
between Vj,, and V,,,, is sampled on C, and it is transferred to Cy. Thereby, a factor of

the difference, which is C/C/ is realized as a gain factor.

Operational amplifier used in this implementation example is a Fully Differential
Folded Cascode Operational Amplifier. It is the chosen because it has many advantages
such as being a single stage amplifier. It does not encounter stability problems. Com-
pensation is achieved by load capacitance, so there is no need for internal capacitance.
No need for internal compensation results in high slew rate which can be important
in charging capacitances. Theoretical details about the design of operational amplifier

can be found in [21]. The designed operational amplifier is depicted in Figure 3.7.

Bias voltages for proper operation are Vyis1 = 2.1V, Viyiaso = 1.83V. The specifi-
cations of this op-amp obtained with a load capacitance of 4 pF', are as follows: Gain

= 76.5 dB, BW = 200 M Hz, 3 dB cut-off = 55 kHz, SR = 182.4 V/us. The output
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Figure 3.7. Fully differential folded cascode operational amplifier.

DC level of the operational amplifier is 1.472 V.

Switches in the implementation were just gates. Design of the switch is shown in

Figure 3.8.
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Figure 3.8. Transmission gate switch.

The circuit was simulated using a differential DC input voltage of V;, = 100mV
and by selecting Cs; = Cg = 1pF and Cyy = Cypy = 2pF in Eldo which is a part
of the Mentor Graphics Suite. The simulation result is shown in Figure 3.9. As it is
seen from Figure 3.9, output increases with steps of 50 mV. Gain of the integrator is
Cs/Cr = 1pf/2pF = 0.5 theoretically. This is in accordance with the simulation since

with a differential input of 100 mV', output increases with steps of 50 mV. Integrator
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operates truly up to the output levels of 1.8 V. After this value, operational amplifier

saturates and integrator operation becomes problematic.
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Figure 3.9. Integrator output

3.3. Quantizer

Quantizer block follows the last integrator. Although it can be multi-bit in
Multi-Bit XA Modulators, in this work single-bit modulators are discussed. As a
result, single-bit quantizer is used, which is simply a comparator. The comparator
used in the implementation of the modulator has been taken from the design database
of BETA (Bogazici Universitesi Elektronik Tasarim Laboratuvari), which is given in
Figure 3.10.As it is seen comparator is clocked. When clock is high, the circuit samples
input and changes its output values. When clock is low the circuit is not functioning.

When it is functioning, comparator gives 3.3 V and 0 V' as outputs. It needs a bias
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voltage of 0.75 V.

Figure 3.10. Comparator circuit.

3.4. DAC

The other component of the modulator is DAC that is present in feedback path.
This DAC is just a multiplexer as it is shown in Figure 3.11. According to the select
signals, it selects one of its two inputs, V,csy and V,cp—. In our case, Viepp = 2.15V

and V,.;— = 1.15V. Also, the select signals are the two differential outputs of the

comparator.

In this work, differential implementation is done, so two DACs are used, which
are referred to as DAC1 and DAC2. If clkl and clk2 shown in Figure 3.11, are the
select signals, DACI selects 2.15 V for clkl = HIGH and clk2 = LOW and DAC2

selects 1.15 V' for the same select signals.
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Figure 3.11. Digital to Analog converter

3.5. XA Modulator Coefficients

3.5.1. Sigma Delta Converter Design Automation Tool

As it was explained in previous section, integrators are implemented using SC
circuits. Gains of the integrators are determined by the ratio of sampling capacitor,
Cs to the feedback capacitor, C'y. In addition to the gains of the integrators, feedback
paths can have gains. Also, new feedback paths from outputs of the integrator, to
the inputs of the integrator can be introduced. In addition to this, feedforward paths
with gain can be added to the ¥A modulator architecture. Those paths are directed
from input, inputs of the integrators and outputs of the integrator to the following
integrators’ inputs, outputs or even to the input of the quantizer. For the Second
Order YA modulator, addition of all possible paths forms the architecture given in

Figure 1.7.
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As it is observed from Figure 1.7, there are 15 coefficients for the second order
case. Choosing among some of those paths and their values gives a great degree of
freedom, there exist innumerable number of topologies. There can be a great number
of different coefficient sets each satisfying the same ST F and NT'F. At this point, the
need for optimum solution according to a cost function appears as the main motivation
for addition of all those paths to the topology. In the process of forming a cost function

some metrics can be introduced:

e Number and value of coefficients: This can be an important concern since
having less coefficients results in simpler architecture. Sum of the values of coeffi-
cients may give an idea of the area for implementation. In some cases, coefficients
may be large multiples of each other. This difference between the values of coef-
ficients may cause a problem.

e Power Consumption: Different architectures may result in different power
consumptions, which is an important concern from a design point of view, which
will be further discussed in Section 5.3.

e Sensitivity: Some architectures may result in topologies which are so sensitive
to the value of a path that even small process variations may cause a major

performance degradation.

Taking all above given considerations into account, it should be obvious that
determination of the paths to be used and their values is an important process. As
explained in Section 1.2, this work starts at the point where paths and gains are
to be determined. It searches for implementability of the found architecture, makes
deductions about implementations such as power consumption, sensitivity and area
which will be discussed in Chapter 4 and Chapter 5. At this point, the developed
tool, which gives this thesis a start, is discussed. The tool presented in [11, 12] starts
with a SPICE like netlist, which includes the connection scheme of the blocks in a XA
modulator. For the case of second order modulator, the netlist is as in Figure 3.12,

which also corresponds to modulator in Figure 1.7.

As it is seen, the tool includes main blocks, since it has those blocks modeled.
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I IN1 13 GAINI2611

2 GAIN112 14 GAIN1365

3 GAIN239 15 GAINI14 14 23

4 GAIN374 16 GAIN15724

5 GAIN4 78 17 ADDER?2-5-4-233

6 GAIN5110 18 ADDER 8-9-10-11-13 12
7 GAIN6 12 17 19 ADDER 16-17-18 -19 -15 -24 20
8 GAIN71 18 20 ADDER 2021 22

9 GAIN8319 21 DAC?226
10 GAIN9 14 16 22 INTEGRATORD 3 7

11 GAIN106 15 23 INTEGRATORD 12 14
12 GAINII 14 13 24 NOISE 21

Figure 3.12. Netlist for second order modulator.

