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Introduction

This thesis describes the theory, design and realization of continuous-time sigma-
delta (ZA) modulators for IF-to-baseband analog-to-digital (A/D) conversion in
radio receivers. The challenge of the work is to design the ZA modulator with
high linearity, large dynamic range and strong image rejection capabilities. With
this A/D converter (ADC), requirements for a receiver architecture in terms of
selectivity and sensitivity are relaxed, resulting in a cheaper system with a higher
level of integration. In this introduction, general aspects regarding receiver design
and sigma-delta A/D conversion are described. In addition, the main challenges,
motivation and organization of this thesis are presented.

1.1 The world of communication

In today’s world, the market for information and communication technology is
expanding as never before. In the last century, the communication market grew
from zero to about 1 billion telephone connections worldwide [1]. It is to be
expected that this amount will double in the next twenty years (Fig.1-1). Not
surprisingly, wireless communication has become more and more important.
Nowadays, in a modern luxury car, besides a radio, one can also find a cellular
phone, fax, GPS receiver, television or even an internet browser. All these
portable wireless communication systems have receivers to retrieve the
information signals from the outside world. The signals are received by an

CONTINUOQUS-TIME £A MODULATION FOR IF A/D CONVERSION 1




Introduction

antenna, and the desired signal band, for example a GSM channel, is selected
from the total received spectrum. This frequency band undergoes analog filtering,
amplification, frequency modulation and analog-to-digital conversion. Further
signal processing is done in the digital domain by a digital signal processor
(DSP).

Important trends in the receiver design for wireless portable applications are:
smaller product sizes, cheaper products and longer stand-by times. Products can
be made smaller and cheaper by increasing the level of integration. This means
on-chip integration of external components, such as inductors and filters. For
example, in the last eight years, the total component count for a GSM RF front-
end has reduced from 500-600 components down to only 150 [2]. Herein, an
important role can be played by the A/D converter. Shifting the A/D converter
towards the antenna side of the receiver, allows more digital integration of
(external) analog functions on a single digital chip. However, this requires an A/D
converter with high linearity, dynamic range and bandwidth capabilities
(chapter 2), which conflicts with the low-power requirements for a long stand-by
time; A great challenge for mixed-signal designers!

2B

|8 wireline @ Wireless 1B

1898 1918 1938 1958 1978 1998 2018

Fig. 1-1  Total number of wireline and wireless phone connections
worldwide [1] (courtesy of P.P. ‘t Hoen)
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1.2 Sigma-delta A/D conversion

1.2 Sigma-delta A/D conversion

Signals that are progressing continuously in time and amplitude are classified as
analog signals. An analog-to-digital converter produces a digital representation of
the analog input signal by sampling the input signal at discrete time moments and
quantizing the amplitude of the input signal in discrete amplitude levels. Due to
the finite number of quantization levels, the quantization process causes errors,
which set the maximum achievable resolution. The resolution of the ADC can be
improved by increasing the number of quantization levels. In a sigma-delta
modulator, additional techniques are used to achieve higher accuracy, namely
oversampling and noise-shaping. Oversampling means that sampling of the
analog input signal is done with a sampling rate higher than the minimum
required Nyquist frequency, which is twice the signal bandwidth. Accordingly,
the oversampling ratio (OSR) is defined as

A

OSR =
2f

(1-1)

where f is the sampling rate and f;, is the signal bandwidth. Noise-shaping implies
filtering of the quantization errors, in order to shape their frequency response. As
a result, the quantization error power is reduced in the frequency band of interest,
while it is increased outside that band. This way, high resolution can be obtained
in a relatively small bandwidth. The general model of a single-loop sigma-delta
modulator is shown in Fig. I-2a [3]. Basically, a sigma-delta modulator consists
of a loopfilter, performing the noise-shaping, a low resolution quantizer, which is
oversampled, and a feedback loop. The loopfilter can be a lowpass or bandpass
filter. A first-order lowpass filter is an accumulator in the discrete-time domain or
an integrator in the continuous-time domain. The quantizer can be modelled as a
summation node for the loopfilter output signal and the quantization error E,,
(Fig.1-2b).

