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Abstract

This thesis develops the design methodology for a low-voltage low-power 2A
Modulator, realized using a switched op-amp technique that can be used in a hearing
instrument. Switched op-amp implementation allows scaling down the design to the
latest CMOS technology. A single-loop second-order YA Modulator topology is chosen.
The modulator circuit features reduced complexity, area reduction and low conversion
energy. The modulator has a sampling rate of 8.2 MHz with an over-sampling ratio
(OSR) of 256 to provide an audio bandwidth of 16 kHz. The modulator is implemented
in a 0.18 pm digital CMOS technology with metal-to-metal sandwich structure
capacitors. The modulator operates with a supply voltage of 1.8 V. The active area is
0.403 mm®. The modulator achieves a 98 dB signal-to-noise-and-distortion ratio (SNDR)
and a 100 dB dynamic range (DR) at a Nyquist conversion rate of 32 kHz and consumes
1321 uW with a joule/conversion figure of merit equal to 161x107? J/s.

The design methodology is developed through the extensive use of simulation
tools. The behaviour simulation is carried out using Matlab/ SIMULINK while circuits
are simulated with Hspice using the Cadence design tools. Full-custom layout for the
analog and the digital circuits is performed using the Cadence design tool. Post-
processing simulation of the extracted modulator with parasitic verifies that results meet

the requirements. The design has been sent to CMC for fabrication.

1il
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Chapter 1

Introduction

1.1 Motivation

Modern electronics systems in computers, communications, automotive and
instrumentation are mostly mixed-signal systems. An analog to digital converter (ADC)
is a standard building block, unavoidable as interface between the analog world and the
digital signal processing hardware. The market for portable electronic systems and
system-on-chip (SOC) such as wireless communications devices and hearing aids, is
continuously expanding. Both low voltage and low power operation are of great
importance for portable applications and SOC. Low voltage operation is demanded
because it is desirable to use as few batteries as possible for size and weight
considerations. Low power consumption is necessary to ensure a reasonable battery
lifetime.

The XA converters are based on noise shaping and over-sampling. It has been
known for nearly thirty years, but only recently has the technology of high-density digital
VLSI existed to manufacture them as inexpensive integrated circuits. Without the CMOS
technology, the digital filtering required in >A converters for decimation and
interpolation makes these circuits too expensive. Low voltage low power design can be
achieved as the CMOS technology is scaled down. XA converters have low sensitivity to
the component mismatches at the price of extensive use of digital processing [1].

There are a lot of architectures available to implement >A converters, from
single-loop [2] to the more sophisticated with multiple feedback loops, cascade
connection or multi-bit quantization [3] [4] [5] [6] [7] [8]. Most of these architectures
have been successfully implemented. CMOS XA converters with 20-bit effective
resolution in instrumentation [9] [10] [11], 16-bit in audio and data acquisition [12] [13]
[14] [15] [16] and 12-bit or more in communications are feasible [17] [18] [19] [20].

The first and probably largest application of > A converters is in the field of digital
telephony [21]. Digital audio is the most obvious application that takes full advantage of
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the inherent qualities of A converters [22] [23] [24] [25] [26]. For digital-audio
applications, the previous researches have already proven that switched-capacitor (SC)
YA structure is a good candidate. However, these works either employ supply voltages
as high as 5 V [27], or use out-of-date CMOS technologies with bigger transistor channel
lengths [27] [28]. In the 0.18 um technology, 2.A modulator is presented for digital-
audio applications using a bootstrapped switch [29]. To the author’s knowledge, there is
a lack of papers on implementation of digital-audio >A modulators with guaranteed
performance that is compatible with the latest CMOS technologies. The market does post
a continuing demand to design > A modulators using technologies with channel length as
small as 0.18um or even smaller to be compatible with the latest CMOS technologies and

with less area-occupation, high-resolution, and low power.

1.2 Objectives

This thesis investigates the development of a switched op-amp (SO) XA
modulator for digital-audio instrumentations to provide compatibility with the
continuously decreasing CMOS technology feature size. The specific design objectives
are:

1. To develop a top down design methodology in order to perform an
analysis at the system architectural level before starting transistor level
design. To use Matlab/ SIMULINK to implement the system architecture
and model non-idealities.

2. To choose the proper topology to design the >A modulator for digital-
audio instrumentations, while considering low-power and low-voltage
design constraints.

3. To carry out the design of the individual building blocks using the 0.18
um CMOS process. To integrate the building blocks. To verify the
designed individual circuits and the whole modulator by simulation using
Hspice in the Cadence design tools.

4. To implement the Layout considering the mixed-signal design

requirements. To verify that the designed >A modulator meets the
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required specifications thought post-simulation with parasitic and testing

the fabricated chip.

1.3  Thesis Organization

Chapter 2 is an introduction to 2A modulators. It includes discussing
oversampling ADC, analyzing the behavior of 2 A modulators in the Z-domain and
discussing the performance metrics. The motivation for top-down design methodology 1s
discussed and the implemented methodology for this work is shown. In Chapter 3
different kinds of topologies are compared and the reasons for selecting the single-loop,
second-order >.A modulator for this work are discussed. Non-idealities issues associated
with 2.A modulator design and modeling in MATLAB/ SIMULINK are given and the
behavior simulation to optimize the system and building blocks parameters is then
developed. In Chapter 4, the switch design constraint and low-voltage, low-power design
techniques are addressed. Chapter 5 focuses on the implementation of each building
block in the TSMC 0.18 pm CMOS technology with the simulation results from the
analog environment of the cadence design tool. Chapter 6 deals with integrating the
building blocks to implement the SO >A modulator and simulating the results. In

Chapter 7, conclusion remarks and recommendations for future work are discussed.
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Chapter 2
2A Modulator Basic Concepts

This Chapter introduces the concept of oversampling ADC, describes the basic
function of the 2.A Modulator and explains how the >A Modulation is so beneficial for
generating high-resolution data. The performance criteria that are necessary to measure
the performance of the 2A Modulator are defined. A top-down design methodology
using SIMULINK for the design of 2 A modulator is discussed. The motivation and the
benefits of the top-down optimization are presented, which featured a shorter design
cycle, along with ease of implementation and reproducibility. The design steps for the

SO > A modulator are summarized

2.1 Oversampling ADC

Analog-to-digital converters can be separated into two categories depending on

the rate of sampling. The first category samples the input at the Nyquist rate, such that:
fy =2F

Where F is the signal bandwidth and f, is the sampling rate. The second type samples

the signal at a rate much higher than the signal bandwidth. This type is called the
oversampling converter [30].

Figure 2-1 shows the typical process used in ADC. After filtering the signal, to
help minimizing aliasing effects, the signal is sampled, quantized, and encoded using

simple digital logic to provide the digital data in the proper format.
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Digital

Analog input—] Am'ﬁlf"g | SH | Quantizer—| it F— Digital output
(a)
Analop input— n oiﬁlat ol D&gl::l —  Digital output
(&)
Figure 2-1. Typical ADCs block diagrams. (a) Nyquist rate ADC.

(b) Oversampling ADC

Sampling frequency is twice the signal bandwidth.

5i gnal
ARivivivhe =

—Zfs —; 0 fs zfs f ZJ‘{J‘TTU f‘ Efl
(=) Ahasmj:.
(b)

Qversampling ficquency is many times the signal bandwidth.

m_m M

—f= 0 FAR A
(c)

Figure 2-2. Nyquist rate and oversampling ADC. (a) Frequency domain for
Nyquist rate ADC. (b) Aliasing effect for Nyquist rate ADC. (c)
Frequency domain for oversampling ADC.

A sampled signal in the frequency domain appears as a series of band-limited
signals at multiples of the sampling frequency. As the sampling frequency decreases, the
frequency spectra begin to overlap causing aliasing effect. Figure 2-2a shows the
frequency spectra, while Figure 2-2b shows the aliasing effect when using Nyquist rate
converters. Complex filters are required to correct the problem. For oversampled ADC,
aliasing becomes much less of a factor. Since the sampling rate is much greater than the

bandwidth of the signal, the frequency domain representation shows that the spectra are
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widely spaced, as seen in Figure 2-2c. Thus using oversampling ADC, little if any,
anti_alias filtering is needed.

Oversampling converters typically employ SC circuit and therefore do not need
sample-and-hold circuits. Quantization is provided in the form of a pulse-density
modulated signal that represents the average of the input signal. The modulator is able to
construct these pulses in real time, so it is not necessary to hold the input value and
perform the conversion. Figure 2-3 illustrates the output of the modulator for the positive
half of a sine wave input. For the peak of the sine wave, most of the pulses are high. As
the sine wave decreases in value, the pulses become distributed between high and low
according to the sine wave value.

Digital signal processing should be utilized for the oversampling ADC, which
filter any out-of-band quantization noise and attenuate any spurious out-of-band signals.
The output of the filter is then down sampled to the Nyquist rate so that the resulting
output of the ADC is the digital data, which represents the average value of the analog
voltage over the oversampling period. Figure 2-4 shows the block diagram and the

frequency spectrum of the digital part.

%
A

| ,

Figure 2-3.  Pulse density output from a 2 A modulator for a sine wave input
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Figure 2-4.  Digital and decimation filtering in the XA ADC

2.2  First Order 2 A Modulator

This section examines the time domain and the frequency domain behaviour to
determine why > A Modulation is so beneficial for generating high-resolution data. Noise

shaping, which is a powerful concept used within oversampling ADC, is explained.

2.2.1 Time Domain Behaviour

A basic first order 2 A modulator can be seen in Figure 2-5. An integrator and a
1-bit quantizer are in the forward path, and a 1-bit digital-to-analog (DAC) is in the
feedback path of a single-feedback loop system. The 1-bit quantizer is simply a
comparator that converts an analog signal into either a high or low. From the Z-domain
representation shown in Figure 2-6, the input-output relation can be written in terms of a

difference equation as [31]:

Y(KT) = x(KT -T)+Q(KT) - Q. (KT -T) 2-1)

Where K is an integer. T is the inverse of the sampling frequency (£s). Q. is the

quantization noise expressed as:

Q.(KT) = y(KT) —u(KT)
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Figure 2-5.  First-order 2A modulator

Integrator Q(Z)
z ‘

Integrator

>Y(Z)  X(2D)—» > A

- ¥

@ (®)

Figure 2-6. Z domain representation of the first-order A modulator.

(a) Z-domain representation. (b) Conceptual representation.

Therefore, the output of the modulator consists of a quantized value of the input signal
delayed by one sample period, plus a differencing of the quantization error between the
present and previous values. Thus, the real power of the >A Modulator is that the

quantization noise Q,, cancels itself out to the first order.

2.2.2 Z-Domain Behaviour

Figure 2-6 shows the Z-domain model for the first order >A modulator. The ideal

-1
integrator is represented with the transfer function

The 1-bit quantizer is
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modeled as a simple error source Q(Z), and the DAC is considered to be ideal. The

output can be expressed as:

Y(z)=z"'X(2)+(1-2z")0(2) (2-2)

Where Y(z), X(z2) and Q(z) are the z-transform of the modulator output, input, and the

quantization error respectively.

The multiplication factor of X(z) is called the signal transfer function (STF),
whereas that of Q(z) is called the noise transfer function (NTF). It can be noted that z!
represents a unit delay, while the NTF has high pass characteristics, allowing noise
suppression at low frequencies. The modulator has essentially pushed the power of the
noise out of the bandwidth of the signal. This high-pass characteristic is known as noise
shaping. The digital filter will then perform low pass filtering in order to remove all of
the out-of-band quantization noise, which then permits the signal to be down sampled to

yield the final high-resolution output

2.3 Second Order 2A modulators

Second order > Amodulator provides a greater amount of noise shaping. A

second-order modulator is shown in Figure 2-7.

Integeator A Iategrator B :

+ + &7 1 bit W&
X Delay Quantizer

+ : = s
Delay

i-biy
DAL

Figure 2-7.  Second-order 2A modulator
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The output of the modulator can be expressed in the time domain as [31]:
WKT) = x(KT -T)+ Q,(KT)-20,(KT - T) + O, (KT - 2T) (2-3)

The output contained a delayed version of the input plus a second-order differencing of

the quantization noise Q,.

The z-domain equivalent is given by [32]:
Y(2)=z"'X(2)+(1-27)0,(2) (2-4)

The NTF (1-z7")? has two zeros at dc, resulting in second-order noise shaping. In

general L™-order noise shaping can be obtained by placing L integrators in the forward
path of a AY, modulator. For L™ order noise differencing, the noise transfer function
(NTF) is given by:

NTFy(z)= (1-z™")* (2-5)
In the frequency domain, the magnitude of the noise transfer function can be written as:

| NTFy(f) [H 1= "= (2sinfT, )" (2-6)

Figure 2-8 shows the noise shaping functions of the first, second, and third-order
modulator. The crosshatched area under each of the curves represents the noise that
remains in the signal bandwidth. As the order increasers, more of the noise is pushed out
into the higher frequencies, thus decreasing the noise in the signal bandwidth. Almost all
of the noise is out of the signal bandwidth; it can be easily filtered, leaving only a small
portion within the signal bandwidth. As the modulator order and/ or oversampling ratio

increases, the portion of the quantization noise that falls into the signal band decreases.

10
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Figure 2-8. Comparison of noise shaping for the first, second and third-order A
modulator.

In practice, the single-loop modulator having noise-shaping characteristics in the

form of (1-Z™)" is unstable for (L>2), unless an L-bit quantizer is used [33] [34]

2.4 Performance Criteria

The figures of merit used to characterize AY. modulator are the signal-to-noise
ratio (SNR), signal-to-noise-and-distortion ratio (SNDR), Dynamic range (DR), the
effective resolution and the power dissipation.

2.4.1 Signal-to-noise ratio (SNR)

SNR is the ratio between the output power at the frequency of a sinusoidal input

and the in-band noise power. Ideally with quantization noise only, the SNR results in:
2
SNR(dB) = 101og,0(’4—P/3J @2-7)

%)

Where A is the amplitude of the input signal and Py, is the quantization noise power.

11
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2.4.2 Signal-to-noise-and-distortion ratio (SNDR)

It is the ratio of the output signal power to the in-band noise power due to the
non-idealities of the circuitry and the quantization noise. Then by definition, SNDR is
given by:

A /2
SNDR(dB) =10log,, (2-8)
Py + P,

Where Pp is the harmonic distortion power due to the non-idealities.

Peak SNDR is a useful metric for evaluating the capability of a > A modulator for
handling large in-band signals at acceptable linearity. It is especially important for
applications such as digital audio applications. Peak SNDR is frequency dependant and
can be used to measure the degradation of the modulator performance as the input signal

increases in frequency. Since the output data is digital, discrete Fourier transform can be

used to examine the data in the digital domain.