Both delayless and delayed integrators are modeled by their z—transform counterparts.
Other blocks are also modeled in an appropriate way. The tool takes desired NTF and
STF from user and finds solutions on the basis of minimizing the number of paths by
avoiding delayless loops. It achieves this because it can calculate parametric NT F' and
STF between any two nodes in the architecture. Then, it matches the desired ones

with the parametric ones to solve equations. Finally, it comes with possible solutions.

The developed tool also models the non-idealities in the modulator in the form
of non-ideal integrator, which means that non-idealities are taken into account in the
determination of the coefficients. It should be noted that coefficients for any order of
YA modulator can be found by using this tool since the only change for the tool is the

netlist, which is entered by user.

3.5.2. Implementation of Coefficients

All the blocks used in the design of XA modulator architecture were introduced

in the previous sections. As explained in the previous sections, paths with gains are

inserted to the XA modulator architectures to get a better response as shown in Fig-
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ure 1.7. Implementation of those coefficients is achieved by circuitry in Figure 3.13. In
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Figure 3.13. Coefficient implementation circuitry.
general, the value of the coefficient is given by

Cy
x = ~ 37
%=z, (3.7)
where €} is the value of the capacitance given in Figure 3.13 and C} is the value of
the feedback capacitance of operational amplifier, to the input of which the coefficient
is connected. There are some exceptions to this rule, which will be explained in detail
later. In the following, implementation of each coefficient given in Figure 1.7 will be

explained individually with reference to Figure 3.13. Before going into the details of

the implementation of the coefficients, two issues should be noted

i. Since the implemented architectures are differential, two switched capacitor net-
works will be needed to implement each coefficient.

ii. For the coefficients connected to the input of the quantizer, we should insert the
circuit in Figure 3.13 between outputs of the second integrator and inputs of the
quantizer. In the rest of the explanations, it will be assumed that the name of

the capacitors of these inserted networks is C, = Clys.

e g1 : This coefficient is the gain of the first integrator. If C, = (], the value
of the implemented coefficient is C;/C;, where Cy; is the feedback capacitance
of the first integrator. Clock phases should be adjusted as ¢ = ¢35 = ¢, and
Oy = ¢y = ¢ where ¢, and ¢, are non-overlapping clocks having the same

period. To realize a positive value for g1, V;,. should be connected to port A of
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one SC network and port B of this network should be connected to the positive

input of the first operational amplifier. Similarly V;,_ should be connected to

port A of the other SC network and port B of this network should be connected

to the negative input of the first operational amplifier.

® (o :

This coefficient is the feedforward coefficient from the input of the first

integrator to the input of the second operational amplifier. Its implementation

is rather difficult since its input is the sum of the outputs of a number of other

coefficients, which in worst case is 4. These 4 coefficients are namely g1, g3, 913, 914-

There are two cases for implementation of gs:

1.

1i.

® (3 :

If only g; and ¢i3 are present at the same time with g, and if g1 = ¢3,
go can be realized by taking the difference of the modulator input signal
and the signal coming from DAC. This difference can be taken by using
the SC network shown in Figure 3.13 by connecting the modulator input
signal to port A and replacing V,,, on the left of C, by the signal coming
from the DAC. In this case, C,/Cy should be adjusted in such a way to
realize the value g2g1 = g2013, where Cy, is the feedback capacitance of the
second integrator. Clock phases should be adjusted as ¢ = ¢3 = ¢, and
P2 = 1 = Pp.

In other cases, g, should be realized by distributing its effect to the coeffi-
cients connected to the input of the first integrator, which are g1, g3, g13.914-
To distribute gy over g; extra SC networks should be used. Their inputs
should be same as the networks realizing ¢, itself and outputs should be
going to the input of the second operational amplifier. Capacitance values
of these networks should be chosen so as to realize g;gs. The situation is the
same for the remaining three coefficients over which g, should be distributed.
Again extra SC networks are needed. In distributing gy over g3, the inputs of
the network should be same as those realizing g3 itself, and outputs should
be going to the second operational amplifier again. The procedure and the
input output connection scheme is the same for g3 and ¢y4.

This coefficient is the local feedback of the first integrator. It samples the

output of the first integrator and feeds it back to the input of it. If C, = Cj,

the value of implemented coefficient is C'3/C's1. Clock phases should be adjusted
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as o1 = ¢3 = ¢, and ¢ = ¢4 = ¢p. To realize a positive value for gs, positive
output of the first integrator should be connected to port A of one SC network
and port B of this network should be connected to the positive input of the first
operational amplifier. Similarly, negative output of the first integrator should be
connected to port A of the other SC network and port B of this network should
be connected to the negative input of the first operational amplifier.

g4 ¢ This coefficient is the gain of the second integrator. If C, = Cj, the value
of the implemented coefficient is Cy/C}s. Clock phases should be adjusted as
01 = ¢3 = ¢, and ¢ = ¢4 = ¢,. To realize a positive value for g4, negative
output of the first integrator should be connected to port A of one SC network
and port B of this network should be connected to the positive input of the second
operational amplifier. Similarly postive output of the first integrator should be
connected to port A of the other SC network and port B of this network should
be connected to the negative input of the second operational amplifier.

g5 : This coefficient is the feedforward coefficient from the modulator input to
the input of the second integrator. It samples the modulator input and feeds
it to the input of the second operational amplifier. If C, = Cj5, the value of
the implemented coefficient is C5/C'o. Clock phases should be adjusted as ¢o =
¢35 = ¢q and 1 = P4 = ¢p. To realize a positive value for g5, positive input of
the modulator should be connected to port A of one SC network and port B of
this network should be connected to the negative input of the second operational
amplifier. Similarly, negative input of the modulator should be connected to port
A of the other SC network and port B of this network should be connected to
the positive input of the second operational amplifier.

ge : Situation is similar to the case of go. It can be implemented by taking
difference if only g, and g5 exist at the same time with gs and their values are
same. In other cases, effect of gg should be distributed over g, g4, g5, 911, g12. The
implementation procedure and the input output connection schemes for the extra
introduced networks is analogous to those for gs.

g7 ¢ This coefficient is the feedforward coefficient from modulator input to the
input of the quantizer. It samples the modulator input and feeds it to the input

of the quantizer. If C,, = C, the value of the implemented coefficient is C7/Clyy,
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where C,,; is the capacitance of the switched capacitor circuit inserted between
output of the second integrator and input of the comparator. Clock phases should
be adjusted as ¢ = ¢3 = ¢, and ¢ = ¢4 = ¢p. To realize a positive value for gy,
positive input of the modulator should be connected to port A of one SC network
and port B of this network should be connected to the negative input of the
comparator. Similarly negative input of the modulator should be connected to
port A of the other SC network and port B of this network should be connected
to the positive input of comparator.