$e—m

X — - fiter t— A/D Y X\ *r_ delay

Ya

(®) (b)
D/A

Fig. 1-2  General model of a XA modulator (a); Discrete-time
model of a first-order lowpass ZA modulator (b)
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The delay cell with the positive feedback path is the mathematical model of an
accumulator. The output Y of the sigma-delta modulator of Fig.1-2b is equal to

Y, = Xy~ (Bg=Ep_y) (-2

where X is the input signal. It can be observed from Eq. (1-2) that the modulator
passes the input signal unchanged, with one sampling period delay, while the
quantization error is differentiated. For highly oversampled (slow varying) input
signals, the average of the quantization errors is close to zero. For high-frequency
input signals, the quantization error becomes large. Fig.1-3 shows a typical
frequency spectrum of the output Y of a first-order sigma-delta modulator. The
horizontal axis represents the (relative) frequency axis, and the vertical axis shows
the signal amplitude in decibels (dB). The frequency of the input signal is 1000
times lower than the sampling rate (500 times oversampled) and can be observed
at spectral position 103, The quantization errors of a first-order XA modulator are
discrete tones in the frequency spectrum. The power of the tones is small at low
frequencies and large around half the sampling frequency. The high-frequency
quantization noise is filtered out by a decimation filter [4], [S] behind the
modulator. More effective noise-shaping is achieved with a higher-order ZA
modulator which has more accumulator/integrator stages. However, due to the
feedback loop, higher-order modulators suffer from stability problems, and
frequency compensation is needed to stabilize the loop (chapter 3).

Output spectrum
20 = ;::éiﬂ :
.40 R
g eor
5
-3
S 8ot
100 |
120 b N
10™ 10° 10? 10"
Frequency (w/os)

Fig. 1-3  Simulated output frequency spectrum of a first-order
single-bit ZA modulator (input signal at 1 07)
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1.3 System level simulation

1.3 System level simulation

A powerful method to quickly predict and validate the performance of a £A
modulator is simulation of a numerical model at the system level. In this thesis,
numerous system level simulations have been performed, with certain non-ideal
behaviour included. This way, the effect of non-idealities can be investigated in a
matter of minutes, without the need to go through the whole design process. It
will be shown in chapters 4 and 5 by means of chip realizations and experimental
results, that system level simulations are very useful to predict the effect of non-
idealities. The system level simulations have been done with a software tool,
which has been developed with MATLAB®. A screenshot of the graphical user
interface is shown in Fig. 1-4. The tool consists of an input panel for the Nyquist
bandwidth, oversampling factor, input frequency, amplitude, data filter, and other
parameters. With these input parameters, the model of the XA modulator is
simulated over a number of periods. The output bitstream is filtered and the
frequency spectrum is shown in the result window. Performance parameters, such
as signal-to-noise ratio, harmonic distortion, and image rejection can be extracted
directly from the frequency spectrum.

elta Simulstar Vession 1.1 2000

Progect

Output spectrum

Setup file
DEMIFA)
Nyast OsR

Periods SO58 |

Jittes Ottset

Frequency Ampl

Nosv/Amphitude
§ W Sound i6id Scale TFComplex 10 Data NG NAME

Fig. 1-4  GUI of software tool for system level LA simulation
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1.4 Motivation and objectives

The main practical motivation for the work in this thesis, is the demand for high-
performance and low-power A/D converters in receivers. With a high
performance A/D converter, the level of integration of a receiver can be increased,
for example by means of digital filters. Increasing the level of integration reduces
component count, cost, and product size. This implies higher demands on the
ADC concerning linearity, dynamic range, input frequency and bandwidth. In this
thesis three main subjects have been investigated which are