2.4.3 Dynamic range (DR)

The DR is defined as the ratio between the output power at the frequency of a sinusoidal
input with full-scale range amplitude and the output power when the input is a sinusoidal
of the same frequency, but of small amplitude, so that it cannot be distinguished from
noise; that is, with SNR equals to 0 dB. DR is also called the useful signal range [35].
For a single-bit quantizer, DR is given by [32]:

2 _32L+1, 414
DR =E 0 M (2-10)

Where M is the OSR and L is the modulator order

2.4.4 Effective resolution
The number of bits (B) or effective resolution of the 2 A modulator as a function

of its DR is [32]:

12
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Thus for 16 bit data conversion, one must design a circuit that will have DR of 98
dB. The resolution also increases as the order of the 2_A modulator and the oversampling
ratio increases, as seen in Figure 2-9 [30]

It can be concluded from equation (2-10) and (2-11) that using a first-order
modulator, DR increases by 9dB with every doubling of the oversampling ratio. This
correlates to an approximate increase of 1.5 bits in resolution. The higher order
modulators have even greater gain in resolution as 2.5 bit increase is attained with each
doubling of the oversampling ratio using a second-order modulator, while the third-order

modulator increases by 3.5 bits.

2.4.5 Power Dissipation
In low-voltage, low-power design, power dissipation is an important parameter. It
is opposes a design constraint. Power dissipation is normally discussed as a trade off

parameter with target metrics.

13

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



2.5 Top-Down Design Methodology Motivation

Despite a high tolerance for non-idealities of the YA Modulator, it is still
governed by the limitations of its analog building blocks, especially at the input stage,
where, no noise shaping has taken place. The design of an analog system consists of
three obstacles:

1. Architecture selection.

2. Determining the specifications of the analog building blocks necessary to

implement the chosen architecture.

3. Minimizing the effects of the circuit non-idealities.

If these obstacles are treated separately, the number of design iteration is big and
consequently the design cycle will take too long to practically meet the market demands
for the technology. Due to the uncertainty that arises with a change in technology, it is
more amenable to consider a design process that can begin without a complete
dependence on a specific technology. Some tools exit aimed at fully automating the
design process, however they are limited to a small number of fixed schematic [36] [37].
These tools, which are not designed to be reproduced, remove the designer from the
process, and do nothing to increase the designer’s knowledge. Furthermore, the

techniques used in these programs are hidden and cannot be applied to other designs.

2.6 Switched Op-Amp XA Modulator Design Methodology

To reduce the number of the design iteration and better explore the design
options, it is beneficial to perform an analysis at the system architectural level before
starting transistor level design. This allows for a feasibility analysis in which all the
design considerations are treated at the highest level of abstraction. The ultimate goal is
to have the low level circuit parameters dictated by the selected architecture and desired
performance. High-level optimization geared design avoids the complete dependence on
a specific technology and provide the designers with values for familiar parameters (such
as gm Or Ty for an op-amp), which provide excellent guidelines for the construction of a
device. A top-down design methodology is needed in conjunction with an optimization

process for the creation of analog or mixed signal integrated circuits.

14
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There is also a need to provide a mean of tackling the design problem by
presenting a simple to implement methodology that makes use of widely used and
available tools. This allows the procedure to be implemented and reused with little
difficulty or expense [38]. SIMULINK is used to implement the system architecture and
model non-idealities, while MATLAB [39] is used to create routines to optimize the
circuit parameters. As a result, the requirements of the building blocks will be specified
prior to the undertaking of transistor level simulation, saving valued design time. Top
down design methodology is proposed to design 2.A modulator. The systematic design
methodology that is followed in this work is shown in Figure 2-10.

Starting with the required specification, the topology required for hearing-aid
application is investigated and the optimal architecture is chosen. The system behavior
simulation is necessary to optimize the A}, modulator topology parameters on the system
level. SIMULINK is used for the behaviour simulation. The key parameters are isolated
and the sub-circuits is modeled for non-idealities and the behaviour simulation is run
again to derive the required circuit specification in order to ensure that the real system,
with non-ideal components, reaches the intended performance. This methodology avoids
estimation of the required circuit specifications; it is an important part of low power
design. The building blocks are designed in 0.18 um process at the circuit level such that
they achieve the given specifications and hence ensure the overall system performance.
All the sub-modules and sub-circuits are integrated and simulated. The simulation results
are compared with the required specification. The system then enters the layout phase.
Post-simulation is necessary to ensure that the parasitic effect is considered. Finally it is

sent for fabrication.

15
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Chapter 3

System Level Behavior

A variety of YA modulator architectures have been explored recently. >A
modulators can be classified in two primary groups, the single-loop and cascade. Each of
which has its advantages and drawbacks. Among these, perhaps the most robust is a
second-order > A modulator [34]. The second-order >A modulator is attractive for
digital-audio signal acquisition for their stable operation and its tolerance to circuit non-
idealities.

A complete set of SIMULINK models are needed to perform exhaustive
behavioral simulation of the SC 2A modulator taking into account most of the non-
idealities, such as sampling jitter, KT/C noise and op-amp parameters (noise, finite gain,
finite bandwidth (GBW), slew-rate (SR) and saturation voltages). The models, which
simulate non-idealities, are utilized in the behavior simulation. The behavior model is
presented and the results obtained with the modeled blocks for the second-order XA

modulator are reported.

3.1 Comparison between Modulator Architectures

Different kinds of 2. A modulators exist. Depending on the number of quantizers,
modulator can be classified as single-loop and cascade. They can also be classified as
one-bit or multi-bit modulator according to the number of quantization levels employed
by the quantizer. The advantage and disadvantage of these topologies are summarized in

Table 3-1.

17
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Table 3-1

Comparison between modulator architectures

Modulator Type Advantages Disadvantages
Low-order e Guaranteed stability High value of OSR for
Single-loop e Simple loop filter design high SNR
Single-bit e Simple circuit design More prone to noise

pattern
High-order e High SNR for low OSR Difficult loop filter design
Single-loop e Less prone to noise pattern Stability is signal
Single-bit e Simple circuit design dependent

Maximum input range
must be restricted to

ensure stability

Multi-loop cascade | e

High SNR for low OSR
Stability guaranteed

Maximum useful input range

Requires near perfect
matching between analog
integrator and  digital
differentiator.

Complex SC circuits are
required to ensure

matching.

Multi-bit °

High SNR for very low OSR
Stability is much easier to be
achieved than for high-order
loops.

Smaller noise pattern

More complex circuit
design
Sensitive to DAC non-

linearity
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3.2 Single Loop XA modulators using Half Delay Integrators
Single-loop 2A modulators are extremely insensitive to circuit mismatches.
Practically, second-order, third order, fourth-order, or even higher order >A modulators
are used [40] [41]. Figure 3-1 shows the block diagram of an n™ order classic single bit
modulator. The topology has been organized to have the minimum of independent

parameters. It uses full delay integrators with a transfer function of:

()= am (3-1)

Second-order >.A modulator for audio applications was suggested by [40]. Figure
3-2 shows the second-order modulator topology. The output of this modulator in the

frequency domain is given as follows:
Y(z)= z'lX(z)+(1—z~1 )z E(z) (3-2)

In equation 3-2, the noise transfer function (1 - z)? works as a second-order shaping

filter to the quantization noise
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Figure 3-3. The n™ order single loop YA modulator topology using half delay
integrators.
The basic SO integrator cell offers only and exactly a half delay to the signal, thus its

transfer function is given by:

-1/2

1,(z)= aHZsz) (3-3)

The half-delay integrator must be followed by an analog half-delay block to
function as a full-delay integrator [42] [43]. This can be implemented by a SC amplifier
with unity gain, deploying the SO technique. However, this requires an extra op-amp,
and hence causes an increased power and area allocation. For the purpose of a 2.A
modulator, these additional amplifiers can be avoided by making use of a rearrangement
topology. In the architecture of Figure 3-3, the half-delay element has been shifted to the
feedback path [44]. There they are in the digital domain. They can be implemented with
a half-delay latch and their power consumption is now negligible as compared to the
analog implementation. Furthermore, the properties of the modulator are identical to the
full-delay implementation. The loop coefficients that optimize the SNR have not
changed.

The power spectral density of the shaped quantization noise of an n"-order

oversampling >’ A modulators is calculated as [45]

2n
—j2r

SQ(f)=SE(f*1—e % =A—2.22"sin2”{ﬂLJ (3-4)
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Where A is the separation between two consecutive levels
The in-band noise power is calculated by integrating the power spectral density of the

quantization error expressed in equation 3-4, in the signal band (-f3, /»):

Vo= (Sl = (3-5)
e e 12 (2n+1)OSR®")

Where OSR is the is the oversampling ratio, expressed as:

OSR = 2f/f;
Then the DR is calculated as:

2
DR =10log —(—A—/ﬂ =10log
2N,

Q

(6n +3)OSR®™)

72,2n

(3-6)

Equation 3-6 shows that the DR is a strong function of the OSR and the order (n) of the
2.A modulator. For each doubling of the OSR, an extra (2n+1)/2 bits can be obtained.
Thus the designers can tradeoff between OSR and n to meet the required DR. On the
other hand, the main constraints for single-loop modulators of an order greater than 2 is
the stability problem. Increasing the loop parameters worsens the stability of the loop
[46] as they become conditionally stable. Stabilizing a high-order modulator requires the
use of deliberately chosen parameters and more complicated transfer functions than just a
cascade of integrators and possibly the use of reset circuits in the integrators in case
instability happens. All of these tend to reduce the DR well below the upper bound given
by equation 3-6 for a single-loop modulator with orders higher than two.

The second-order modulator is widely used because it is simple to implement and
insensitive to component mismatch. The NTF “(1-2'1)2” filters out the quantization noise
out to the second-order. From equation 3-4, the power spectral density of the shaped

quantization noise is deduced as:
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f

So(f)=S8; (f+ e

.16sin4(7r——J (3-7)

From equation 3-5, the in band power of the second-order modulator is calculated as:

T A2 .
Ny = jSQ(fyf:E'S.OSRS (3-8)

-5

Equation. 3-8 shows that doubling the OSR leads to decrease of 15dB/octave of the in-
band noise power.

The DR can be calculated from equation.3-6 as:

15.08R°

DR = IOIOg{ . jl =50log OSR -11.1354 (3-9)
V4

3.3 Cascade YA Modulator using Half Delay Integrators

To avoid the instability problem of higher order single-loop modulator, cascade
architecture could be an alternative. Figure 3-4 shows a block diagram of a cascaded YA
modulator. It uses combinations of inherently stable first and second-order XA
modulators to achieve higher-order noise shaping. Outputs from all stages pass through a
digital error cancellation logic to cancel the quantization errors except for that of the last

stage.
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Figure 3-5. Cascaded 2-1 XA modulator with half delay integrators

It is also possible to implement cascade topologies using half-delay. Figure 3-5
shows a cascade 2-1 topology with half delay integrators. Linear analysis of these

structures allows expressing the output signal as a combination of the input signal and the

quantization noise of the last stage [43].
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Y()= z‘gx(z)+_cl_(1_z-l XA (3-10)

1
We can see that the output of this cascaded modulator is a third-order noise shaping. The

in-band noise power is calculated by using a method similar to equation 3-5.

No= Jsolrhr = — G-
¢ J° 1276 OSR’

Accordingly, the DR for the 2-1 cascade structure is calculated to be:

(a/2) 21.c,.OSR’
DR(dB)=10log| “—"- | =10log| ——+——- 3-12
(4B) g{ o7, g (3-12)

Equation 3-12 shows that the DR increases by 21dB for every doubling of the OSR. It is
clear that the scaling coefficient c1 tend to reduce the DR.

Similarly, a stable higher-order multi-stage > A modulator can be obtained. In
[47] a 2-1-1 fourth-order cascaded >.A modulator can be realized with an OSR of 24 with
15 bits resolution. It can be concluded that the noise shaping of a cascaded architecture is
comparable to, or even better than that of a single-stage modulator whose order is the

sum of all the orders in the cascade.

3.4 Multibit Topology

The cascade architecture can be combined with multibit DAC converters to
improve DR further. For example, a 2-1 cascade with a 3-bit DAC converter in the
second stage achieves 12-bit resolution with an OSR of 24 and 2.1 MS/s Nyquist rate
[48]. However, multibit DAC converter is constrained by linearity problem so calibration
techniques are often needed to make the modulator designed works well. The common
way to ease the linearity requirements is only using multibit DAC converter at the last

stage rather than at the overall modulator input as shown in [48].
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3.5 Topology Selection

For audio applications, both single-loop and cascade structures are published [27]
[41] [49] [50] [51]. In comparing the single loop topologies with cascaded topologies,
generally the former are always much worse than the later in term of PSNR. Therefore, if
the main goal is high resolution, the cascaded topology offers a much better solution than
single loop topologies. This, however, comes at the cost of much higher sensitivity to
non-idealities of the building blocks [52]. Although cascade topology offers higher SNR
and maximizes the input range, the SO technique do not make use of the maximum input
range. This is because SO technique, only eliminate the need for rail-to-rail switching
operation at the output of the integrator, however, the input switch for the input signal
path remains, and it could be implemented as a single switch with limited signal range as
will be explained in details in Chapter 5.

Single-loop architecture, as compared to cascade, is relatively insensitive to
component mismatches. As an example, a fourth-order interpolative topology can
tolerate up to 5% mismatch in its coefficients [53]. In contrast, a 2-2-cascade modulator
requires about 1% between the analog and digital inter-stage gains to achieve 14-bit
performance. For a second-order modulator, variation of £20% in the gain of the first
integrator has only a minor impact on the modulator’s performance. This gain tolerance
translates into tolerance for incomplete settling of the integrator outputs as long as the
settling process is linear [40].

If the second-order modulator is used to implement a > A modulator of 16 bit
resolution, the OSR needs to be 256 for the hearing aids application with a signal
bandwidth of 16 KHz, the sampling rate (£;) needed is 8.2 MHz. This frequency can be
realized with 0.18 pm CMOS technology that is used to implement this work. Drawback
for using such frequency is the need for higher SR and clock jitter requirements. With

the help of the behavior simulation that consider non-idealities, SR can be estimated and

a decision can be made if the figure is practical. Dynamic power dissipation doubles for
every doubling of the sampling frequency, however if SO >A modulator is used, the duty
cycle is 50% as will be explained in Chapter 7.