gs : Implementation is same with go, only change is that output is connected to
the input of the comparator.

g9 : The value of the implemented coefficient is Cpy:/Ce. Clock phases should
be adjusted as ¢1 = ¢3 = ¢, and ¢ = ¢4 = ¢y. To realize a positive value for gy,
negative output of the second integrator should be connected to port A of one
SC network and port B of this network should be connected to the negative input
of the comparator. Similarly negative output of the second integrator should be
connected to port A of the other SC network and port B of this network should
be connected to the negative input of the comparator.

g10 ¢ If Cp = CYp, the value of implemented coefficient is Cyy/C,y;. But implemen-
tation of this coefficient is not useful in practice, since this coefficient introduces
delayless loop, which causes problem in operation.

g11 ¢ This coefficient is the local feedback of the second integrator. It samples the
output of the second integrator and feeds it back to the input. If C, = (4, the
value of the implemented coefficient is Cy1/C}s. Clock phases should be adjusted
as ¢1 = ¢3 = ¢, and o = P4 = ¢p. To realize a positive value for gq;, positive
output of the second integrator should be connected to port A of one SC network
and port B of this network should be connected to the positive input of the second
operational amplifier. Similarly negative output of the second integrator should
be connected to port A of the other SC network and port B of this network should
be connected to the negative input of the second operational amplifier.

g12 ¢ This coefficient is the feedback from DAC to the second integrator. It
samples the output of DAC and feeds it back to the input of second integrator. If
C; = C}a, the value of implemented coefficient is C2/Cfe. Clock phases should
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be adjusted as ¢1 = ¢4 = ¢p and ¢y = @3 = ¢,. To realize a positive value for g,
output of DACI1 should be connected to port A of one SC network and port B of
this network should be connected to the positive input of the second operational
amplifier. Similarly output of DAC2 should be connected to port A of the other
SC network and port B of this network should be connected to the negative input
of the second operational amplifier, where DAC1 and DAC2 are as explained in
Section 3.4.

g13 : This coefficient is the feedback from DAC to the first integrator. It samples
the output of DAC and feeds it back to the input of first integrator. If C, = Ci3,
the value of the implemented coefficient is Ci3/Cp. Clock phases should be
adjusted as ¢1 = ¢4 = ¢ and ¢y = ¢3 = ¢,. To realize a positive value for g3,
output of DAC1 should be connected to port A of one SC network and port B
of this network should be connected to the positive input of the first operational
amplifier. Similarly output of DAC2 should be connected to port A of the other
SC network and port B of this network should be connected to the negative
input of the first operational amplifier, where DAC1 and DAC2 are as explained
in Section 3.4.

g1s : This coefficient is the feedback coefficient from the output of the second
integrator to the input of the first integrator. It samples the output of the second
integrator and feeds it back to the input of operational amplifier of the first
integrator. If C, = Cy4, the value of the implemented coefficient is C14/CY;.
Clock phases should be adjusted as ¢1 = ¢3 = ¢, and ¢y = ¢4 = ¢p. To realize a
positive value for gq4, positive output of the second integrator should be connected
to port A of one SC network and port B of this network should be connected to
the positive input of the first operational amplifier. Similarly negative output
of the second integrator should be connected to port A of the other SC network
and port B of this network should be connected to the negative input of the first
operational amplifier.

g15 ¢ This coefficient is the feedforward coefficient from output of the first inte-
grator to the input of the quantizer. It samples the output of the first integrator
and feeds it to the input of the quantizer. If C, = C}5, the value of implemented
coefficient is C5/C,y. Clock phases should be adjusted as ¢ = ¢35 = ¢, and
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1 = ¢4 = ¢p. To realize a positive value for gi5, positive output of the first
integrator should be connected to port A of one SC network and port B of this
network should be connected to the negative input of the comparator. Similarly
negative output of the first integrator should be connected to port A of the other
SC network and port B of this network should be connected to the positive input

of comparator.
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4. IMPLEMENTED ARCHITECTURES

All the blocks which compose a XA modulator were presented in Chapter 3. In
addition to the main blocks, implementation of the coefficients, which are inserted to
the modulator, was explained in Section 3.5.2. What is to be done finally is to build
YA modulators using all components. YA modulator to be implemented was chosen

as the modulator having standard second order response which is

NTF(z)=(1—-2z1"* and STF(z) =22 (4.1)

In Equation (4.1), NTF response is a high—pass response and STF response is an all-
pass response. The tool in [11, 12] used for finding solutions for the coefficients. From
the solution set, 13 topologies were selected. These topologies were implemented and
simulations were done including the power spectral density of the output. In the follow-
ing pages, block diagrams and PSD graphs will be given. Note that in XA modulators
SNR is found from PSD graph by subtracting the highest noise component in the fre-
quency band of 2.5 times the signal frequency from the signal. In the implementation,
sampling frequency was 20 M H z, signal was a sinusoidal with a peak amplitude of
200 mV and frequency of 200 kKHz. Implementation of the coefficients were done as
it was explained in Section 3.5.2 with feedback capacitances across the operational

amplifier being 1 pF'.

e STANDARD ARCHITECTURE
Figure 4.1 shows the block diagram of the standard architecture. In the architec-

ture, values of the existing coefficients are

an=1,9.=1 g9=1, g1o=2, gi3=1. (4.2)

Simulations were done and PSD of the architecture is given in Figure 4.2. Signal

1s 42.5 dB and noise floor is at -10 dB. SNR is measured as 42.8 dB.



37

Figure 4.1. Standard architecture.
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Figure 4.2. Power Spectral Density (PSD) of standard architecture.

¢ ARCHITECTURE-1
Figure 4.3 shows the block diagram of the first architecture.

Figure 4.3. First architecture.

In the architecture, values of the existing coefficient are

g=1Lag=10=16g9=1 g2=1, gi3=1, g15 = —1. (4.3)
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Simulations were done and PSD of the architecture is given in Figure 4.4. Signal

is 42.1 dB and noise floor is at -4 dB. SNR is measured as 39.9 dB.

Magnifude (dB)

IR
Frequency (Hz)

Figure 4.4. PSD of first architecture.

e ARCHITECTURE-2

Figure 4.5 shows the block diagram of the second architecture.