¢ linearity
® power consumption
® image rejection performance

Low-power consumption is an important issue in battery-powered applications,
like mobile phones. Improving the performance, while reducing the total power,
requires new design topologies and innovative solutions. This is an important
scientific motivation for exploring the relations between power and performance.
The total power consumption can be minimized at three levels in the top-down
design process

* optimal system architecture
e analog integration of functional blocks

e circuit level low-power optimization

This thesis describes the results of these three design steps. First, the place of the
ADC in the total system architecture is analysed, which has a strong relation with
the required performance. The second objective is the reduction of power by
combining different functional blocks with the ADC, and analyzing the power-to-
performance relations. The last objective is the design of a prototype test chip to
show that high performance can be realized at low-power consumption.

1.5 Organization of the thesis

In this thesis the theory and design of continuous-time XA modulators for IF-to-
baseband A/D conversion is described. In chapter 2, it will be shown that the
required performance of the ADC depends very much on its place in the receiver.
Single-bit continuous-time XA modulation is a good technique for A/D
conversion in receivers, as it incorporates inherent anti-aliasing filtering, excellent

6 CONTINUOUS-TIME XA MODULATION FOR IF A/D CONVERSION



1.5 Organization of the thesis

linearity performance, and low-power capability. All these performance aspects
are particularly important in battery-powered receivers. The main performance
parameters are described and a figure-of-merit is presented that can be used for
comparison between different designs. Moreover, A/D converter specifications
for GSM mobile phone and AM/FM radio are presented, which are the main
applications of this work.

In chapter 3, the theory of higher-order continuous-time XA modulation is
described. Important aspects, determining the performance of a continuous-time
ZA modulator, are quantization noise, DC tones, intersymbol interference, clock
jitter, and aliasing. The design of higher-order filters is described, with
Butterworth and inverse-Chebyshev filter characteristics. With the availability of
quadrature signals in a radio receiver, the theory of quadrature ZA modulation is
treated as well.

Chapter 4 presents the theory, design, and realization of a continuous-time XA
modulator with integrated mixer for A/D conversion of IF signals. The work
focuses on high linearity performance and low-power consumption of the
modulator. Theoretical results and measured performance of the prototype chips
are analysed.

The design of a quadrature XA modulator can be found in chapter 5. The
modulator consists of two IF XA modulators as presented in chapter 4. The focus
of this work is the image rejection performance. The main sources responsible for
a finite amount of image rejection are given. To improve image rejection
performance, a novel dynamic element matching algorithm is presented, which is
based on the complex output data of the quadrature ZA modulator. Careful
implementation of the dynamic element matching circuit is required, as the
modulator is very sensitive to parasitic non-idealities.

In chapter 6, the main conclusions are summarized. The performance of the
prototype test chips that have been described in this thesis are compared with
other state-of-the-art test designs from literature.

CONTINUOUS-TIME XA MODULATION FOR IF A/D CONVERSION 7
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A/D conversion in radio
receivers

2.1 Introduction

The main function of a radio receiver is the reception of a, possibly weak, desired
channel from a wideband frequency spectrum containing strong interference
signals, with a minimum specified signal-to-noise-and-distortion ratio. To
accomplish these tasks of selectivity and sensitivity, filters and amplifiers are
needed to suppress interference signals and to increase the desired channel power
respectively. In general, the analog building blocks determine the sensitivity of
the receiver and the filters determine the selectivity. Because the desired channel
band may be modulated at a high frequency (GSM channels near |GHz), mixers
are also used to translate the channel to more appropriate lower frequencies. The
analog-to-digital converter (ADC) is becoming an important part of the receiver
architecture. The place of the ADC determines which functions are implemented
with analog circuitry and what functionality is done in the digital signal
processor. As the size of digital circuits as well as the supply voltage (and power)
decreases with each new technology generation, putting more functionality into
the DSP is required to take advantage of these trends. Moreover, analog signal
processing functionality such as filtering and frequency translation, can be
performed by the DSP with almost any degree of perfection required. In this
chapter, the place of the ADC in the receiver architecture is discussed in