This design is exploring the possibly of using SO technique to implement a SO

2A modulators using the latest IC technology with specified resolution and power
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consumption requirement for a 16 bit hearing aid application with a bandwidth of 16
KHz. It was suggested in [40] that an ideal second-order >A modulator combined with
oversampling ratio of 256 can be employed to realize a 16 dB resolution A/D converter.
This discussion suggests that second-order single-loop architecture is favorable for this
design, due to the inherent stability, simplicity and compatibility with SO technique for

reduced power consumption and the constraint of the reduced input signal range.
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Table 3-2 Non-idealities of the fundamental basic blocks

Basic Block Non-ideality Consequences
Clock Jitter Jitter noise
Switches Thermal noise
Thermal noise
DC gain Increases in quantization noise and
g Op-Amp harmonic distortion.
% BW and SR Incomplete  settling noise and
i harmonic distortion
i Saturation Overloading and harmonic distortion
Capacitors | Mismatching Increase in quantization noise and
harmonic distortion
Comparator Hysteresis, Offset | Quantization noise increase

3.6 XA Modulators Non-Idealities
Table 3-2 compiles the fundamental basic blocks and the non-idealities

considered.

3.7 Clock Jitter Model

The effect of clock jitter, on a SC 2 A modulator can be calculated based on the
complete charge transfers during each of the clock phases. Once the analog signal has
been sampled, the circuit is a sampled data system where variations of the clock period
have no direct effect on the circuit performance. Therefore, the effect of clock jitter on
the SC circuit is completely described by computing its effect on the sampling of the
input signal. This means also that the effect of clock jitter on a XA modulator is

independent of the structure or order of the modulator.
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Figure 3-6. Modeling a random sampling jitter

Clock jitter results in a non-uniform sampling and increases the total error power
in the quantizer output. The magnitude of this error is a function of both the statistical
properties of the jitter and the input signal to the converter. The error introduced when a
sinusoidal signal with amplitude A4 and frequency f;, is sampled at an instant, which is in

error, by an amount & is given by:
x(t +6) - x(¢) = 27f,, 64 cos(2f,,t) = 5%x(t) (3-13)

This effect can be simulated with SIMULINK by using the model shown in Figure 3-6,
which implements equation 3-13. Here, it is assumed that the sampling uncertainty o is
gaussian random process with “delta” standard deviation. Whether oversampling is
helpful in reducing the error introduced by the jitter depends on the nature of the jitter.

The jitter is assumed to be white, so the resultant error has uniform power spectral from 0
to £4/2, with a total power of (27f, deltad)’ /2. In this case, the total error power will be

reduced by the oversampling ratio [54].

3.8 Integrator Noise Model

While the performance of the theoretical 2 A modulator is only determined by the
in-band quantization noise suppression, the physical implementation of the system with
solid-state devices has to deal with other noise sources as well. The main additional

noise sources of a silicon implementation are thermal noise and flicker (1/f) noise.
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The circuit noise to be dealt with in a > A modulator is the noise injected into the
input summing node of the first integrator, since it is added directly to the input signal
and appears in the output spectrum without any filtering. White noises from the rest of
the integrators are attenuated by different powers of the oversampling ratio, depending on
the position of the integrator, and can be neglected.

The circuit thermal noise generated in an integrator has two main origins, the
white noise due to the resistance of the MOS switches and the op-amp noise of the input
stage. These noise sources originate a broadband and sampled noise component at the
output of the integrator. These effects can be successfully simulated with SIMULINK
using the model of a “noisy” integrator shown in Figure 3-7, where the coefficient b
represents the integrator gain, which, referring to the schematic of a single-ended SC
integrator shown in Figure 3-8, is equal to C/Cr. Each noise source and its relevant

model will be described in the following sub-sections.
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Figure 3-8. Single-ended SC integrator
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3.8.1 Switch Thermal Noise (KT/C) Model

A critical source of noise in the system is the KT/C noise injected into the first
stage integrator of the modulator. As a result, the input capacitor must be large enough to
counter the additive noise effect that results. Therefore the first key parameter is the
input sampling capacitor of the first integrator (C).

Thermal noise is caused by the random fluctuations of carriers due to thermal
energy and presents even at equilibrium. Thermal noise has a white spectrum and wide
band limited only by the time constant of the SCs or the bandwidths of the op-amps.
Therefore, it must be taken into account for both the switches and the op-amps in the SC
circuits. For instant, the sampling capacitor Cs in the single-ended SC integrator shown
in Figure 3-8, is in series with a switch, with finite resistance R,y that periodically opens,
sampling a noisy voltage onto the capacitor. The switch thermal noise voltage er (usually

called KT/C noise) can be found by evaluating the integral [27]:

, ¢ A4KTR kT
= o df =— 3-14
ér OI1+(27;7'R C.) 4 (3-14)

C

on’'s s

Where K is the Boltzman constant and T is the absolute temperature

The switch thermal noise voltage er is superimposed to the input voltage x(t) leading to:

y(r>=[x(t>+e,<t)]b=[x<r>+ /ﬂ—n(t)}b (3-15)
bC,
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Where n(t) denotes a gaussian random process with unity standard deviation and b is the
integrator gain expressed as:
b=Cy/Cs
Equation (3-15) is implemented by the model shown Figure 3-9
Since the noise is aliased in the band from 0 to £4/2, its final spectrum is white with a

spectral density:

2kT
e

S(f) = (3-16)

The first integrator will have two switched input capacitor, one carrying the signal and
the other providing the feedback from the modulator output, each of them contributing to

the total noise power.

3.8.2 Op-Amp Noise Model

Figure 3-10 shows the model used to simulate the effect of the op-amp noise.
Here V, represents the total RMS noise voltage referred to the op-amp input. Flicker
(1/f) noise, wide-band thermal noise and dc offset, contribute to this value. The total op-
amp noise power V2, can be evaluated, through circuit simulation, on the circuit of Figure
3-8 during @,, by adding the noise contribution of all the devices referred to the op-amp

input and integrating the resulting value over the whole frequency spectrum.

W | s, _,[D_[’ yit)

Random Zero-Order  Noise
Number Hald Std. Dev.

Figure 3-10. Op-amp noise model
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3.9 Integrator Non-Idealities Model

The op-amp is the most critical component of the modulator, as its non-idealities
causes an incomplete transfer of charge, leading to non-linearities. Key parameters that
govern its behaviour are the noise, finite gain, finite bandwidth, SR, and saturation
voltages. The SIMULINK model of an ideal integrator with unity gain is shown in the

inset of Figure 3-2. Its transfer function is expressed as:

-1

H@) = (3-17)

Analog circuit implementation of the integrator deviate from this ideal behaviour
due to several non-ideal effects. One of the major causes of performance degradation in
SC > A modulators, indeed, is due to incomplete transfer of charge in the SC integrators.
This non-ideal effect is a consequence of the op-amp non-idealities, namely finite gain
and bandwidth, SR and saturation voltages. These will be considered separately in the

following subsections. Figure 3-11 shows the model of the real integrator including all

the non-idealities.

3.9.1 DC Gain
The dc gain of the integrator described by equation 3-17 is infinite. In practice,

however, the gain is limited by circuit constraints. The consequence of this integrator
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leakage is that only a fraction of the previous output of the integrator (o) is added to each

new input sample. The transfer function of the integrator with leakage becomes:

-1
VA

H(z)= — (3-18)
l-oz
Therefore the dc gain HO becomes:
1
H,=H0)=—— (3-19)
-«

The limited gain at low frequencies increases the in-band noise.

3.9.2 Bandwidth and Slew Rate

The finite bandwidth and the SR of the op-amp are modeled in Figure 3.11 with a
building block placed in front of the integrator, which implements a MATLAB function.
The effect of the finite bandwidth and SR are related to each other and may be interpreted
as a non-linear gain [55]. With reference to the SC integrator shown in Fig (3.8), the

evolution of the output node during the nth integration period (when @; is on) is:

t

vo(t)=vo(nT—T)+aVs[l—-e_;j, nT—§<t<nT (3-20)

Where a is the integrator leakage, 1 is the time constant of the integrator expressed as:
1=1/(2n GBW)

Vs is defined as:
V,=V,(nT~7/2)

The slope of this curve reaches its maximum value when t = 0, resulting in:

d V.
Ly () = > 3-21
a,tva()lmax . (3-21)
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Two separate cases will be considered:
1. The value specified by equation 3-21 is lower than the op-amp SR. In this
case there is no SR limitation and the evolution of v, fits equation 3-20.
2. The value specified by equation 3-21 is larger than SR. In this case, the op-
amp is in slewing and, therefore, the first part of the temporal evolution of v,

(for t<to) is linear with the slope SR. The following equations hold (assuming

to<T):

v, (&) =v, (nT ~T)+ SRE; ¢ <1, (3-22)
i .

v, () = v,(t,) + (o —SRtO{I—e : ); t>1, (3-23)

Imposing the condition for the continuity of the derivatives of equation 3-22

and 3-23 in t,, we get:

t,=—"t—1 (3-24)

If t, 2 T only Equation.3-22 holds.

The MATLAB function in Figure 3-11 implements the above equations to calculate the
value reached by v(t) at time T, which will be different from Vs due to the gain,
bandwidth and SR limitations of the op-amp. The SR and bandwidth limitations produce
harmonic distortion reducing the total SNDR of the > A modulator. Appendix A.1 shows

the MATLAB function.
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3.9.3 Saturation

The dynamic of signals in a 2 A modulator is a major concern. It is therefore
important to take into account the saturation levels of the op-amp used. It can simply be
done in SIMULINK using the saturation block inside the feedback loop of the integrator,

as shown in Figure 3-11

3.10 Capacitor Mismatching

One of the main advantages of SC circuits is that high precision can be obtained
as the integrator coefficients are realized with capacitor ratios. However, fabrication
process still results in capacitor mismatching and causes error to the values of these
coefficients [56]. Consequently the quantization noise increases. In [53], it is shown that
single-loop 2.A modulator can tolerate this type of error to as large as 5%. This is one of
the advantages for selecting single-loop, second-order topology, rather than the cascaded

topology.

3.11 Comparator

The principle design parameter of a comparator include speed, input offset, input-
referred noise, and hysteresis. Owing to its position in a 2. A modulator, the offset and
input-referred noise are subjected to noise shaping by feedback loop so can be neglected.
For digital-audio design, speed is also not a problem. The sensitivity of an A/D converter
performance to comparator hysteresis can be modeled quite well by an additively white
noise. This noise also undergoes the same spectral noise shaping as the quantization

noise. Thus the design requirement for the comparator is usually quite relaxed.

3.12 Behavioral Simulation for the Ideal A modulator

Behavioral simulation can be accomplished using SIMULINK tool, as it provides
a GUI tool so the designer can easily build block diagram, perform simulation, and view
the simulation results at each point. The necessary functions and programs can be written
in MATLAB to measure the performance of the modulator. Figure 3-12 shows the block
diagram of a second-order > A modulator that is built in SIMULINK for behavioral
simulation. All of the blocks are predefined in SIMULINK and are ideal. These

35

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



fundamental blocks are the ideal integrator, single-bit quantizer, adders and multipliers.
Through adequate connections of these few blocks, a full 2A modulator can be obtained.
Scopes are used to monitor all of the critical points. Figure 3-13 shows the input
sinusoidal, the outputs of the integrators and the modulator output superimposed on the
input and the second integrator output. Figure 3-14 shows the normalized power spectral
density at the output with 0.23 V input sinusoidal signal. By setting the different
integrator coefficients and performing simulation, it is possible for the designer to choose
the integrator coefficients that maximize the integrator output swing. However, owing to
the use of ideal building blocks for the modulator, the simulation results cannot be very
accurate and need to be fine-tuned by further behavioral simulation by using the blocks

that model non-idealities in Chapter 5.
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Figure 3-12. SIMULINK model for an ideal second-order >A modulator
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A

Fig. 3-13 SIMULINK simulation scope’s results for the input, first and second

integrator and the modulator output
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3.13 Behavioural Simulation for the Non-Ideal 2A modulator

The behavior of 2 A modulator can be affected by errors. The integrator is a
fundamental block within a >A modulator. Its non-idealities, however, largely affects the
operation of the modulator. The non-ideality for the first integrator only is considered,
since their effects are not attenuated by the noise shaping. A single-bit quantizer is
implemented with a comparator, which is a perfectly linear block and does not introduce
any non-linearity error. Though linear block, comparators are subject to non-idealities
such as input offset, comparator hysteresis, etc. However, due to its position in the >A
modulators, the impact of the comparator non-idealities in the operation of XA
modulators is much smaller than of integrators as these errors are subject to the same
treatment as quantization noise.

Figure 3-15 shows the blocks used to simulate the behavior of the second-order
SC XA modulator with a non-ideal first integrator [57]. To validate the models of the
various non-idealities affecting the operation of the SC 2A modulator, several
simulations are performed with SIMULINK on the second-order modulator of Figure 3-
15

Analysis such as power spectral density (PSD) analysis and SNR analysis are
performed on the output. All the functions and programs in MATLAB are listed in

Appendix B. From these analyses, it is possible for the designer to optimize the
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integrator coefficients and building block parameters so as to design a >°’A modulator with
the best possible performance.

For this design, after intensive simulation with SIMULINK and running the
necessary programs, the SNDR curve that is believed to be the best outcome is shown in
Figure 3-15. Within which, a 96 dB peak SNDR and 98 dB DR are achieved. The
simulated PSD is shown in Figure 3-17 with -2 dB input sin signal. Fig 3.17 shows that
the noise floor is well under —100 dB for an input signal as big as —2 dB and the
modulator is thermal noise dominated. The corresponding modulator coefficients and
building blocks parameters that result in the above performance are listed in Table 3-3

and 3-4.