Figure 4.5. Second architecture.

In the architecture, values of the existing coefficient are

g1 = 17 g2 = _17 g4 = 17 gs = 17 g9 = 17 gi2 = 17 gi13 = L. (44)

Implementation of g, was done by taking difference since at the input of the first
integrator only ¢g; and ¢;3 exist and their values are equal. Simulations were done
and PSD of the architecture is given in Figure 4.6. Signal is 42.32 dB and noise
floor is at -8.5 dB. SNR is measured as 41.76 dB.
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Figure 4.6. PSD of second architecture.

e ARCHITECTURE-3
Figure 4.7 shows the block diagram of the third architecture.

Figure 4.7. Third architecture.

In the architecture, values of the existing coefficient are

an=193=1,91=1,99=1,gu=-1,92=2, g13=—1, guu=1. (4.5)

Simulations were done and PSD of the architecture is given in Figure 4.8. Signal

is 44.6 dB and noise floor is at -10 dB. SNR is measured as 44.46 dB.
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Figure 4.8. PSD of third architecture.

¢ ARCHITECTURE4
Figure 4.9 shows the block diagram of the fourth architecture.

E(2)

X@ & . ,ﬂ 14906 - . Y(2)
1 2 * 3 H(Z) 7 L 8 + * 12 H(Z) L + t 20 et 22 "
N\ ] 13 Quanti
! & 12 ! 11
23 g14/|
AN DAC
[ 1
L1
Figure 4.9. Fourth architecture.
In the architecture, values of the existing coefficient are
G1=193=05,91=1, gg=1, g1 =—0.5, g12 =2, g1a = 0.25. (4.6)

Simulations were done and PSD of the architecture is given in Figure 4.10. Signal

is 43 dB and noise floor is at 5 dB. SNR is measured as 31.4 dB.
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Figure 4.10. PSD of fourth architecture.

e ARCHITECTURE-5
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Figure 4.11 shows the block diagram of the fifth architecture.
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Figure 4.11. Fifth architecture.

In the architecture, values of the existing coefficient are

=1L g=19g=2,99=1, giz=1, gi5 = —2.

Simulations were done and PSD of the architecture is given in Figure 4.12

is 42 dB and noise floor is at -15 dB. SNR is measured as 43.72 dB.
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. Signal
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Figure 4.12. PSD of fifth architecture.

e ARCHITECTURE-6
Figure 4.13 shows the block diagram of the sixth architecture.

——

Figure 4.13. Sixth architecture.

In the architecture, values of the existing coefficient are

g=195=-1,99=1g2=1, gi3=—-1, gu=1, g15 = 1. (4.8)

In this architecture g, is not present, which makes this architecture an interesting
topology. But implementation does not change. Simulations were done and PSD
of the architecture is given in Figure 4.14. Signal is 42.2 dB and noise floor is at

-20 dB. SNR is measured as 45.4 dB.
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Figure 4.14. PSD of sixth architecture.

ARCHITECTURE-7
Figure 4.15 shows the block diagram of the seventh architecture.

——

Figure 4.15. Seventh architecture.

In the architecture, values of the existing coefficient are

g =4, 95=-2,99=1, gio=2, gu=1, g15 =0.5.

Simulations were done and PSD of the architecture is given in Figure 4.16

is 43 dB and noise floor is at 0 dB. SNR is measured as 39.5 dB.

43
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Figure 4.16. PSD of seventh architecture.

e ARCHITECTURE-S8
Figure 4.17 shows the block diagram of the eighth architecture.

——

Figure 4.17. Eighth architecture.

In the architecture, values of the existing coefficient are

9 :17 g3:_17 g4:17 952_27 99:17 911:17 913:_17 (410)

g14 = 17 g15 = 2.

Simulations were done and PSD of the architecture is given in Figure 4.18. Signal

1s 50.9 dB and noise floor is at -10 dB. SNR is measured as 49.6 dB.
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Figure 4.18. PSD of eighth architecture.

ARCHITECTURE-9
Figure 4.19 shows the block diagram of the ninth architecture.
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Figure 4.19. Ninth architecture.

In the architecture, values of the existing coefficient are

=2, =1, =2, =2, =1, = —1, =2,
g1 g3 94 gs 99 g1 g12 (4‘11)

gi14 = 05, gi5 = —1.

Simulations were done and PSD of the architecture is given in Figure 4.20. Signal

is 52 dB and noise floor is at -5 dB. SNR is measured as 44.9 dB.
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Figure 4.20. PSD of ninth architecture.

ARCHITECTURE-10
Figure 4.21 shows the block diagram of the 10" architecture.
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Figure 4.21. 10** architecture.

In the architecture, values of the existing coefficient are

g1=19=-2,9.=1,95=2, g9=1, gi3=1. (4.12)

Simulations were done and PSD of the architecture is given in Figure 4.22. Signal

is 42 dB and noise floor is at 0 dB. SNR is measured as 37.4 dB.
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Figure 4.22. PSD of 10" architecture.

e ARCHITECTURE-11
Figure 4.23 shows the block diagram of the 11" architecture.

Figure 4.23. 11*" architecture.

In the architecture, values of the existing coefficient are

=1L g=19=296=-2, gr=-4, g=1, gi3=1. (4.13)

Implementation of gg is done by distributing its effect to g, and g5. Simulations
were done and PSD of the architecture is given in Figure 4.24. Signal is 42.15 dB
and noise floor is at -10 dB. SNR is measured as 42.15 dB.
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Figure 4.24. PSD of 11*" architecture.

¢ ARCHITECTURE-12
Figure 4.25 shows the block diagram of the 12 architecture.

Figure 4.25. 12" architecture.

In the architecture, values of the existing coefficient are

g1 = 17 g2 = 17 gs = 17 g5 = _17 g9 = 17 gi2 = 17 gi13 = _17 g4 = L. (414>

Simulations were done and PSD of the architecture is given in Figure 4.26. Signal

is 44.66 dB and noise floor is at -10 dB. SNR is measured as 44.16 dB.
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Figure 4.26. PSD of 12" architecture.

Finally, all data related to the architectures are summarized in Table 4.1. As it
can be observed from the table, eighth architecture has the highest signal and SNR
value. Sixth architecture has the lowest noise floor value. Fourth architecture, which
has no feedback path, has the lowest SNR value. Furthermore, it has the highest noise
floor value.

Table 4.1. Signal, Noise Floor and SNR values of each architecture.