CONTINUOUS-TIME £A MODULATION FOR IF A/D CONVERSION 9




A/D conversion in radio receivers

section 2.2. In section 2.3 motivations are given for using a ZA modulator as A/D
converter in a receiver. Shifting part of the selectivity into the DSP requires an
ADC with a large dynamic range and high linearity. These and other performance
parameters are described in section 2.4. In section 2.5 some important issues
concerning GSM mobile phone, and AM/FM radio specifications are highlighted,
which are the applications of the work in this thesis. The conclusions of this
chapter are summarized in section 2.6.

2.2 From baseband to RF A/D conversion

Basically, the architecture of a radio receiver front-end consists of an antenna, an
analog signal processing part, an A/D converter, and a digital signal processor
(Fig.2-1). The place of the A/D converter in a receiver front-end is of great
importance as it affects overall performance, complexity, power consumption,
and cost. In today’s commercial receivers, the analog part includes an RF Bipolar
chip e.g. for the low-noise amplifier (LNA) [1] and external filters, inductors,
capacitors, etc. The digital part includes a single digital CMOS chip. The analog
part significantly adds to the total component count which has a substantial
impact on size and cost.

antenna
multiple chips
RF/IF
ADC DSP
analog digital
T% output
11
p ——
AV
"I

external components
Fig. 2-1  Partitioning of a receiver front-end

Shifting analog functions such as filters, mixers and amplifiers into the digital
domain or, in other words, moving the A/D converter towards the antenna,
reduces the complexity of the receiver. However, as the A/D converter moves
closer to the antenna side, the required performance specifications for the ADC
become very stringent. In section 2.2.1, the traditional superheterodyne receiver
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2.2 From baseband to RF A/D conversion

with baseband A/D conversion is shown. Moving the A/D converter to the
antenna side, finally results in the ultimate digital receiver (section 2.2.3),
however with (yet) impossible ADC specifications.

2.2.1 Heterodyne receiver with baseband A/D conversion

The model of a traditional superheterodyne receiver architecture is shown in
Fig.2-2. The antenna signal is filtered by a wideband bandpass filter and
amplified by a low-noise amplifier. The desired channel, modulated at a radio
frequency (RF), is mixed down to a lower intermediate frequency (IF), which for
example is 10.7 MHz in FM radio applications [2]. External narrowband channel
filters with high selectivity, such as ceramic filters or SAW filters, are available at
this IF. The first LO frequency (f; ;) is tuned to select the desired RF channel.
Before frequency translation, an image rejection (IR) filter reduces signal power
at the image frequency. The channel filter passes the desired IF channel, and
suppresses adjacent channels by about 30-40 dB. A variable gain amplifier with
automatic gain control (AGC) fits the signal power into the dynamic input range
of the subsequent blocks. Two IF mixer stages, driven by quadrature local
oscillator signals (frpz; and fyp; ), convert the IF channel to DC or a low
frequency. Quadrature mixing of the signal to in-phase (I) and quadrature-phase
(Q) channels is required to achieve a sufficient amount of image suppression
(section 2.4.3). After quadrature mixing, the I and Q channels at baseband are
filtered by lowpass anti-aliasing filters (section 3.2.6) and digitized. Further signal
processing is done in the DSP. Requirements for the A/D converters in the
superheterodyne receiver regarding dynamic range, linearity, and bandwidth are
relaxed because of all the filters, in particular the channel filter, preceding the A/D
converters.