DF} = 98; Resolution = 16 bé‘rs

&
6
R ¥
e
¥
¥

Ovetload Level=0.26V |

B Leve=0. 23V

........... pmmwnmn b

e

i
]
§
1
]
|
i
'
)
1
1
4
'
'
]

2

¥
#
w g
]
H
3
§
.
El
]
3
i
¥
1
3
€
@
i
¥
]
]
“r
i
¥
s
#'5
i
1
1
%
]
%
Fl
i
*
1
1
#
#
T
%
%
]
&
*
[}
*

e m e d . -
i I L L LT TR P T T - P Y

Figure 3-16. SNDR versus input amplitude

40

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



dal for the non-

SINusol

lated output spectra with -2 dB input

imu

S

17

Figure 3-

deal second-order YA modulator

i

41

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Table 3-3 Second-order modulator coefficients and parameters

Parameter Value

BW 16 KHz
Sampling frequency 8.192 MHz

OSR 256

DR 16 bit

Number of samples 65536

Gain of the first and al=0.5;a2=0.6

second integrator

Feedback gain for the first | bl =0.2; b2 =0.26

and second integrator

Supply voltage 1.8V

Coefficient mismatch <10%

Table 3-4 Building block requirements

Block Parameter Value

Op-Amp Gain >55 dB
GBW >40 MHz
SR >16V/us

Output swing | 0.1-1.7V

Comparator Output swing | 0-1.8V
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Chapter 4
Low- Voltage Low-Power Design Considerations

When an analog integrated circuit is needed at low supply voltage levels, the SC
technique is the only technique in CMOS that can be used in practice to achieve good
quality circuit. Probably the most robust way to implement a > A modulator is with SC
technique. Their robustness and inherent linearity are the reasons why SC techniques
have become as widespread as they are nowadays. It would be a great advantage if the
high-quality SC properties could be kept for low voltage operation. However, when
designing SC circuits for lower voltages, quite quickly a sever difficulty is encountered
due to the switch-driving problem. The low supply voltage does not allow enough
overdrive to turn on the transistors used as switches anymore, and SC circuits at low
voltages could only be realized either in a special process with extra low threshold
voltage transistors or by using an on-chip voltage multiplier. The SO technique, derived
from the standard SC technique, is based on the replacement of critical switches with op-
amps, which are turned on and off. This technique results in a true very low-voltage
operation and can be used in a standard CMOS process.

It is plausible that a circuit with a higher frequency of operation requires a higher
power. It is also plausible that performing analog signal processing with increased
accuracy requires increased power consumption. So if a certain performance requires
certain power consumption, altering the performance through a redesign should change
the necessary power consumption. The proper way to think about low power
consumption is to define it as a trade off between contradictory specifications, such as
accuracy, frequency of operation or signal bandwidth and power consumption. Lowering
the power supply at first looks like it lowers the power consumption because the product
of voltage and current is smaller. However, lowering the power supply voltage has a
number of consequences that on the contrary cause the power consumption to increase, as
will be shown and illustrated further on.

In this Chapter the SO technique is treated. As a starting point the problem of low

voltage SC signal processing circuits are considered. The key problem is the driving of
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the switches. The existing solutions for it are briefly covered. Then the original SO
principle is introduced. Next the evolution in this field is described. The endpoint is the
differential modified SO integrator cell. Low-voltage, low-power considerations are then

discussed in the context of the single loop > A modulator,

4.1 Switch Behavior

SC circuits are built up of three basic building blocks. An op-amp or an
operational transconductance, a switch and a capacitor. Figure (4-1) shows a non-
inverting integrator cell. The switches S1 through S6 are clocked with two non-
overlapping phases ¢1 and ¢2. Cg is the input sampling capacitor, C; is the integrating
capacitor and Cj g is the load capacitor. Lowering the supply voltage of such a circuit
has implications on the operation of some of the building elements. The functional
property of a capacitor, namely its capacitance is independent of the supply voltage. Op-
amps and switches, however, are strongly affected. The former need to cope with much
less available voltage drop over each transistor. The later always need a minimal
overdrive voltage in order to assure a certain on-resistance. It is possible to design op-
amp with quite low supply voltage [58]. The most problematic issue, however, in low
voltage SC circuits deign is the switching driving problem. About (Vi +Viyp + 0.5 V) is
the practical minimal power supply voltage for the switch still has rail-to-rail switch input
range [59] [60].

In classic SC circuits a complementary switch is preferably used. Figure 4-2
shows the complementary switch designed using 0.18 um technology. The NMOS and
PMOS switch on-conductance in this configuration and in settled condition is given by

equation 4-1 and 4-2 [59], where all are referred to ground
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Figure 4-1.  Non-inverting SC integrator

Gopn = {kP @) Vi =V =V ) (1)

G,,, = {ka (—9 v.-17, |)} (4-2)

| S|

Where Gy, is the switch conductance.

Assuming that Vdd > (Vi + V), the N-type switch conducts for an input signal
from ground on up to Vi, below Vdd. The p-type conducts from Vg on up to Vdd.
Figure 4-3a shows the simulated switch conductance for a 1.8 power supply and for a
switch W/L dimensions of 0.5 um/0.18 pm using the 0.18um process. The simulated
conductance shows that there is no overlapping between G, and Gp and that G,
dominates the total conductance, while Figure 4-3b shows the total R, resistance, which
varies by 400% for the full input range. Thus rail-to-rail operation is impossible under
the 0.18 pm technology.

Equation 4-1 and 4-2 indicate that lower switch resistance and thus fast settling
can be achieved by up-scaling the device. In trying to increase the size of the P-type to
obtain a symmetrical total on-resistance response, Figure 4-4 shows the simulation results
after increasing the size of the P-type twelve times the N-type. In the middle region both

transistors conduct in parallel. The conductivity for the N and P type overlapped, as
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shown in Figure 4-4a, to allow rail-to-rail operation. But the conductivity of the P-type
never matches the N-type. The total on-resistance is nearly symmetrical Figure 4-4b,
however, the total resistance variation is 170%, thus it is impossible to yield a reasonably
a rail-to-rail constant on-resistance. On the other hand, larger switches give rise to a
larger clock feed through, an unwanted effect. Also if the minimum desired conductivity
for the matched complementary switch is 600 pG (Equivalent to 2.1K€Q), then the N and
P switches never overlap, and there exists an input range for which neither of the
complementary type switches is turned on or conducting anymore as shown in Figure 4-
5. From these simulation results, it can be concluded that realization of complementary

switch in the 0.1 pm technology is not possible.

Figure 4-2. Complementary switch

46

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Figure 4-3.
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Figure 4-5. Simulation results of the symmetrical on-resistance complementary
switch if the minimum conductivity desired is 600 nG (equivalent to
an on-resistance of 2.1KQ)

4.2 Single Switch Behavior

The reduced signal range can still be switched if the signal is located in a range
where one of the N or P switches is conducting. The best device to choose for
applications as a single switch is that the one showing lowest on-resistance. Applying the
maximum overdrive voltage on an N-type switch, the on-resistance is 1.63 KQ (Figure 4-
6) as compared to 4.8 KQ (Figure 4-7) of the P-type switch with ten times more width
and with maximum overdrive voltage as well. Therefore it is safe to say that the NMOST
makes the best single transistor switch.

The on-resistance of the switch together with the sampling capacitor defines an
RC time constant. Referring to Figure 4-1 again, the input is first sampled onto the
sampling capacitor Cs. Assuming a zero internal resistance of the signal source, the
settling of the sampling is completely determined and limited by the RC time constant.

In the subsequent integration phase the settling process can only go slower than this due

to the finite GBW of the op-amp [43].
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4.3 Existing Solutions

It is difficult to realize the complementary switch in 0.18 pm technology, as
illustrated above. Four techniques have been developed to overcome the switch
limitation. The first one is to use a multi-threshold process, which has low threshold
voltage, at least for the NMOST device [61]. This technique has some drawbacks. The
switch-off leakage is much higher than in the case of a high threshold voltage. This
leakage causes the charge on the integrator capacitor to leak away. This leakage is signal
dependent and consequently causes harmonic distortion. Another drawback is the high
cost of dedicated low threshold voltage process.

The second technique is to employ voltage multipliers to generate a higher supply
voltage on-chip. This method has been particularly useful in the past when an application
calls for low-voltage external power source (e.g. 2.4 V battery) but the integrated circuit
is fabricated via a high-voltage process (e.g. 5 V for 2 um CMOS process). Typically all
circuit components, excluding the switches and clocks voltages driving them, are
designed for operation in low voltage. A few low voltage > A modulator based on this
idea have recently been presented [62] [63]. This technique provides an easy, quick and
reliable way of designing low-voltage SC circuits. It is very similar to classic SC
circuits, of which the design procedure is well established and well known. Furthermore,
it has the advantage that it cuts away an important part of the power dissipation by having
the op-amp to work with the low supply voltage. This technique, however, still has some
disadvantages. Although the high on-chip generated voltage is only used to drive
switches, the voltage multipliers remain area and power consuming. The most important
disadvantage is that the recent deep sub-micron technologies are operating with low
power supply and will not sustain higher voltages [60].

The third solution to overcome the switch-driving problem is to use the
bootstrapping technique [29][64][65][66]. However, the first drawback is that it imposes
an instantaneous higher voltage glitch across the thin gate oxide before the inversion
takes place under the gate and a channel forms in the MOSFET switch. The second
possible drawback is the circuit complexity involved in the implementation of a good

bootstrapped switch.
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4.4 Original SO Technique

The fourth solution to overcome the switch-driving problem is the SO. This
technique allows the design of true low-voltage SC circuits (filters, >A modulator, etc.)
in deep sub-micron technologies [60]. The SO technique would not violate the maximum
voltage restrictions of a low-voltage CMOS process. Looking at the SC integrator of
Figure 4-1, it can be concluded that there are two types of switches:

1. Switches that have one terminal fixed to a reference level Vit This
connection is either physical as in is the case for switches S2, S3 and S5
connected to Vs, or via virtual ground as for the switch S1.

2. Switches are not connected to the reference voltage but to a signal source.
These are the switch S6 connected to the output of the amplifier, and the
switch S4 at the very input of the system.

The first type of switch can always be turned on if the switch driving voltage is al
least V; plus an overdrive voltage (V,y) higher than the reference voltage. The second
type of switch, however, needs to be able to pass the entire signal range. Because the
condition under which the operation is being considered here is for a supply voltage too
low to have proper complementary switch operation, these switches present the
bottleneck.

The core idea of the original SO technique boils down to eliminate the switch
itself at the output of the op-amp. So the switch S6 in Figure 4-1 is plainly replaced by a
short as can be seen in Figure 4-8. Leaving S6 out has a few consequences. During the
integration phase of the second integrator, the output of the first integrator is shorted to
Viwer. This calls for inactivation of the first integrator by switching it off; hence the
nomenclature of the technique. A second consequence is that the basic SO integrator cell
now has a half delay.

The original SO technique further makes the implicit choice to take the dc input
level of the op-amp equal to the output level, and both are at the reference level Vier. As
a consequence, the output signal swing is less than the available swing, and the switch

overdrive voltage is less than maximally possible [44].
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Figure 4-8. The SO integrator preceded by another integrator.

4.5 Modified SO Technique

The modified SO technique enhances output signal swing of the op-amp [67].
The dc level at the op-amp output is taken in the middle of the full output swing, in
practice it is taken to (Vdd +Vss)/2. Furthermore, the dc level at the op-amp input is set
at Vss. This implies a reference level V., (that is equal to the dc level of Vi,) equals to
Vss. These choices are illustrated by Figure 4-9. Due to the mentioned modifications,
the modified SO technique allows one to reduce the power-supply voltage. The dc offset
that exists on a sample taken of the op-amp output signal should be removed before being
applied to next op-amp. This is done by Ccym in the modified SO integrator cell, which is
shown in Figure 4-10 in differential form. The idea is to remove it with an equal charge
injection of the opposite polarity that is performed with a capacitor. The proper scaling
of Ccm is Cg/2 [60]. The capacitors Cs and Cr are the sampling and integrating
capacitors. Proper operation also requires a high reference level, taken to Vdd. The
output of the op-amp must be shorted to Vdd during its off phase because shorting it to
Vss would forward bias the junction diodes of the switches connected to the op-amp
input nodes. Since two reference levels are now present, they are distinguished by the
terminology Vrerni and Vrere, taken equal to Vdd and Vss, respectively. These two

reference voltages can in principle be chosen differently from Vdd and Vss. [44].
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4.6 Quantization and Circuit Noise

The theoretical 2. A modulator is only determined by the in-band quantization
noise suppression. The in-band quantization noise for an nth-order oversampling >A

modulator is given by [45]:

A2 ﬂ_Zn
N, ==
¢ 712 (2n+1).OSR®™)

(4-3)

Where A is the separation between consecutive levels in the quantizer, OSR is the
oversampling ratio and n is the order of the modulator.

While the performance of the theoretical 2.A modulator is only determined by the
in-band quantization noise suppression, the physical implementation of the system with
solid-state devices has to deal with other noise sources as well. The main additional
noise sources of a CMOS implementation are thermal noise and the flicker noise (1/f
noise).

The circuit noise to be dealt with a 2 A modulator is the noise injected into the
input summing node. The noise generated in the internal nodes of the loop is suppressed
by the high loop gain. In a sampled data >.A modulator, the noise is generated by the on-
resistance of the switches in the sampling and integrating process. An approximate

expression for the in-band thermal white noise power is

(4-4)

Where o depends on the specific way of performing the feedback, k is the Boltzman
constant, T is the absolute temperature, C, the sampling capacitance, and OSR is the
oversampling ratio

Noise from the switches is the sum of the sampled noise in the sampling phase
and in the integration phase. It is band limited by the RC time constant during the

sampling phase and by a combination of this and the amplifier’s time constant during the
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integration phase. There is a noise contribution associated with each capacitor in parallel
with the sampling capacitor. Equation 4-5 and 4-6 holds for the case of the modified SO
integrator (Figur.4-10) including feedback capacitors (Crg), which besides the sampling
capacitor C, and the Cyg capacitor also has a common-mode adjust capacitor Com

P

=P, + P

N,sw N ,sw,samp N,sw,int (4_5)
o 2k 1+ Cs + Cs (4-6)
" C OSR\" " Cpy  Cop

Equation 4-5 and 4-6 reveal that the noise is increased by the addition of capacitors at the
input. The switch noise is directly increased. Ccwm plays a large role, since it is only half
the size of C,.

For this particular realization (second-order modulator), the complete expression

for the in-band circuit noise is [11]:

©TCcoSR\ C, OSR

8

2kT C kTR, , .. GBW c. Y
= (1 L ]+( LSl 4 + 4K 1y IN(f, )){1 +F]j 4-7)

s

The first term of equation 4-7 can be replaced by equation 4-6 for the modified SO
integrator of Figure 4-10. While the second term in equation.4-7 represents the white and
flicker noise generated in the op-amp, where Reqopemp is the hypothetical equivalent
resistor for the op-amp white noise, kopamp 15 a coefficient for the op-amp’s flicker noise,
and f, the signal bandwidth. C; is the sampling capacitance and Cj is the integrating
capacitance.

A schematic representation of the different noise types is shown in Figure 4-11.
The SNR of a 2.A modulator is determined by the ratio of the signal power (S) and both

the circuit and quantization noise (NC and NQ, respectively):
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SNR = _5 (4-8)
Nc+N,

Diminishing the quantization noise can be done by choosing a higher OSR or a
higher modulator order. If the modulator order is greater than two, stability needs to be
discussed. Stabilizing then requires the use of deliberately chosen parameters and more
complicated transfer functions than just a cascade of integrators and possibly the use of
reset circuits in the integrators in case instability happens.