Architectures

Std. 1 2 3 4 ) 6 7 8 9 10 11 12

Signal(dB) 425 421 4232 446 43 42 422 43 509 52 42 4215 44.66
Noise Floor(dB) | -10 4 -8.5 -10 5 -15 -20 0 -10 -5 0 -10 -10

SNR(dB) 42.8 399 41.76 44.46 314 43.72 454 395 49.6 449 374 4215 44.16
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5. PERFORMANCE CONSIDERATIONS

In Chapter 3, structures used in the design of XA modulator were introduced
and implementation issues about them were discussed. In Chapter 4, some of the
topologies, which were generated by an automation tool with the aim of realizing a
predetermined STF and NTF were implemented. Their PSD graphs and SNR values
were presented. After doing these, those different topologies which realize the same
STF and NTF will be compared by means of some criteria; namely area occupied by
the circuit, power consumed by the circuit and the sensitivity of the circuit performance

to the changes.

5.1. Area

In integrated circuit design, area is an important criterion for comparing differ-
ent implementations since less die area consumption is anyway a beneficial property.
If the case of same order YA modulators realizing same transfer functions is to be
discussed, the parameter to compare becomes the area occupied by the coefficient im-
plementation circuitry. The reason is that, same modulator order implies the same
number of integrators meaning the same number of operational amplifiers. In addition
to the operational amplifiers, number of quantizers and DACs will be same. Thus,
the important parameter is the area occupied by switched capacitor circuitry. Sum of
the values of the capacitors used in the implementation gives a variable to compare
different topologies. Calculated values of this variable for the implemented topologies
are tabulated as follows:

Table 5.1. Capacitor values used in implementation for each architecture

Architectures

Std. 12 3 4 5 6 7 8 9 10 11 12

Capacitance (pF) | 16 18 18 22 16.5 20 18 25 26 29 20 36 22
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5.2. Sensitivity

When performance of a XA modulator is considered, SNR can be a parameter of
interest. In order to describe a modulator as a high performance one, its SNR value
must be better than most of the others. The relation governing the SNR of a modulator

was given in Equation (2.7). Pg, which is the in band noise power, has the formula

fa/2 fa/2
A2 2
Po= [ Sopif= [ se(hINTFGPa=Ts (6
—fa/2 —fa/2

In this formula, Sg(f) is the power spectral density of the shaped quantization noise,
whereas Sg(f) is the PSD of unshaped quantization noise. Also, A is the quantization
step and M is the oversampling ratio. Since PSD of the unshaped quantization is
generally considered as uniform distributed white noise, the parameter that affects
the SNR appears to be |[NTF(z)|? term. The parameters that make the topologies
different are the coefficients and their values. All in all, sensitivities of the SNRs of
different architectures to the path gains is the parameter to dealt with. Since SNR is
directly related to |NT F(z)|?, sensitivity of this term to the path gains is important

in comparing the sensitivities of SNRs of the implemented architectures.

There are 15 coefficients in the second order XA modulator. The tool in [11, 12]
gives NT'F' of the second order modulator in parametric form of those coefficients. So,
sensitivity of [NT'F(z)]? to each coefficient can be calculated. The classical sensitivity
definition is

SY — L 5_y

T

——. 5.2
;6 (5.2)
In our case y would be [NT'F(z)|? and x would be g;, i changing from 1 to 15. How-
ever, the problem is that |[NTF(z)]? can be 0 for some cases which results in infinite
sensitivity, As a result there can be no way to look at sensitivity. Hence, a different

definition of sensitivity which is called Semi-relative Sensitivity is applied, which is
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discussed in [20] further. The equation for this sensitivity definition is

dpP

P(z) _ .77
Q. T (5.3)

By using Equation (5.3), sensitivity for the cases when P(x) = 0 can be accounted for.

So Q‘NTF(Z * will be the parameter of interest, which has the following equation:

SINTF(z)|?
e (5.4)

Having semi-relative sensitivity metric in hand, following steps are followed to reach a

value that gives an idea about the sensitivity of architecture’s SNR to the path gains:

i. Semi relative sensitivities of |NTF(z)|? with respect to each coefficient is cal-
culated. End result of this step is same for every architecture since NTF is
parametric.

ii. Gain values that are present in a definite topology are substituted to the result
of previous step. Resulting relation is only a function of z.

iii. 2 is substituted with e/*.

iv. Lo distance approach is applied in order to calculate a comparable quantity for
the sensitivities of each architecture. Taking the reference as zero, the following

integral is calculated for each sensitivity expression for coefficients g; to gi5:

1/2

Ly, = / [QINTFE (w)|Pdw | . (5.5)

v. Since the number of parameters on which the overall architecture sensitivity de-
pends is 15, it can be assumed that calculation is done in a 15—dimensional space.
Then each value Ly, can be assumed as a vector in each dimension and the overall

change (gradient) of these values can be used as an overall sensitivity parameter
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for each architecture which is calculated with formula

(5.6)

With the above approach a code was written in MATLAB to find overall sensitivity
parameter for each of the 13 architectures. The code is given in Appendix A. Just to
be used as information, the same procedure was followed for STF. Below NTF and
STF sensitivities of each architecture is tabularized:

Table 5.2. STF and NTF sensitivities of each architecture

Architectures

Std. 1 2 3 4 5 6 7 8 9 10 11 12

STF | 16.2 17.7 158 154 226 27.7 177 277 41.8 418 23.8 66.2 16.6

NTF | 13.7 94 11.8 342 28 13.7 94 137 342 342 154 154 35.1

As it can be observed from Table 5.2, 12! architecture has the highest sensitivity
to the coefficients. It should be noted that in addition to the sensitivity of the overall
architecture, sensitivity of the NTF' to each gain path is also in hand. So, knowing
path with the highest sensitivity, it is possible to see the effect of change in a gain
term to SNR value. As an example to see this effect, SIMULINK simulations have
been done for 12" architecture using models for each block. For 12! architecture, g4
has the highest sensitivity value, so effect of a change in that coefficient was observed.
For a 10 percent change in g14, SNR decreased from 90 dB to 74 dB. Also in order to
see the success of approach, effect of the change in a gain for an architecture with low
sensitivity has been observed. For this aim, sixth architecture has been chosen since it
has the lowest sensitivity. g5 which has the lowest sensitivity value has been selected
for the path. When its value is changed 10 percent SNR value decreased from 100 dB
to 98.9 dB, which is a change of only 1.1 dB. As it can be observed, change is small

which proves that approach is consistent.
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5.3. Power Consumption