AGC
antenna ]
A1
anti-al.
RE % DsP
AU
anti-al.

floza

Fig. 2-2  Traditional superheterodyne receiver architecture
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In addition, the baseband channel can be digitized at a relatively low sample rate.
Therefore, power efficiency of the ADCs is high{3]. Image rejection
requirements strongly depend on the choice of the second IF frequency of the
quadrature signals. If the quadrature channel is translated to a low frequency
(low-IF downconversion), the image signal and desired channel are not related,
and the image signal may be stronger than the desired channel (Fig.2-3a).
Therefore, image rejection should be large and in the order of 80-90 dB. The
channel filter suppresses the image signal with 40 dB and another 40 dB of
rejection must come from the quadrature demodulation.

Fig. 2-3  (a) Downconversion to low-IF; (b) Downconversion to
zero-IF

The main advantage of low-IF downconversion is that offset as well as flicker
noise do not interfere with the desired signal. This is not the case if zero-IF
downconversion is performed (Fig.2-3b). As the desired channel is mixed down
to DC, offset and flicker noise are present in the middle of the signal band and
interfere with the signal. However, in case of zero-IF downconversion, the image
and the desired signal are the same. The quadrature signals are used to reconstruct
the original upper and lower modulation sidebands. The required accuracy of the
quadrature signals depends on the modulation technique which is used. For
example, a 1 dB amplitude imbalance and 5-degree phase imbalance are
acceptable for a QPSK-OFDM-QAM system [4].
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2.2 From baseband to RF A/D conversion

2.2.2 Heterodyne receiver with IF digitizing

An alternative receiver architecture, which is growing more popular, is the
heterodyne receiver with IF A/D conversion (Fig.2-4). The ADC is shifted in
front of the IF mixers and quadrature modulation is performed by the DSP, with
low-power consumption and perfect linearity and matching for excellent image
rejection performance. Moreover, an IF A/D converter is insensitive to DC offset
and low-frequency noise. As quadrature mixing is done in the digital domain,
only one ADC is required. The channel filter in front preserves the moderate
dynamic range, bandwidth, and linearity requirements for the ADC. A drawback
is that the sample rate of the ADC is at least twice the IF of the input channel.
Furthermore, linearity and dynamic range requirements are more difficult to meet
at higher frequencies due to circuit non-idealities and parasitic effects. These
constraints make the ADC for IF digitizing much less power efficient, especially
if the IF is high, compared to a baseband ADC. In [5] - [9], numerous designs are
proposed for bandpass A/D conversion in radio receivers.

antenna

AP

LNA ;IR filter

« mixer

%4m>—~ AD }—| DsP

channel VGA
filter

Fig. 2-4  Heterodyne receiver architecture with IF A/D converter

The next step is to shift the A/D converter in front of the channel selection filter
(Fig.2-5) [10]. A wideband ADC digitizes all channels and channel selection is
implemented in the DSP. This is especially advantageous in a base station for
cellular phones, where only one receiver board is required with this architecture
for processing all channels. In this case a higher power consumption can be
allowed. Another aspect of this architecture is the flexibility in adapting to system
changes, by only changing software programs [11]. However, the lack of analog
prefiltering by a channel filter and amplification by a VGA puts heavy linearity
and dynamic range requirements onto the ADC.
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antenna

RE AD |—{ Dsp

&

>

LNA IR filter

Fig. 2-5  Receiver architecture with wideband IF A/D conversion

2.2.3 Receiver architecture with RF digitizing

The ultimate digital receiver architecture is shown in Fig.2-6. The A/D converter
is only preceded by an RF bandpass filter and an LNA, which may have some
AGC. Signal processing such as frequency translation, channel filtering, and
signal demodulation is done all in one digital chip. Requirements for the A/D
converter in this architecture are extremely heavy, as it has to handie the full
antenna receiving power. This means the converter should have high dynamic
range, high linearity, large bandwidth at high (RF) frequencies. If it were possible
to design, the ADC in this architecture would most likely consume an excessive
amount of power. Yet, attempts have been made to explore the boundaries of RF
A/D conversion [12], [13].