Diminishing the thermal noise is done by choosing a larger sampling capacitor
and larger OSR. All of these operations require an extra power allocation. A higher OSR
require all the integrators to settle faster, thus SR and GBW must increase. In a first-
order estimation, the extra power consumption is equal to the relative OSR increase:
doubling the OSR causes double power consumption. A higher modulator order requires
an extra integrator for each additional order in a classical SC circuits and the modified
SO case. Because the SO system have a duty cycle of 50%, the power consumption for
the second-order SO is half of the corresponding one in SC circuits.

The first integrator needs to drive the input sampling capacitor. In order to reduce
the thermal noise power by a factor of two, the input sampling capacitor must be

increased with a factor of two.
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4.7 Intrinsic Constraint of Power Consumption

Generally Low supply voltage in analog circuit causes higher power consumption.
This is not awkward. A small input voltage must be used. A certain DR requirement
puts a specification on the thermal noise level. This later requires a minimum sampling
capacitor size. The smaller the input voltage, the larger the capacitor must be. The
capacitor is a load to the op-amp in the integrator. The integrator must settle to an error
set by the DR. Due to the higher load, a higher transconductance is needed, which is set
by the bias current; hence the higher power consumption. This process is given by the

following expression [66].

v
P o kTDR*BW —2- (4-9)

DD

Where BW is the signal bandwidth, DR is the dynamic range, and Vg is the Vgs-Vr of
the input stage transistors.

The proportionality expression for the power consumption of an integrator
Equation 4-9 reveals that lowering the supply voltage increase the power consumption
due to the fact that the input signal must scale down at the same time. This fact might be
called the low voltage low power consideration. Low voltage SC circuits are thus
expected to show a less favorable power—resolution-bandwidth trade-off. It also suggests
that lower supply voltage favored by digital circuits and required by deep sub-micron
CMOS process will have an adverse effect on power dissipation for analog circuits.

The proportionality (equation 4-9) also tells something about the region of
operation of the transistors as well. For low power the over-drive voltage should be
minimized. When lowering V,,, for a constant current, the transistor width increased, and
so does Cgs. The latter is a parasitic load capacitance to the amplifier in the integrator
that is seen in parallel with the sampling capacitor. In many low voltage applications
such large Cs is required that for the required speeds of operation, the parasitic Cgg is
negligible. Hence for low voltage and low power operation the over-drive voltage is best
reduced as much as necessary, but not more. If the supply voltage is not too low a bias in

the transition region between weak and strong inversion is recommended.
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4.8 Practical Constraints of Power Consumption
The settling speed of an integrator is determined by its GBW. The GBW of the
modified SO integrator (Figure 4-10) is given by [44]

GBW,, = Enormr (4-10)
CL,ejf
With:
C, +C
Crop =C, +Cpy +Chy L e (4-11)
de
F, Co (4-12)

T Cy+Cy +Coyy +Cipy

Capacitance Crp is the feedback capacitor in a modulator. These expressions show that
all the capacitors cause a largely increased capacitive load. There are more capacitors
and the feedback factor becomes smaller, which increases the effective load capacitance.

The increased effective load capacitance increases the power consumption.

4.9 Suppression of Noise Generated Inside the Loop

An important property of a > A modulator that must be made use of in order to
save power is the reduction of noise sources inside the loop. The reduction of the noise
on node K in a single-loop >A modulator with integrator coefficient a; and for

oversampling ratio OSR is quantified by the factor [44] [60]

2K X 2
Fopx = ___OSfK (2K + 1)(H a,.) (4-13)
T

i=0
So, noise injected at the internal summing nodes is reduced so much by the large

gain of the preceding integrators that it can be neglected. The thermal noise sources

internal to the loop are strongly suppressed. Therefore the size of the capacitors inside
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the loop can be made much smaller than the input sampling capacitors. The
corresponding op-amps need lower transconductance. The output stage of the op-amp is
scaled down, and with it, its power consumption. For low power operation it is thus

imperative that the integrators are scaled down progressively.

4.10 System Level Power Saving

There is basically only one option for power saving in a SO integrator and it is on
the system level. The intrinsic SO integrator is a half delay integrator. It is off during
50% of the time. This means that a power saving of almost 50% is possible without any

drawback.
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Chapter 5
Building Block Design

This Chapter describes the design of the SO XA modulator building blocks
implemented in the TSMC 0.18 um single-poly, six-metal CMOS process with 1.8 V
power supply voltage. Details of the SO and feedback circuit design are discussed.
Digital part is designed. It includes the design of the non-overlapped clock generator;
half-delay circuit and set reset FF.

5.1 Switched Op-Amp

The low supply voltage prevents from using stacked structures at the amplifier
output. A two-stage amplifier is needed to guarantee the desired gain. To avoid the
power supply noise a practical SO circuit has to be differential, which demands a
common-mode feedback (CMFB) to be included in the amplifier [54] [47]. The designed
SO is similar to the one presented in [68]. It consists of an input stage, class A (or
common source) output stage, the common-mode feedback (CMFB) stage and the
switching circuit to realize the SO operation.

Figure 5-1 shows the input and the output stage. The input stage consists of a
PMOS input pair (M1,2) and a folded load consisting of four equal sized PMOS
transistors (M4,5,6,7). The differential signal, between n3 and n4 nodes, sees high load
impedance since the transconductance of M4 and MS5 are cancelled by the
transconductance of the cross coupled devices named M6 and M7. However, for a
common mode (CM) signal, the impedance is low and thus the CM voltage in the first
stage output is stable enough without a common mode feedback (CMFB).

The class A output stage consists of the common source connected gain
transistors (M12 and M13), and the current source loads (M14 and M15). The current
flow in the output stage is interrupted by the switches Ms5 and Ms6 in order to realize the
SO principle. When the op-amp is off, they switch the output stage to the high
impedance state and pull Vo+ and Vo- to Vdd. Msl is on, thus nl and n2 are shorted to
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prevent the input stage from saturating. The compensation capacitors cO and cl are
connected to the cascode node of the input stage (nl and n2), which provides faster
settling than the classic Miller-compensation. The capacitors are disconnected when the
op-amp is in the off state by the switches Ms2 and Ms3. This brings two advantages.
The charge in the capacitors is preserved which speeds up the turn on if the subsequent
output values do not differ much. In addition the compensation capacitors also boost the
common mode feedback during the turn on by injecting current in the nodes n1 and n2.

Due to the switching operation of the amplifier as it is turned off for one half of
the clock cycle and its outputs are forced to either ground or Vdd. Fast recovery from the
off state need to be insured and the CMFB circuit has to be fast and capable of providing
large current to the output. Typically the common-mode level of the two stages needs
adjustment. In [69], the need for CMFB in the first stage is eliminated and the fully
differential two-stage amplifier needs CMFB only for the second stage, and thus a fast a
simple passive CMFB circuit may be used. The CMFB circuit is shown in Figure 5-2.
When the op-amp is in the off state, Vo+ and Vo- are connected to Vdd and the node n0
of the CMFB circuit to Vss. At the same time the capacitors ¢3 is reset. When the op-
amp is turned on, the output CM voltage (Vdd/2) is sensed with a capacitive divider
formed by the capacitors c1 and c2. The capacitor ¢3 is switched to Vdd restoring the
operating point of node n0 to Vss. The capacitor c4 is used to shift the DC level of the
sensed CM signal to the proper level for the op-amp CMFB input. The offset voltage in
the capacitor is refreshed during the amplifier off phase. The diode-connected transistor
provides this voltage M6 that together with the dummy switch M7 forms a replica of the
current source in the op-amp output stage. The PMOS switch M4 has a relatively small
overdrive, thus its on-resistance is high. However, since the purpose of the switch is to
maintain the constant percentage in c4, the poor conductivity is not a problem.

The op-amp is designed for an input CM voltage of 0 V and an output CM voltage
of Vdd/2. The requirements for the op-amp for the first integrator are much stringent
than that of the second integrators. This is due to scaling down the integrating capacitor.
Thus output stage of the second op-amp is scaled down.

Table 5-1 gives the dimensions of the transistors and capacitors for the

integrators. The second op-amp differs from the first op-amp by the size of the output
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devises and is given between parentheses in the Table. The simulated op-amp
performance is shown in Figure 5-3 and 5-4. The specifications for the first op-amp are

summarized in Table 5.2, while the specification of the second is given in Table 5-3.

Input Stage Output Stage
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Figure 5-1. Folded cascade two stage op-amp

62

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Table 5-1

Cell values for the op-amps

Element Width/Length | Element Width/Length
M1, M2 6 pm/0.18 um M12, M13 3 pm (1.3 um )/0.18 um
M3 1.5 um/0.35 um | M14, M15 3.9 um(0.5 um )/0.18
pm
M4, M5, M6, M7 0.33 um/0.35 Co, C1 200 fF
pm
M8, M9, M10, M11 | 1.1 pm/0.18 um | Msl, Ms2, Ms3, Ms4, 0.5 um/0.18 um
Ms5
NS
| e voi = ,3;1;:2
Clk_Inv o000 160,90 |"’ e
w=5u w=500n
l c=200f
Vo+ % 5.
°S cmrp $8% 1 o
s ._1 I:?;@.ﬁﬂn
% w=3.9u
vo— [p—=— 5
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Figure 5-2.

The common-mode feed back circuit
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Table 5-2 Simulated performance of the first and second op-amp
Parameter 1% Integ. 2" Integ
DC gain 60 dB 59dB
GBW (CL = 5pF) 48 MHz 45 MHz
Phase margin 78° 75°
Output swing 0-1.7V 0-1.7V
SR 21 V/ps 16 V/us

Input common-mode range

-100m V-500 mV

-100 mV-500 mV

Output common-mode

09V

09V

Current (on/off)

374 pA/274 pA

250 pA/145 pA

Power Consumption (on/off)

674 pW/274

450 pW/261 pW
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5.2 Switched Op-Amp Integrator

The SO integrator is implemented using the designed SO in section 8.1. Figure 5-
5 shows the circuit implementation of the SO integrator. Figure 5-6 is the simulation
result showing the output CM of 900 mV that is obtained applying zero input. It reset to

1.8. Figure 5-7 show the transient simulation results applying step input.

VeSS - - - . e

vo=0 R
e G T .‘ P /
* freq=16K L T .vi'\j_/ T
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Figure 5-5. SO integrator
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Figure 5-6.
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5.3 Comparator

A high speed, high resolution CMOS comparator is designed. The topology is
shown in Figure 5-8. It consists of three stages, namely the input stage, a positive
feedback or decision stage (regenerative latch), and an output stage. The input stage
amplifies the input stage to improve the comparator sensitivity and isolates the input of
the comparator from switching noise coming from the positive feedback stage (decision
stage). The positive feedback stage is used to determine which of the input signals is
larger. The first set of inverters at the output stage work as buffers, amplify this
information, recover signal levels and output a digital signal. The second set of inverters
is added to obtain the reset to zero operation.

The input stage and the decision circuit are similar to the circuit presented in [30].
The comparator is designed for an input CM voltage of 900 mV. The decision stage is
designed with some hysteresis for the use in rejecting noise on a signal. M7, M8 are
cross-gated so the positive feedback increases the gain of the decision stage. Before
design with hysteresis, M7,8,11,12 are of the same size. When Vin = Vref, the drain
currents of M7 and M8 equals and all transistors are in saturation. If Vin increases more
than Vref, such that the drain current of M9 is much larger than that of M 10, then M7,12
are on and M8,11 are off. If Vin decreases such that the drain current of M10 increases
and the drain current of M9 decreases, switching takes place when the drain-to-source
voltage of M7 equals the threshold voltage of M8. At this point, M8 starts to take current
away from M12. This decreases drain-to-source voltage of M12 and thus starts to turn
M7 off. Switching takes place such that M12 and M7 are off when the gate-to-source
voltages of M7,12 are less than the threshold voltage of the devices. Hysteresis is
designed by having W/L of M7,8 more than that of MI11,12. The switching point

voltage is given by [30 ]:
Prrg _1
Ipy, B
szizching =V, _Vref = P Jfor ﬂM7,8 > :BM11,12 (5-1)
gm, , )BM7,8 +1
B
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M37, M38 are the switches used. The input stage does not contain any switches; as a
result no clock feed through is injected to the input nodes. When the switch is closed,

out_1, out_2 are low, and the comparator outputs, out+ and out- reset to 0.
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Simulated comparator performance is shown in Figure 5-9 to Figure 5-2. Table 5-

3 gives the dimensions of the transistors. The specifications are summarized in Table 5-4

6@ 0 BW= 58MHZ

58 F 2 2
48 L
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(dB)
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Figure 5-9. The ac response of the comparator
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Figure 5-10. Comparator response to a ramp input.
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Figure 5-11. Simulating hysteresis in the forward direction
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Figure 5-12. Simulating hysteresis in the backward direction
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Figure 5-14. Simulating the comparator propagation delay
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Table 5-3 Cell values of the comparator

Element Width/Length | Element Width/Length
MO, M1 1.4 yum/0.18 um | M37, M38, M33, M35 | 0.5 p/0.18 pm
M2 0.7 um/0.35 um | M5, M6, M9, M10 0.5 pm/0.35 pm
M7, M8 0.5 ym/1 um M13, M14, M15, M17 | 2um /0.18 pm
M11,M12 | 0.5 um/1.21 um | M20, M21, M33, M35 | 0.5 pm/0.18 pm

Table 5-4 Comparator Specifications

Propagation delay 1.2 ns

Hysteresis 11.3 mV

Current (on/off) 34 pA/14

HA

Power consumption 61 pW/725

(on/off) [TA%

Bandwidth 58 MHz

Vref 900 mV

Speed to clock 395 ps
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5.4 Biasing Circuit

The biasing required for the op-amps and the comparator are designed with all
CMOS voltage divider and shown in Figure 5-13. The values of the transistors are listed
in Table 5-5

Figure 5-15. The biasing Circuit

Table 5-5 Cell values for the biasing circuit

Element Width/Length Element Width/Length
MO, M1 1.5 pm/0.35 pm M5 0.56 um/0.7 um
M2 1.523 pm/2.33 um | M6, M7 1.523 pm/0.7 um
M3 1 pm/2.12 ym M8 1 pm/0.5 pm
M4 0.7 pm/0.35 pm
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5-§ Half Delay Circuit

Half clock period delays, required in the modulator feedback loop, are realized
using D and S bar R bar FFs. The gates and the FFs are realized using static logic
design. Figure 5-15 shows the designed circuit and Figure 5-16 shows the simulation

result.
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Figure 5-16. Half delay circuit
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Figure 5-17. Half delay circuit simulation result
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5.6 Clock Generator

Two-phase non-overlapping clocks are required in a SC circuit to reduce the
signal dependent charge injection. A timing block, shown in Figure 5-17, generates a
non-overlapping two-phase clock “CLK” and “CLK_INV”. In addition two slightly
delayed versions are also generated. The timing block is controlled by an external master
clock. The clock driver is formed using inverters and two NOR gates. One input
terminal of both of the two-input NOR gates is driven by a cross-feedback which
guarantees the non-overlap feature of the clock phases. Figure 5-18 shows the timing

diagram.
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Figure 5-18. Clock generation
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Chapter 6

System Implementation

This Chapter describes the implementation of a simulated prototype second-order
single-loop 2A modulator in TSMC 0.18 um single-poly, six-metal CMOS process with
1.8 V power supply voltage. The simulated results are presented. The discussion starts
by integrating the sub-blocks to implement the second-order single-loop >A modulator.