In design of circuits, power consumption is an important concern. Following this
idea, power consumed by a YA modulator is an important parameter, when comparison
is to be done between different topologies realizing same transfer function. Firstly, it
should be noted that by simulations with the implemented architectures it has been
seen that dynamic power is negligible with respect to the static power consumed by
the modulator. This has been observed by comparing the operational amplifier current
charging the feedback capacitor with the branch currents of operational amplifier, since
the former is much smaller than the latter. So, if power consumption of the different
topologies is considered, static power consumption should be the parameter of interest.
In a XA modulator, most of the power is consumed by integrator, which makes the
power consumed by integrator important in power consideration. A SC integrator
includes operational amplifier, capacitors and switches. High portion of this power is
due to operational amplifier. Therefore, YA modulator power is highly correlated with
the operational amplifier power. Operational amplifier used in the design of integrator
is shown in Figure 3.7. If the current flowing through the single output stage is Ij.anen
and the current supplied to the single input differential stage is I, power consumed by

the operational amplifier is
P = (4[branch + 2I)VYDD (57)

For the operational amplifier in hand, Iy, = 0.711. So power of the operational

amplifier is P = 6.8Vpplyranch- I has the equation

me ‘/:)’U
[ _ Imess

SR (5.8)

where gperr is the transconductance of the differential amplifier’s single transistor

having the equation [22]

Imeff = Bln(2)CL,eff2fs> (59)
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where f, is the sampling frequency, C7 .¢s is the effective load capacitance, B is the
number of bits resolution. Cp ¢y is defined as a multiple, N¢, of the sampling capacitor,

C,. N¢ is called excess capacitance factor and has the equation

(CL)(Cs + Cy)

Ne =1
C + CSCI Y

(5.10)

where C', is the load capacitance, C; is the feedback capacitance. Only variable left is

B which is
2
B:logg(wgDR2+1), (5.11)
where dynamic range (DR) is DR? = llj_lsw in which Pg is the maximum signal power

for a sinusoidal signal having equation V,? /2. Py is the noise power, which is A2/12,

A being the step size of the quantizer.

A MATLAB code has been written for finding the power for each architecture.
For this aim, load, sampling and input capacitances for each topology have been found.
Also it should be noted that DR? = Pg/Py formula is defined for cases where input
directly enters the integrator. For cases where input signal is scaled by a transfer

function of H(z) and noise signal is scaled by transfer function G(z), following holds:

H(=)Ps
DR? = | .
B = Tetpany

(5.12)

This transfer function is defined as the ratio of the signal at integrator input to the
original signal which holds for both noise signal and modulator input signal. Since there
exists two integrators there exist H(z) and G(z) for each one. So flow for calculation

of the power for each architecture is as follows:

i. Hi(z), Hy(2),G1(2),Ga(2) are calculated and z = ¢/ is substituted.
i. In Hy(w), Hy(w), w = 27 fsigna s substituted since signal is just one tone with

frequency fsignal .

iii. Since noise exists at every frequency for quantization noise following integral is
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taken:

0.04m
|G (w)|*dw. (5.13)

—0.04m

Reason is that our signal is at 200 £H z and sampling frequency is at 20 M H z.
0.047 corresponds to 400 kH z and reason for this choice is that twice the signal
frequency has been chosen as the band of interest. This approach is similar to
the case of calculating SNR, where 2.5 times signal frequency is used.

iv. DR? is calculated by Equation 5.12. Note that V; = 200mV and A = 3.3V for
our case.

v. Then, the code calculates C ¢y value using the capacitor values, which are in-
put,load and sampling capacitances.

vi. Using above calculated values tool calculates I with values V,, = 0.216, f, =

20MH 2.

—

vii. Finally power is calculated.

Capacitance values used in the calculation are tabularized below:

Table 5.3. Load capacitances of each architecture

Architectures

Std. 1 2 3 4 5 6 7 8 9 10 11 12

INTI(pF)| 12 1 2 15 3 1 05 4 4 1 3 2
INT2(pF)| 11 1 3 25 1 2 2 3 25 1 1 3

Table 5.4. Sampling capacitances of each architecture

Architectures

Std. 1 2 3 4 5 6 7 8 9 10 11 12

INT1(pF)| 2 2 2 4 25 2 3 5 4 35 2 2 A4

INT2(pF) | 3 3 4 4 35 3 2 4 4 7 5 3 4
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It should be noted that C; values are all 1 pF'. After all calculated power values

have been found, which are tabularized below:

Table 5.5. Power Values

Architectures

Std. 1 2 3 4 ) 6 7 8 9 10 11 12

Power(mW) | 0.8 1.2 0.83 0.58 0.37 1.79 1.2 224 126 142 087 179 0.58

It is observed from Table 5.3 that fourth architecture has the lowest power con-
sumption value, whereas seventh one has the highest. To see the effect of the metric
devised, these two architectures have been used. Method used to see the effect was to
increase all the capacitances in the implementation to their multiple values. Reason for
using such a method is that increasing capacitances result in increase in current. Since
an operational amplifier, which can source a current up to a predefined level, is used,
after a limit value of capacitance increase malfunctioning of the circuit starts. When
this method has been applied to those two architectures, it has been observed that sev-
enth started malfunctioning after capacitance values have been doubled. However for
the case of fourth architecture, circuit has worked exactly with the same performance
when capacitances have been increased to three times their original values. Also it has
been observed that somehow it has continued working for five times the original values.

This somewhat proves that the approach holds.
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6. CONCLUSIONS

Analog to Digital Conversion is an important process in electronic systems, be-
cause of the reasons discussed in Chapter 1. There are two conversion methods ac-
cording to the sampling frequency used in the process. Being one of those methods,
oversampling converters achieve high resolution by trading bandwidth for it. A con-
verter, which is a special type of oversampling converters use XA modulator in order

to shape noise in a better way.

YA modulator includes loop filter before quantizer. The order of this filter de-
termines the order of the modulator and increase in order gives better performance in
terms of SNR values. Also for better performance, some paths with gains are intro-
duced to the modulator architecture. Those paths are either feedback or feedforward
ones. They improve the performance, however they complicates the design process,
since for a second order achitecture including all the possible paths results in an archi-
tecture with 15 paths. At that point, the need for determining the paths to be used

and finding the values of those coefficients arises.

In this work, finding the values of those coefficients has been achieved by using
the tool in [11, 12]. Solution set in hand has been realizing a standard second order ¥A
modulator response. However, the solution set has been so large that extra metrics have
been needed in order to choose the optimum topology from the solution set. Metrics
to be developed have been defined as area, power consumption and SNR sensitivity
of the architecture to the path gains. Approach taken for developing those metrics
has been implementation and simulation of somewhat different architectures. Then,
theoretical approach has been developed for each metric to support the data in hand.
Firstly, implementation has been the issue to deal with. SC implementation has been
chosen since VLSI is compatible with SC circuit technique. Methods to implement both
circuitry and coefficients have been devised and 13 different architectures including the

standard architecture have been implemented.
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Following the implementation, performance considerations have been the issue of
concern. The property that differs in the second order topologies implemented is the
paths employed in the topology and their values. So difference between the areas of the
topologies is due to the paths and their values. As a second metric SNR sensitivity to
path gains has been focused on. Theoretical approach has shown that SNR sensitivity
to gains went in parallel with the sensitivity of [NTF(z)|? to path gains. Sensitivities
of each architecture have been calculated using semi-relative sensitivity approach. Ap-
plicability of the approach has been verified by doing simulations on SIMULINK using
models for each block in XA modulator. Finally power consumption of the modulator
has been investgated. It has been observed that dynamic power consumption of the
modulator is negligible with respect to the static power consumption. For the static
power consumption, power consumed by the operational amplifiers has been focus point
since in literature integrator power is claimed to be the dominant power in a XA mod-
ulator. A theoretical approach from [22] has been applied to this case. Following the
calculation of the power using MATLAB code, architectures with minimum and max-

imum power consumption have been compared by using the approach of increasing all

the capacitances to their multiples. Approach proved to be useful.

Having all the implementations and metrics in hand, it has been interesting to
observe that all the metrics can be formulated in terms of path gains. This fact
can be used as a starting point for a future work. An optimization problem can be
formulated in order to maximize a cost function satisfying certain specifications. The
tool in [11, 12] can be further upgraded to solve that optimization problem resulting

in the best topology considering performance issues.



APPENDIX A: MATLAB Code written for sensitivity

analysis

This is the code for calculation of NTF sensitivity.

modify_14;
stf = x22/x1;
ntf = x22/x21;

clear s ss 1
1_total = 0;

1_total_ntf = 0;

gains = top

syms E IN w real

syms z

syms gl g2 g3 g4 gb gb g7 g8 g9 gl0 gll gl2 g13 gld glb real;

j = sqrt(-1);

stf2 = subs(stf, E, 0);

ntf2 = subs(ntf, IN, 0);

stf2 = collect(simplify(stf2));
ntf2 = collect(simplify(ntf2));

numden (stf2) ;

[numstf denstf]

[numntf denntf] numden (ntf2) ;

subs (numntf, z, exp(j*w));

=]
Il

Q.
Il

subs (denntf, z, exp(j*w));



n2

n*xconj(n);

d2 = dx*conj(d);
for k=1 : 15

eval([’s.g’ num2str(k) ’= (diff(n2, g’ num2str(k) ’)=*
g’ num2str(k) ’) - (diff(d2, g’ num2str(k) ’)x*
g’ num2str(k) ’);’])

eval([’ssub.g’ num2str(k) ’= subs(s.g’ num2str(k) ’,
{gl, g2, g3, g4, gb, g6, g7, g8, g9, gl0, gli,
gl2, gl13, gl4, gi5}, gains);’])

eval([’ss.g’ num2str(k) ’= ssub.g’ num2str(k) ’*
conj(ssub.g’ num2str(k) ’);’])

eval([’1l.g’ num2str(k) ’ = double(sqrt(int(ss.g’ num2str(k) °’
, W, -pi, pi)))’1)

end

for k =1 : 15
eval([’1_total = 1_total + l.g’ num2str(k) ’~2;’])
end

1_total_ntf = sqrt(l_total)

This is the code for calculation of STF sensitivity.

modify_14
stf = x22/x1;
ntf = x22/x21;

clear s ss 1

1_total = O;
1_total_stf = 0;

gains = top



syms E IN w real
syms z

syms gl g2 g3 g4 gb gb g7 g8 g9 gl0 gll gl2 g13 gld glb real;

j = sqrt(-1);

stf2 = subs(stf, E, 0)

ntf2 = subs(ntf, IN, 0)

stf2 = collect(simplify(stf2))
ntf2 = collect(simplify(ntf2))

[numstf denstf] = numden(stf2);

[numntf denntf] = numden(ntf2);

n = subs(numstf, z, exp(j*w));

d = subs(denstf, z, exp(j*w));

n2 = n*conj(n);

d2 = dxconj(d);

for k =1 : 15

eval([’s.g’ num2str(k) ’= (diff(n2, g’ num2str(k) ’)
xg’ num2str(k) ’) - (diff(d2, g’ num2str(k) ’)
*xg’ num2str(k) ’);’])

eval([’ssub.g’ num2str(k) ’= subs(s.g’ num2str(k) ’,
{gl, g2, g3, g4, gb, g6, g7, g8, g9, gl0o, gl1, gi2, g13,
gld, gib}, gains);’])

eval([’ss.g’ num2str(k) ’= ssub.g’ num2str(k) ’
*xconj(ssub.g’ num2str(k) ’);’]1)

eval([’1l.g’ num2str(k) ’ = double(

sqrt(int(ss.g’ num2str(k) ’, w, -pi, pi)))’])
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eval([’1_total = 1_total + 1l.g’ num2str(k) ’°2;’])

end

for k = 1
end
1_total_stf

sqrt (1_total)
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APPENDIX B: MATLAB Code written for power analysis

syms w real

hl = x3/x1;

h2 = x12/x1;
nl = x3/x21;
n2 = x12/x21;

hl = subs(hl, E, 0);
hl = simplify(collect(hl));

h2 = subs(h2, E,0);
h2 = simplify(collect(h2));

nl = subs(nl, IN, 0);

nl = simplify(collect(nl));

n2 = subs(n2, IN, 0);

n2 = simplify(collect(n2));

for i =1 : 13

hl_top = subs(hl, ’gl, g2, g3, g4, gb, gb, g7, g8, g9, glo,
gll, g12, g13, gl4, g15’, topo{il});

hl_top = simplify(collect(hl_top));

hi_z{i} = hi_top;

hl_top = subs(hl_top, z, exp(j*w));

hl_abs{i} = abs(hl_top);