Layout issues are then addressed. Finally, simulated results are presented.

6.1 Modulator Schematic and Implementation
In the modified SO topology [60], the input and output common-mode voltages of
the op-amps are set independently and the dc offset that exits at the output of each

integrator is removed using a SC circuit. In this work the topology is further modified to

save area and decrease the complexity. The DC CM voltage at
oy
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Figure 6-1.  Circuit schematic of the second-order single-loop 2A modulator

the output of the second integrator is not removed. Thus the SC circuitry after the second

integrator is eliminated to save 13% of the area required for the capacitors. However,
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this requires the next stage (the comparator) to withstand this DC level. Thus, the input
stage of the comparator for this work is designed with N-type MOS.

The circuit schematic without the feedback network is shown in Figure 6-1. It is
obtained by connecting the two SO integrators and the comparator designed in Chapter 5.
The input and output common-mode voltages are set independently in this design. The
dc level at the op-amp input (input common-mode voltage) is set to zero while the dc
level at the op-amp output (output common-mode voltage) is set to half of the supply
voltage, in this case, 900 mV. The dc offset that exits on a sample taken of the input and
the op-amp output signal is to be removed. This is done in SC. For instance, the DC CM
voltage of 900 mV at the output of the first integrator is removed by setting the value of
Cdcl, Cdc2 to be half of the second integrator's sampling capacitor. Proper operation
also requires a high reference level, taken to VDD. Since two reference levels are now
present, they are taken equal to the VSS and VDD. The first integrator in the system
features the low voltage sampling solution. The input is sampled with reference to its
CM voltage, which is 0.23 V.

The modulator is scaled according to what was discussed in Chapter 4. That is,
the actual capacitor values are scaled based on white noise considerations. The sampling
capacitors for the first integrator are chosen to provide a noise floor low enough for 16-
bit resolution with some margins for quantization noise and other noise sources. The
value of this sampling capacitor is 5 pF, while the integration capacitor is 10 pF, which
implements an integrator coefficient of 0.5. The 5 pF sampling capacitor is chosen to
provide a noise floor of 103 dB, which is low enough for 16-bit resolution, with some
margins for the first op-amp noise and quantization noise. The sampling capacitor for the
second integrator is 2.4 pF. The modulator is controlled by two non-overlapping clock
phases (CLK and CLK_INV) together with delayed versions of these clock cycles.

The schematic for the differential feedback network is shown in Figure 6-2. The
feedback signal is produced by using four AND gates that control the operation of the
inverting and non-inverting SC feedback circuit mechanisms. Only one reference voltage
is used. The reference voltage is taken to be 400 mV. The reference voltage is sampled
by the inverting and non-inverting configuration under the control of the feedback output

and applied to the inputs of the integrators, where A and B are the inputs of the first
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integrator and C and D are the inputs of the second integrator. Figure 6-3 shows the

implemented Feedback circuit for the first integrator. Figure 6-4 shows the implemented

modulator.
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Figure 6-2.

Feedback network
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6.2 Modulator Layout Methodology

The objective is to produce a design methodology to implement the design and
assure the layout quality through post-simulation with parasitic. Figure 6-5 shows the
different phases of the layout methodology that are followed to build the layout of this
work. The successful layout of the mixed-signal design minimizes the effect of the
digital switching on the analog circuits. Mixed signal layout strategies are developed
throughout all phases. The strategies are implemented at the system level, down to the

device level and ending at the interconnect level.

Floor-planning

A

Implementing the
designed sub-blocks

A 4

Sub-blocks Layout
Verification

A

Building and verifying
the modulator layout

\ 4

Post-processing

Generating GDSII file

Figure 6-5. Layout methodology
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6.3 Floor-planning
It involves documenting the general areas where all components and signals will
go in order to minimize the area and maximize the performance. Figure 6-6 shows the

activities involved in floor planning.

6.3.1 Power Supply Strategy

Whenever analog and digital circuit reside together on the same die, danger exists
of injecting noise from the digital system to the sensitive analog circuitry through the
power supply and ground connections. One way to reduce the interference is to prohibit
the analog and digital circuit from sharing the same interconnect. The routing for the
supply and ground for both the analog and digital should be provided separately to
eliminate the effect of parasitic resistance. The resistance associated with the analog
connection to ground or supply can be reduced by making the power supply and ground
as wide as feasible. This reduces the overall resistance of the metal run, thus decreasing
the voltage spikes that occur across the resistor. Separate VDD and VSS are provided in

this layout for an analog and digital cells and devices.

Power grid
strategy

Define the
interface signals

Special design
requirements

Approximate
size

Figure 6-6.  Floor-planning steps
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6.3.2 Interface Signals Definition
In this stage, all the input and output interface signals are listed and assigned a

position on the sub-blocks. Signals with special design requirements are identified.

6.3.3 Special Design Requirements Consideration

To minimize the effect of crosstalk, mismatch and noise in mixed signal
environment, special design requirements at this system level need to be considered
Symmetry and symmetrical environment is very important in the design of the op-amp.
Input signals to the first integrator should be placed as close as possible to the input pads.
High-swing analog circuits such as comparators and output buffer amplifiers should be
placed between the sensitive analog and the digital circuitry. Since the digital output
buffers are designed to drive capacitive loads at very high rates, they should be kept

farthest from the sensitive analog signal.

6.3.4 Size Approximation

With size constraint, there is a need to know the feasibility of meeting such
constraint. Therefore size should be estimated. Size can be estimated from previous
knowledge about older design of the same complexity and process design rules and from

the number of transistors and the layout design rules.
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6.4 Sub-block Implementation
Based on floor planning, each sub-block is implemented. Figure 6-7 shows the

steps to be followed in this phase.

6.4.1 Component Placement
Sub-blocks may be redesigned if specifications are not achieved through post-
simulation. The ability of the design to be completely routed is usually limited by the

placement of the components. Labeling signals is advised to avoid connection errors.

6.4.2 Special Design Requirements

Different special design requirements are implemented such as fingering and
increasing noise immunity. Noise immunity is increased by paying attention to the
matching of the fully differential design, using guard rings and shielding the analog
signals.

6.4.2.1 Matching of Fully Differential Design

The common-mode rejection inherent in the fully differential op-amps eliminates
most or all of the noise from the digital circuitry coupled through the parasitic stray
capacitors, if equal amount of noise are injected into the differential amplifiers. This is
dependent on the symmetry of the amplifier and the matching of the transistors in the op-
amp. Layout techniques should be used to improve matching. Common-centroid
techniques ensure matching of transistors. Figure 6-8 shows the p-type input transistors
of the op-amp implemented as common centroid. Figure 6-9 shows the op-amp layout

where a complete environment matching is considered.
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Figure 6-8. Common centroid input stage transistors
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6.4.2.2 Guard Rings

Guard rings should be used throughout a mixed signal environment. Circuits that
process sensitive signals should be placed in a separate well with guard rings attached to
the analog VDD supply. The n-type devices outside the well should have guard rings
attached to the analog VSS. Digital circuits should be placed in their own well with
guard rings attached to the digital VDD. Guard rings placed around the n-type devices
will also help to minimize the amount of noise transmitted from the digital devices.

Guard rings are used around the SCs to avoid coupled substrate noise. The
capacitor is laid out over an n-well; the n-well is tied to analog VDD through an n+
implant in the n-well and metal. Surrounding the n-well is a ring of p+. This ring is tied
to an analog ground. The idea is that the p+ will provide a sink for any current injection
from the surrounding circuitry. Since the ground is the lowest potential in the circuit, the
noise will terminate on the p+ and may not penetrate the area under the capacitor and
then not coupled into the capacitor. Noise current that may still move deep under the
capacitor will sweep out through VDD and not coupled into the capacitor because the n-
well is held at the most positive potential in the circuit. Figure 6-10 shows the

implementation.

6.4.2.3 Shielding

The shield implemented for this layout takes the form of a layer tied to analog
ground placed between two other layers, one carrying the sensitive analog signal and the
other carrying the digital signal. It is the case when such crossing is unavoidable. Figure
6-11 shows an example, where the sensitive analog signals exist on metal 2; the crossing
digital clocks are carried by metal 3, while a grounded metal 3 is used as a shied. This
shield is used for isolation providing a termination plane for the electric fields resulting
from the voltages on both the digital and analog signals.
It should be avoided to run interconnects carrying sensitive analog signals parallel and
adjacent to any interconnect carrying digital signals. If this situation cannot be avoided,
then an additional line connected to analog ground should be placed between the two

signals.

90

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



6.4.2.4 Capacitor Layout

This application require linear and high precision capacitors, thus metal capacitors
are needed. A multi-metal sandwich of conductive layers can be formed in CMOS
technology. The 0.18 um CMOS technology offers six metal layers, thus five capacitors
can be formed on the same area. Capacitors in the modulator are implemented using the
sandwich structure. Metal 1, metal 3 and metal 5 form the negative plate of the capacitor,

while metal2 and metal4 make the positive plate of the capacitor.

0.4.2.5 Multi-Finger Transistors
Wide transistors need to be folded so as to reduce the source-drain junction area

and the gate resistance. Figure 6-12 shows an example.

1kr!
YET

||

Figure 6-10. Capacitor layout with guard rings
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6.4.3 Component Connection

With good floor planning and placement of components, this step becomes easy.
Otherwise, completing interconnect routing while respecting special design requirements
is usually difficult and time consuming. When routing the analog circuitry, the lengths of
the current carrying paths need to be minimized. This will reduce the amount of voltage
drop across the path due to parasitic resistance. Minimizing the routing of the signals
within the design is also important to reduce the input capacitance for signal. Contacts
should also be used very liberally whenever changing layers to improve the fabrication
reliability. Using the minimum design rule line may width as routing width may not be
practical, because connection points may require via or contacts, and the space required
for vias or contacts is generally wider than the minimum width rule for routing. For the
digital part, consistent routing direction with specific metal layers should be maintained
to assure that the layout is routable. However for an analog part, the use of minimum
number of metal layers is better to increase the noise immunity. Labeling all the

important signals simplifies error diagnosing in the layout versus schematic activity.

6.4.4 Sub-Block Layout Verification
Figure 6-13 shows verification steps that should be done for each sub-block.

Design rule check (DRC) step verifies that all polygons and layers of the layout meet the
0.18 um CMC process, such as width and space rules. Netlist is generated through the
extraction step that is compatible for simulation. Once the layout versus schematic
(LVS) is succeeded then it is assured that electrical connectivity, device sizes and nets are
correct. The layout is then extracted with parasitic and post-simulation is performed to
ensure that each sub-block is functioning as expected and that the specifications meet the
requirements. Figure 6-14, 6-15, 6-16, 6-17 and 6.18 show the layout for the comparator,

clock generation, half-delay, and the set-reset FF respectively.
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Figure 6-15. Clock generation layout
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6.5 Building and Verifying the Modulator Layout

All sub-blocks are integrated based on floor planning. The modulator is verified
through DRC, LVS and post-simulation with parasitic extraction. Figure 6-18 shows the
layout of the modulator chip. The chip dimension is 995.6 um X 985.6 um. The die area
is 650 um X 620 um.

6.6  Post Processing

Figure 6-19 shows the generated bitstream of the extracted modulator with
parasitic. The input applied is a differential sin wave of amplitude of 125 mV and
frequency of 16 KHz.

The output bitstream for a differential sinusoidal input of 5 KHz for 8195 samples

is then post-processed in MATLAB to calculate the SNDR. To calculate the dynamic-
range (DR), the SNR is calculated while changing the amplitude for the applied input
sinusoid. Figure 6-20 shows the achieved SNDR of 98 dB and Figure 6-21 shows the DR
of 100 dB. The post-simulation verifies that results meet the requirements.
The simulated modulator performance is summarized in table 6.1, which demonstrates
the success of the design methodology. A figure-of-merit (FOM) based on
joule/conversion was computed to compare this work with other designs. The proposed
YA Modulator has the best FOM moreover; the area is also the minimum as shown in
Table 6.2

6.7 Generating the GDSII file
The GDSII file is generated and the chip is sent for fabrications
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Figure 6-21.

Table 6-1 Modulator specifications

SNDR versus signal amplitude

Sampling rate 8.2 MHz

OSR 256

BW 16 KHz
Supply voltage 1.8V

SNDR 98 dB

DR 100 dB

Die Area 0.403 mm*
Power 1321 uyW
consumption

Process 0.18 um TSMC
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Table 6-2

Comparison between this work and previous designs

Ref. Type | VDD | DR BW Power Area Sampling Figure of
[dB} [KHz] [UW] [mm2] Rate [MHz] | merit
Joule/second
[10™]
This SO 1.8 100 16 1321 0.403 | 8.2 161
work
[50] SC 88 25 950 0.63 5 190
[28] SC 1.8 99 25 2500 1.5 4 625
[29] SC 1.8 102 25 2350 1.426 | 3.2 734
[S1] [SC |5 104 |25 47000 | 5.2 6.4 7344
[27] |SC |5 111 |22 520000 |25.8 |5.632 92329
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Chapter 7

Conclusions and Recommended Future Work

7.1 Conclusions

A 1.8V modulator for an audio hearing-aid application has been designed using a
SO technique and a 0.18 pm digital CMOS process. The single-loop, second-order
topology proposed in this work saves approximately 70% of the required area in [29].
The use of a SO based YA modulator allows the design to be readily scaled to the latest
CMOS technologies. In the proposed circuit one DC offset switching capacitor circuit
was eliminated and this reduced the required area for the capacitors by 13%. The overall
complexity of the YA modulator was simplified to increase the robustness of the low-
voltage low-power design. Simulation results indicated a SNDR of 98 dB and DR of 100
dB with a 16 kHz signal bandwidth, as required for this hearing-aid application. A
figure-of-merit based on joule/conversion was computed to compare this work with other
designs. The proposed YA modulator has the best figure-of-merit and the minimum area
when compared to the existing state-of-the-art designs. The modulator circuit features
reduced complexity, area reduction and low conversion energy. It is the only modulator
designed based on a SO technique that is compatible with the continuously decreasing
feature sizes associated with the latest CMOS technology. A research paper based on this
work has been accepted for publication in the proceedings of the Fourth International
Workshop on System-on-Chip (IWSOC'2004), Banff, Alberta, July, 2004.

7.2 Recommended Future Work

The results presented and values used to determine specifications and evaluate
performance metrics are based on simulation results only. The YA modulator was
submitted for fabrication to the Canadian Microelectronics Corporation (CMC) and the
layout passed all the design-rule-checks (DRC). The delivery of the fabricated chip was
delayed due to packaging problem and this has prevented the author from testing the
physical implementation of the chip. It is hoped that the author will be able to test the
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chip in the future at her new place of employment. In any event, an outline for testing
methodology that will verify specifications and support the evaluation of performance
metrics has been developed and left with the author’s research supervisor.

This research has dealt with the design of a ZA modulator for use in an ADC. In
order to complete the design for the ZA ADC the associated decimation filter needs to be
developed. Since the designed XA modulator as it is based on SO, the same topology and
design methodology can be applied to implement the design in the newest technology,
such as 0.09 um CMOS technology. An ZA ADC could also be developed in the form of

an intellectual property (IP) core for use in a system-on-chip (SOC) implementation.
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Appendix A
MATLAB functions

A.1 Slew Rate Modeling

function out = slew(in,alfa,sr, GBW,Ts)
% Models the op-amp slew rate for a discrete time integrator
% in: input signal amplitude
% alfa: effect of finite gain (ideal op-amp alfa=1)
% sr: slew rate in V/s
% GBW: gain-bandwidth product of the integrator in Hz
% Ts: sample time
% out: output signal amplitude
tau=1/2*pi*GBW); % Time constant of the integrator
Tmax = Ts/2;
slope=alfa*abs(in)/tau;
if slope > sr % Op-amp in slewing
tsl = abs(in)*alfa/sr - tau; % Slewing time
if tsl >= Tmax
error = abs(in) - sr*Tmax;

else
texp = Tmax - tsl;
error = abs(in)*(1-alfa) + (alfa*abs(in) - sr*tsl) * exp(-texp/tau);
end
else % Op-amp in linear region
texp = Tmax;

error = abs(in)*(1-alfa) + alfa*abs(in) * exp(-texp/tau);
end
out = in - sign(in)*error;
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A.2  PSD Plotting
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% 2nd Order Sigma-Delta A/D Modulator

% The modulator structure is simulated using SIMULINK
% Post-processing of the results is done with Matlab.

% 1. Plots the Power Spectral Density of the bit-stream

% 2. Calculates the SNR
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clear;

t0=clock;

st she sfe sfe ofe ol k¢ ske sl 3k sk she she sfe sfe sk ok e 3 sk she sk vk sk sk vk ke e e sk st sk sk o > vk ofe ok ske sfe e sk ske sk sk she she she ske ske ok ske ke s sfe sk sk She ske sk ke e e e e sk Sk sk sk sk sk ok
% Global Variables

st sk sk s sie ok ok sk sk s s e sie sle sle ok sfe she sk sk sk e ke she sk s s s s sk e sk she sk sk she sk ke ke sk sk sk st s S e ok ok sk sle s e e ok 2k ofe ok ok ok sk ke sk sk kol sk e ok ke sk ke ok
bw=16.05¢3; % Base-band

R=256;

Fs=R*2*bw; % Sampling Rate

Ts=1/Fs;

N=R*R; % Samples number

nper=12;

Fin=nper*Fs/N; % Input signal frequency (Fin = nper*Fs/N)
Ampl=0.23; % Input signal amplitude [V]

Ntransient=0;
sfe sk sie sk 3k 3¢ ke s e sje sk ole sfe sie sie ok sfe ke ske 3k sk sk ke ok sk sl 3 sk ok ol sk ok sfe sk sk ok sk sk sk e sk sk sk sk 3k vk vk Sk she e sk sk sk ke she ke sk sk ok Sk e she vk ol sfe ok sk ke ok ek e

% kT/C noise and op-amp non-idealities
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echo on;

k=1.38e-23; % Boltzmann Constant

Temp=300; % Absolute Temperature in Kelvin
Cf=10e-12; % Integrating Capacitance of the first integrator
alfa=(1e3-1)/1e3; % A=Qp-amp finite gain

Amax=0.8; % Op-amp saturation value [V]

sr=10e6; % Op-amp slew rate [V/s]

GBW=45¢6; % Op-amp GBW [Hz]

noise1=8e-6; % lst int. output noise std. dev. [V/sqrt(Hz)]
delta=4e-9; % Random Sampling jitter (std. dev.)

echo off;
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% Modulator Coefficients

3¢ 2l 3fe 3k vk o sl¢ 3 2k 3¢ 3§ 3k ke ok e ale sfe 3k 3f¢ ke 3k ke 3fc 3fe sfe 2fe 3k 3¢ 3k sk 3¢ vk 3¢ vk 3k 3he 2fe ke 3f¢ ke sfe e vk e vl 3¢ 2le 3¢ sk 2k 6 3k ke 2fe 3¢ dfe 24 ke 2k de k¢ vk ke ske e sfe e ok ke Ak ke ke

echo on;
al=0.5;
a2=0.6;
b1=0.2;
b2=0.25;
Vref=0.9;
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finrad=Fin*2*pi; % Input signal frequency in radians
2§ 3k ok 3k ok 3¢ 3k sk sk 3¢ 3k she ke vk 3k 3de 3¢ e vl ok vk ok sk vk ok vk 3k sk ke 3o ke vk sk 3k vk e vke e vk e Ske ke 3ke e 3k vk e sk ke sfe sk sk e 2k 3¢ 3fe sfe e sl s vk d4¢ ol ok ok ok e e ok ke v Kk

% Open Simulink diagram first

3k 3k 3k 306 3l ok o sk sk s sfe ke ok she sk sk sk sk sk s ke ke she sk sk sk sk sk sk ke ok ok sk sk 3k 3k e ok sk sk sk sk s sk sie sk ok sk s sk sk ke ok ok 2k ok ok sk sk 3k e ol ok ofe vfe s sk sk e ke ke ke
options=simset('InitialState', zeros(1,2), 'RelTol', 1e-3, 'MaxStep', 1/Fs);

sim('second', (N+Ntransient)/Fs, options); % Starts Simulink simulation

3k 3k 3k 3k sk 3k ok 3k 3k ok vk ok sk ok sfe 3k e sfe ok ske she sk sfe sfe ie e e sk she she she sk ok ok vl ke ke sk e she sk 2k sk ok sk vk ik sk sk e sk sk ke 3k vk 2k ofc vl Sk ke ke sk ok vfe ok ol ok ke e e kK

% Calculates SNR and PSD of the bit-stream and of the signal

sk sk ok s sk s sfe sk ok sk ok sk s sl ske sk sk sk sk sk ok 3k s sfe ke sk sk sk s 3k 3K sie sk sk ok s sk sk i ol ok sk sk sk ok sk 3K ol sfe 3k sfe o sk 3k e e ok ok ok sk sfe ok ok ke sk ok sk ok ok s sk ok

w=hann(N);

echo on;

f=Fin/Fs; % Normalized signal frequency
fB=N*(bw/Fs); % Base-band frequency bins

yyl=zeros(1,N);
yyl=yout(2+Ntransient:1+N+Ntransient)';

echo off;

ptot=zeros(1,N);
[snr,ptot]=calcSNR(yy1(1:N),f,{B,w,N,Vref);
Rbit=(snr-1.76)/6.02; % Equivalent resolution in bits

s 3fe 3fe 3k 3k 3ic 3k 3fe ke sk she sfe ok vk sje sie ole ke 3 s sfe ok dfe sfe vl vl e e e e sk ok sk sk ok dke sk sk 3k ok ke e ok ok vk sk vk ok ik 3K ik Ak Ak ke sk 2k vk ok ok ke ok ok 3k ok ok ok ol ke ke ke ke 3k

% Output Graphs

3K 3K ok 3k ok 3¢ 3k 3k ok 2k ok vk o ok sk ol vk e vk e ok 3¢ ol 2k ke vl e vl 3k vl 3k sk sk Ak Sk ok vk o vk e vk 3 sl vk Ak vie ok sk 3k ol ok ofc e ol 2k ak vk 3k vk vk ke vk ke ok e ok vk e ok e ok Xk
figure(1);

clf;

plot(linspace(0,Fs/2,N/2), ptot(1:N/2), 't');

grid on;

title('PSD of a 2nd-Order Sigma-Delta Modulator’)

xlabel('Frequency [Hz]')

ylabel('PSD [dB]")

axis([0 Fs/2 -200 0]);

figure(2);

clf;

semilogx(linspace(0,Fs/2,N/2), ptot(1:N/2), 'r'");
grid on;

title('PSD of a 2nd-Order Sigma-Delta Modulator')
xlabel('Frequency [Hz]")

ylabel('PSD [dB]")

axis([0 Fs/2 -200 0]);

figure(3);

clf;

plot(linspace(0,Fs/2,N/2), ptot(1:N/2), 'r');

hold on;

title('PSD of a 2nd-Order Sigma-Delta Modulator (detail)’)
xlabel('Frequency [Hz]")
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ylabel('PSD [dB]")

axis([0 2*(Fs/R) -200 0]);

grid on;

hold off;

text_handle = text(floor(Fs/R),-40, sprintf('SNR = %4.1fdB @ OSR=%d\n',snr,R));
text_handle = text(floor(Fs/R),-60, sprintf('Rbit = %2.2f bits @ OSR=%d\n',Rbit,R));

sl=sprintf("' SNR(dB)=%1.3f,snr);

s2=sprintf(" Simulation time =%1.3f min',etime(clock,t0)/60);
disp(s1)

disp(s2)

A.3 SNR Calculation

function
[snrdB,ptotdB,psigdB,pnoisedB,input_extracted,norm_input_extracted,stot,ssignal,snoise
,input] = calcSNR(vout,f,fB,w,N, Vref)

% vout: Sigma-Delta bit-stream taken at the modulator output
% f: Normalized signal frequency (fs -> 1)

% fB: Base-band frequency bins

% w: windowing vector

% N: samples number

% Vref: feedback reference voltage

% snrdB: SNR in dB

% ptotdB: Bit-stream power spectral density (vector)

% psigdB: Extracted signal power spectral density (vector)
% pnoisedB: Noise power spectral density (vector)
fB=ceil({B);

input_extracted=sinusx(vout(1:N).*w,f,N)

x(n)*Wn()
norm_input_extracted=(N/sum(w))*sinusx(vout(1:N).*w,f,N);
signal=norm_input_extracted;

noise=vout(1:N)-signal; % Extracts noise components
input= vout(1:N).*w;
stot=((abs(fft((vout(1:N).*w)")))."2); % Bit-stream PSD

ssignal=(abs(fft((signal(1:N).*w)')))."2; % Signal PSD
snoise=(abs(fft((noise(1:N).*w)")))."2; % Noise PSD

pwsignal=sum(ssignal(1:fB)); % Signal power
pwnoise=sum(snoise(1:fB)); % Noise power
snr=pwsignal/pwnoise;

snrdB=dbp(snr);

norm=sum(stot)/Vref"2; % Normalization

%if nargout > 1
ptot=stot/norm;
ptotdB=dbp(ptot);

%end
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%if nargout > 2
psig=ssignal/norm;
psigdB=dbp(psig);

%end

%if nargout > 3
pnoise=snoise/norm;
pnoisedB=dbp(pnoise);

%end

A.3.1 Extraction of a Sinusoidal Waveform from a Bitstream

function outx = sinusx(in,f,n)

% extract a sin wave from a bitstream using hartely transform
sinx=sin(2*pi*f*[1:n] );

cosx=cos(2*pi*f*[1:n] );

in=in(1:n);
al=2*sinx.*in; % for hartley transform
a=sum(al)/n; % for the inverse hartley transform

b1=2*cosx.*in;
b=sum(b1)/n;
outx=a.*sinx + b.*cosx; % the completed inverse hartley transform

111

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



[6]

[7]

[9]

[10]

References

P. R. Gray, “Analog IC’s in the Submicron Era: Trends and Perspectives”,
Proceedings of IEEE Electron Devices Meeting, 1987, pp. 5-6.

V. Peluso, A. Marques, M. Steyaert and W. Sansen, “Optimal Parameters for
Single Loop AX Modulators”, Proceedings of ISCAS '97, Vol. 1, June 1997, pp.
57-60.

L. Fang, K. S. Chao, “A Multi-bit Sigma-Delta Modulator with Interstate
feedback”, Proceedings of ISCAS 1998, Vol. 1, 1998, pp. 583-586.

S. Au and B. H. Leung, “A 1.95V, 0.34mW, 12b Sigma-Delta Modulator
Stabilized by Local Feedback Loops” IEEE Journal of Solid-state Circuits, Vol.
32, March 1997.

F. Chen and B. H. Leung, A High Resolution Multi-Bit Sigma-Delta Modulators
with Individual Level Averaging”, IEEE Journal of Solid-state Circuits, Vol. 30,
April 1995, pp. 453-460.

I. Dedic, “A Sixth-order Triple-Loop >A CMOS ADC with 90dB SNR and
100KHz Bandwidth”, Proceeding of IEEE Journal of Solid-state Circuits
Conference, 1994, pp. 188-189.

D. B. Ribner and M. A. Copeland, “Design Techniques for Cascode CMOS Op-
Amps with Improved PSRR and Common-Mode Input Range”, IEEE Journal of
Solid-state Circuits, Vol. 19, Dec. 1984, pp. 919-925.

Y. Geerts, M. Steyaert, W. Sansen, “A 2.5 MSample/s multi-bit A CMOS ADC
with 95 dB SNR”, Digest of Technical Papers of ISSCC, 2000, pp. 336-337.

H. Leopold, G. Winkler, P. O’Leary, K. Ilzer and J. Jernej, “A Monolitic 20 bit
Analog-to-Digital Converter”, IEEE Journal of Solid-state Circuits, Vol. 26, July
1991.

B. P. Del Signore, D. A. Kerth, N. S. Sooch and E. J. Swanson, ”A Monolithic
20-b Delta-Sigma A/D Converter”, IEEE Journal of Solid-state Circuits, Vol. 25,
Dec. 1990, pp. 1311-1317.

112

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



[11]

[12]

[13]

[14]

[15]

[16]

[17]

[18]

[19]

[20]

[21]

O. Nys and R. Henderson, “A Monolithic 19-b 800Hz Low-Power Multi-bit
Sigma Delta CMOS ADC using Data Weighted Averaging”, Proceeding of
European Solid-State Circuits Conference, 1996, pp. 252-255.