hl_abs{i}

hil_abs{i}"2;
hil_abs{i}

subs (hl_abs{i}, w, 0.02xpi);



h2_top = subs(h2, ’gl, g2, g3, g4, gb, gb, g7, g8, g9, glo,

gll, gl2, g13, gi4, gib’, topof{il);

h2_top = simplify(collect(h2_top));

h2_z{i} = h2_top;

h2_top = subs(h2_top, z, exp(j*w));

h2_abs{i}

h2_abs{i}

h2_abs{i}

abs (h2_top) ;
h2_abs{i}"2;
subs (h2_abs{i}, w, 0.02xpi);

nl_top = subs(nl, ’gl, g2, g3, g4, gb, gb, g7, g8, g9, glo0,

gll, gl2, gi13, gl4, gi5’, topo{i});

nl_top = simplify(collect(nl_top));

nl_z{i} = nl_top;

nl_top = subs(nl_top, z, exp(j*w));

nl_abs{i}

nl_abs{i}

nl_abs{i}

abs(nl_top);
nl_abs{i}"2;
int(nl_abs{i}, w, 0, 0.04xpi);

n2_top = subs(n2, ’gl, g2, g3, g4, gb, gb, g7, g8, g9, glo0,

gll, gl2, g13, gi4, gib’, topof{il);

n2_top = simplify(collect(n2_top));

n2_z{i} = n2_top

n2_top = subs(n2_top, z, exp(j*w));

n2_abs{i}

n2_abs{i}

n2_abs{i}

p_topo (i)
delta, cl_1(i),

n2_abs{i}, amp,

abs(n2_top) ;
n2_abs{i}"2;
int(n2_abs{i}, w, 0, 0.04xpi);

double(p_disp(vov, hl_abs{i}, nl_abs{i}, amp,
ci_1(i), cs_1(i), fs) + p_disp(vov, h2_abs{i},
delta, cl_2(i), ci_2(i), cs_2(i), £fs));
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end

This code invokes following code piece for calculation of power:

function pow = p_disp(vov, h_abs, n_abs, amp, delta, cl, ci, cs, fs)

ps = amp~2/2;
pn = delta~2/12;

dr_sq = (h_abs*ps)/(n_abs*pn) ;

nc = 1 + (cl*(cs + ci)/(cs*ci));

cl_eff = ncx*cs;

current = 0.71*vovxlog2(sqrt(2/3*dr_sq) + 1)*log(2)*cl_effx*fs;

pow = 3.3*6.8*current;

end

66



10.

11.

67

REFERENCES

. Aziz, P., H. Sorensen and J. Spiegel, 7 An Overview of Sigma—Delta Converters”,

IEEFE Signal Processing Magazine, pp. 61-84, Jan. 2006.

. Ismail, M. and T. Fiez, Analog VLSI Signal and Information Processing, McGraw—

Hill Series in Electrical and Computer Engineering, 1994.

. Liu, M., Demystifying Switched—Capacitor Circuits, Newnes, 2006.

. Unbehauen, R. and A. Cichocki, MOS Switched—Capacitor and Continuous—Time

Integrated Circuits and Systems, Springer—Verlag, 1989.

. Rabii, S. and B. Wooley, The Design of Low-Voltage, Low—Power Sigma—Delta

Modulators, Kluwer Academic Publishers, 1999.

. Medeiro, F., A. Perez and A. Vazquez, Top—Down Design of High—Performance

Sigma—Delta Modulators, Kluwer Academic Publishers, 1999.

Norsworthy, S., R. Schreier and G. Temes, Delta—Sigma Data Converters : Theory,
Design, and Simulation , IEEE Circuit & Systems Society IEEE Press, 1997.

. Inose, H., Y. Yasuda and J. Murakami, ”A Telemetering System by Code Manip-

ulation — Modulation”, IRE Trans on Space Electronics and Telemetry, Sep. 1962,
pp- 204-209.

http : / /en.wikipedia.org/wiki/Delta — sigma_modulation

http://www.analog.com/en/content/0,2886,760%255F %255F92393,00. html

Yetik, O., O. Saglamdemir, S. Talay and G. Dundar, ” A Coefficient Optimization
and Architecture Selection Tool for > — A Modulators in MATLAB”, Design,
Automation & Test in Europe Conference & Exhibition, 2007. DATE ’07 , vol.,



12.

13.

14.

15.

16.

17.

18.

19.

20.

21.

68

no., pp.1-6, 16-20 April 2007.

Saglamdemir, O., O. Yetik, S. Talay and G. Dundar, ” A coefficient optimization
and architecture selection tool for SD modulators considering component non-
idealities”, In Proceedings of the 17th Great Lakes Symposium on Great Lakes
Symposium on VLSI (Stresa-Lago Maggiore, Italy, March 11 - 13, 2007). GLSVLSI
'07. ACM Press, New York, NY, 423-428.

Tang, H. and A. Doboli, ”High-level synthesis of AY Modulator topologies op-
timized for complexity, sensitivity, and power consumption”, IEEFE Transactions
on Computer-Aided Design of Integrated Circuits and Systems, vol.25, no.3, pp.
597-607, March 2006.

Bennett, W. R., ”Spectra of quantized signals,” Bell Syst. Tech. J., vol. 27, pp.
446-472, July 1948.

Candy, J. C. and G. C. Temes, Quersampling Delta—Sigma Converters, IEEE Press,
1992.

Gray, R. M., "Quantization noise spectra,” IEEFE Transactions on Information

Theory, vol.36, no.6, pp.1220-1244, Nov 1990.

http://en.wikipedia.org/wiki/Image:DeltaSigmaNoise.svg

Franco, S., Design with Operational Amplifiers and Analog Integrated Circuits, Mc-
Graw Hill, 2002.

Gregorian, R., K. W. Martin and G. C. Temes, ” Switched-capacitor circuit design”,
Proceedings of the IEEFE, vol.71, no.8, pp. 941-966, Aug. 1983.

Schaumann, R., M. Ghausi and K. Laker, Design of Analog Filters, Prentice Hall

Series in Electrical and Computer Engineering, 1990.

Sedra, A. S. and K. C. Smith: ”Microelectronic Circuits 44, Edition”, Oxford



69

University Press, New York, 1998.

22. Peluso, V., M. Steyaert and W. Sansen, Design of Low—Voltage Low—Power CMOS
Delta—Sigma A/D Converters, Kluwer Academic Publishers, 1999.