P. C. Maulik, M. S. Chadha, W. L. Lee, P. J. Crawley, “A 16-bit 250-kHz Delta-
Sigma Modulator and Decimation Filter”, IEEE Journal of Solid-state
Circuits, Vol. 35, Issue 4 , April 2000, pp. 458 — 467.

P. Ferguson and Jr. et al, “An 18b 20KHz Dual > A A/D Converter”, Proceeding
of IEEE International Solid-State Circuits Conference, Feb. 1991, pp. 68-69.

L. Le and Toumelin et al, “A 5-V CMOS Line Controller with 16-b Audio
Converters”, IEEE Journal of Solid-state Circuits, Vol. 27, March 1992, pp. 332-
341.

G. M. Yin, F. Stubbe and W. Sansen, ”A 16-bit 320KHz CMOS A/D Converter
Using 2-stage 3rd Order YA Noise-Shaping”, IEEE Journal of Solid-state
Circuits, Vol. 28, pp. 640-647, June 1993.

M. Van Bavel, N.R. Rakers, P. Greene, R. Caldwell, and J. Haug, ” A 16-b 160-
kHz CMOS A/D Converter Using Sigma-Delta Modulation”, IEEE Journal of
Solid-state Circuits, Vol. 25, Issue 2, April. 1990, pp. 431-440.

C. R. T de Mori, P. C. Crepaldi, T. C. Pimenta, “A 3-V 12-Bit Second Order
Sigma-Delta Modulator Design in 0.8-um CMOS”, The [4th Symposium on
Integrated Circuits and Systems Design, 2001, Sept. 2001, pp. 124-129.

Z-Y Chang, D. Macq, D. Haspeslagh, P. Spruyt and B. Goffart, A CMOS
Analog Front-End Circuit for an FDM-Based ADSL System”, IEEE Journal of
Solid-state Circuits, April 1995.

R. Koch, B. Heise, F. Eckbauer, E. Engelhardt, J. A. Fisher and F. Parzefall”, A
12-Bit Sigma-Delta Analog-to-Digital Converter with a 15-MHz Clock Rate,
IEEFE Journal of Solid-state Circuits, Vol. 21, Issue 6, Dec. 1986, pp. 1003-1010.
A. R Feldman, B. E Boser and P. R. Gray, “13-bit, 1.4-MS/s Sigma-Delta
Modulator for RF Baseband Channel Applications”, IEEE Journal of Solid-state
Circuits, Vol. 33, Issue: 10, Oct. 1998, pp. 1462-1469

Steven R. Norsworthy, Richard Schreiber and Gabor C. Temes, Delta-Sigma Data
Converters Theory, Design, and Simulation, IEEE Press, 1997.

113

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



[22]

[23]

[24]

[25]

[29]

[30]

[31]

[32]

[33]

K. C. Chao, S. Nadeem, W. L. Lee and C. G. Sodini, “A higher order topology for
interpolative modulators for oversampling A/D converters”, IEEE Transactions
Jor Circuits and Systems, Vol. 37, March 1990, pp. 309-318.

T. Hayashi, Y. Inabe, K. Uchimura, and A. Iwata, “A Multistage Delta-Sigma
Modulator without Double Integration Loop,” ISSCC Digest of Technology
Papers, Feb. 1986, pp. 182-183.

L. R. Carley, “A Noise-Shaping Coder Topology for 15+ bit Converters”, IEEE
Journal of Solid-state Circuits, Vol. SC-24, April 1989, pp. 267-273.

P. J. Naus, E. C. Dijkmans, E. F. Stikvoort, A. J. McKnight, D. J. Holland and W.
Brandinal, “A CMOS Stereo 16-bit D/A Converter for Digital Audio”, IFEE
Journal of Solid-state Circuits, Vol. SC-22, June 1987, pp. 390-395.

H. J. Schouwenaars, D. W. J. Groeneveld, C. A. A Bastiaansen, and H. A. H.
Termeer, “An oversampled Multi-Bit CMOS D. A Converter for Digital Audio
with 115-dB Dynamic Range”, IEEE Journal of Solid-state Circuits, Vol. SC-26,
Dec 1991, pp. 1775-1780.

Ichiro Fujimori and Kazuo Koyama, “A 5-V Single-Chip Delta-Sigma Audio A/D
Converter with 111 dB Dynamic Range”, IEEE Journal of Solid-State Circuits,
Vol. 32, Mar. 1997, pp. 329-335.

A. L. Coban and P. E. Allen, “A New Fourth-Order Single-Loop Delta-Sigma
Modulator for Audio Applications”, ISCAS '96, Vol. 1, May 1996, pp. 461-464.
Jiyi Gu, Design of a Digital-Audio Sigma-Delta Modulator in 0.18-micron
CMOS, Master thesis, University of Windsor, 2002.

R. Jacob Baker, Harry W. Li and David E. Boyce, CMOS Circuit Design Layout
and Simulation, IEEE PRESS, 1998.

B. P. Brandt, “Oversampled Analog-to-Digital Converters”, Integrated Circuits
Laboratory Technical Report, No. IC1L91, Stanford University, 1991.

Philip E. Allen and Douglas R. Holberg, CMOS Analog Circuit Design, Oxford
University press, 2002.

T. Brooks, D. Robertson, D. Kelly, A. Del Muro and S. Hanston, “A Cascaded
Sigma-Delta Pipeline A/D Converter with 1.25MHz Signal Bandwidth and 89dB

114

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



(34]

[35]

[38]

[39]
[40]

[41]

[42]

[43]

[44]

SNR,” IEEE Journal of Solid-State Circuits, Vol, 32, No. 12, Dec. 1997, pp.
1896-1906.

J. Candy, “A Use of Double Integration in Sigma Delta Modulation,” IEEE
Transactions on Communications, Vol. COM-33, Mar. 1985, pp. 249-258.
Behzad Razavi, Principles of Data Conversion System Design, New york, IEEE
Press, 1995.

M. Degrauwe et al., “IDAC: An Interactive Design Tool for Analog CMOS
Circuits”, IEEE Journal of Solid-State Circuits, Vol.22, Dec. 1987, pp.1106-1114.
F. Medeiro et al. “A Vertically Integrated Tool for Automated Design of >A
Modulators”, IEEE Journal of Solid-State Circuits, Vol. 30, No 7, July 1995, pp.
762-772.

T. E. Dwan and T. E Hechert, “Introducing SIMULINK into Systems
Engineering Curriculum”, Proceeding Of Frontiers in Education Conference,
23rd Annual, 1993, pp. 627-671.

A. Grace, Optimization Toolbox for use with MATLAB, MathWorks Inc., 1990.
Brian P. Brandt, Drew E. Wingard and Bruce A. Wooly, “Second-Order Sigma-
Delta Modulation for Digital-Audio Signal Acquisition”, /EEE Journal of Solid-
State Circuits, Vol. 26, No. 4, April 1991, pp. 618-627.

K. Y. Leung et al., “A 5V, 118dB Analog-to-Digital Converter for Wideband
Digital Audio”, Proceeding Of IEEE International Solid-State Circuits
Conference, pp. 218-219, Feb. 1997.

J. Crols and M. Steyaert, “Switched-Opamp: An Approach to Realize Full CMOS
Switched-Capacitor Filters at Very Low Power Supply”, IEEE Journal of Solid-
State Circuits, Vol. 29, Aug. 1994, pp. 936-942.

Vincenzo Peluso, S. J. Steyaert, and Willy Sansen, “A 1.5-V-100-uW 2A
Modulator with 12-b Dynamic Range Using the Switched-Opamp Technique”,
IEEE Journal of Solid-State Circuits, Vol. 33, No. 12, Dec. 1998, pp. 1887-1897.
V. Peluso, P. Vancorenland, A. Marques, M. Steyaert and W. Sansen, “A 900mV-
40 uW AY. Modulator with 77dB Dynamic Range”, Proceedings International
Solid-State Circuits Conference, San Francisco, Feb. 1998, pp. 68-69.

115

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



[45]

[46]

[47]

[50]

(51]

[52]

[53]

[54]

[55]

John W. Fattaruso and Louis A. Williams 1II, Oversampled Analog-to-Digital and
Digital-to-Analog Converters, VLSI Handbook, CRC Press LLC, 2000.

F. O Eynde and W. sansen, Analog Interfaces for Digital Signal Processing
Systems, Kluwer Academic Publishers, 1993.

A. M. Marques, V. Peluso, M. J. Steyaert and W. Sansen, “A 15-b Resolution 2-
MHz Nyquist Rate AY. ADC in a lum CMOS Technology”, IEEE Journal of
Solid-State Circuits, July 1998, pp. 1065-1075.

Bruce A. Wooly and Shahriar Rabi, “A 1.8-V Digital-Audio Sigma-Delta
Modulator in 0.8-um CMOS”, IEEE Journal of Solid-State Circuits, Vol. 32, No.
6, June 1997, pp. 783-797.

Brian Brandt and Bruce Wooley, “A 50-MHz Multibit Sigma-Delta Modulator for
12-b 2-MHz A/D Conversion”, IEEE Journal of Solid-State Circuits, Dec. 1991,
pp. 1746-1755.

Mohammed Dessoky and Andres Kaiser, “Very Low-Voltage Digital-Audio AY.
Modulator with 88-dB Dynamic Range Using Local Switch Bootstrapping”, IEEE
Journal of Solid-State Circuits, Vol. 36, No. 3, Mar 2001, pp. 349-355.

L. A. Williams, IIT and B. A. Wooly, “Third-Order Sigma-Delta Modulator with
Extended Dynamic Range”, IEEE Journal of Solid-State Circuits, Mar 1994, pp.
193-202.

D. B. Ribner, “A Comparison of Modulator Networks for High-Order
Oversampled Sigma Delta Analog-to-Digital Converters”, IEEE Transactions on
Circuits and Systems, Vol. CAS-38, No. 2, Feb. 1991, pp. 145-159.

Kirk Chao, “A Higher Order Topology for Interpolative Modulators for
Oversampling A/D Converters”, IEEE Transactions on Circuits and Systems, Vol.
37, No. 3, Mar. 1990, pp. 309-318.

B. E. Boser and B. A. Wooly, “The Design of Sigma-Delta Modulation Analog-
to-Digital Converters”, IEEE Journal of Solid-State Circuits, Vol. 23, Dec. 1988,
pp. 1298-1308.

F. Medeiro, B. Perez-Verdu, A. Rodriguez-Vazquez and J. L. Huertas, “Modeling
OpAmp-Induced Harmonic Distortion for Switched-Capacitor >A Modulator
Design”, Proceedings of ISCAS 1994, Vol. 5, London, UK, 1994, pp. 445-448.

116

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



[56]

[57]

[58]

[59]

[60]

[61]

[66]

[67]

J. B. Shyu, G. Temes and F. Krummenacher, “Random Error Effects in Matched
Mos Capacitors and Current Sources”, IEEE Journal of Solid-State Circuits, Dec.
1984, pp. 948-955.

P. Malcovati, S. Brigati, F. Francesconi, F. Maloberti, P. Cusinato and A.
Baschirotto, “Behavioral Modeling of Switched-Capacitor Sigma-Delta
Modulators"; IEEE Transactions on Circuits and Systems, Vol. 50, Issue 3, Mar
2003, pp.352-364.

S. A. Hammouda, M. S. Tawfik, and H. F. Ragaie, “Low Voltage Fully
Differential Opamp with High Gain Wide Bandwidth Suitable for Switched
Capacitor Applications”, The 2002 45th Midwest Symposium on Circuits and
Systems, Vol. 1, Aug. 2002, pp. [-324-7.

Paul R. Gray, Paul J. Hurst, Stephen H. Lewis and Robert G. Meyer, Analysis and
Design of Analog Integrated Circuits, John Wiley & Sons, INC., 2001.

Vincenzo Peluso, Michiel Steyaert and Willy Sansen, Design of Low-Voltage
Low-Power Delta-Sigma A/D Converters, Kluwer Academic Publishers, 1999.

T. Adachi, A. Ishinawa, A . Barlow, and K. Taksuka, “A 1.4 Switched Capacitor
Filter”, Proceedings of CICC, May 1990, pp. 8.2.1-8.2.4.

S. Rabi and B. A. Wooly, “A 1.8 V, 4.4 mW, Digital-audio >A Modulator in
1.2um CMOS”, Proceedings of ISSCC, Feb. 1996, pp. 228-229.

J. Grilo, E. MacRobbie, R. Halim and G. Temes, “A 1.8 V 94 dB Dynamic Range
2.A Modulator for Voice Applications”, Proceedings of ISSCC, Feb. 1996, pp.
230-231.

A. Abo and P. Gray, “A 1.5-V, 10-bit, 14 MS/s CMOS Pipeline Analog-to-Digital
Converters,” Symposium of VLSI Circuits, June 1998, pp. 166-169.

J. Steensgaarf, “Bootstrapped Low-Voltage Analog Switches®, Proceedings of
IEEE International Symposium of Circuits and Systems, May 1999.

P. Minogue, “A 3V GSM Codec”, IEEE Journal of Solid-State Circuits, Vol. 30,
Dec. 1995, pp. 1411-1420.

A. Bashirotto and R. Casello, “A 1V 1.8 MHz CMOS Switched Opamp SC Filter
with Rail-to-Rail Qutput Swing”, IEEE Journal of Solid-State Circuits, Vol. 32,
Dec. 1997, pp. 1979-1986.

117

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



[69] M. Waltari and K. Halonen, “A Switched-Opamp with Fast Common Mode
Feedback”, Proceedings of ICECS, Vol. 3, 1999, pp. 1523-1525.

118

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Vita Auctoris

NAME: Iman Yassin Taha
PLACE OF BIRTH: Basrah, Iraq

EDUCATION: Basrah Universit, Basrah, Iraq
1988 B.Sc.

University of Windsor, Windsor, Ontario
2004 M.A.Sc.

PUBLICATIONS: Iman Y. Taha and Menal H. Mohammed, “Image enhancement
using dynamic program based algorithm”, First Scientific
Conference of Youth Engineering League”, Baghdad, Iraq, 1993.

Iman Taha and W.C. Miller, “A sigma-Delta Modulator for Digital
Hearing Instruments Using 0.18 pm CMOS Technology”,

Proceedings of the Fourth International Workshop on System-on-
Chip, Banff, Alberta, July, 2004.

119

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



	A SigmaDelta modulator for digital hearing instruments using 0.18 mum CMOS technology.
	Recommended Citation

	tmp.1579714824.pdf.Oxi9U