antenna

RF%—[§>— AD ——Dssp

Fig. 2-6  Receiver with RF A/D conversion

2.3 Sigma-delta modulation in a heterodyne receiver

It was explained in section 2.2.1 that the ADCs in the traditional heterodyne
receiver architecture have relaxed requirements, as the desired channel is already
selected and converted to baseband. In[14]-[17] it is shown that high
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2.3 Sigma-delta modulation in a heterodyne receiver

performance and low-power A/D converters, based on the principle of XA
modulation, are available for baseband signal conversion. A modulation is a
widely used technique for high-performance and low-power A/D conversion of
relatively low-bandwidth signals. Numerous designs have been presented for
audio and radio applications [S] - [9], [14]-[17]. In particular, lowpass
continuous-time XA modulation is suitable for application in the receiver
architecture of Fig.2-2, due to its low-power capability, high linearity and
inherent anti-aliasing filtering (shown in the upper quadrature path in
Fig.2-7) [3]. These issues are discussed in detail in chapter 3. It was shown in the
previous sections that digital integration of filters and mixers, in respect to a
traditional receiver with baseband A/D converters, results in tough linearity,
dynamic range, and bandwidth requirements. In addition, these requirements are
much more difficult to meet at intermediate frequencies, let alone radio
frequencies. Hence, digital integration of the second IF analog mixers
(section 2.2.2) would require a more difficult and less optimal A/D converter in
terms of performance and power consumption.

ZA modulator
antenna
B Ay
channel VGA
filter : | AD | Q
Ry
! IF £A modulator

floza

Fig. 2-7  Receiver architecture with continuous-time baseband A
modulator (shown in upper path quadrature) and with
continuous-time IF-to-baseband XA modulator (shown
in lower quadrature path).

In this thesis a technique is investigated to integrate the IF mixer with a lowpass
ZA modulator in the analog domain (chapter 4). This mixer and ZA modulator
topology will be referred to as IF-to-baseband XA modulator (or IF ZA
modulator). It is shown that the IF £A modulator (lower path Fig.2-7) provides
highly linear mixing, while power consumption is determined by the low-power
ADC only. Moreover, two IF ZA modulators in a quadrature configuration have a
unique ability of dynamic-element-matching (DEM) for image rejection
improvement (chapter 5). The DEM algorithm is based on the complex bitstream
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output of the quadrature ZA modulator (Fig.2-8). The result is a system with good
image rejection performance.

quadrature IF ZA modulator

antenna
AY 14
"Eﬁg‘ E’%—D‘ fioal DEM DSP
channel VGA
filter Xl ap |-
Y
I
floza

Fig. 2-8  Quadrature IF-to-baseband XA modulator with complex
data dependent DEM

2.4 Performance parameters

In the previous section, the most important specifications for A/D converters
embedded in a receiver architecture have been distinguished. These are dynamic
range, linearity, image rejection, and power consumption. It was shown that the
specifications strongly depend on the place of the A/D converter in the receiver. In
this section, the ADC performance parameters are explained. In the final section,
a figure-of-merit is defined, based on these parameters, for an objective
comparison between different A/D converters.

2.4.1 Dynamic range

One of the important performance parameters of an A/D converter is dynamic
range. In literature a number of different terms occur, indicating dynamic range
performance, with only minor differences. The main definitions which are used
throughout this thesis have been listed below.

Dynamic range (DR) - ratio between maximum signal power and minimum
detectable signal power within a specified bandwidth.

Signal-to-noise ratio (SNR) - ratio between signal power and noise power within
a certain bandwidth.
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Peak SNR - ratio between maximum signal power and noise power within a
certain bandwidth.

Resolution - smallest output step, or least significant bit (LSB), indicating a
change of the input signal.

It should be noted that these performance parameters are all relative numbers.
Information about the (maximum) input power is needed for a complete
qualification.

2.4.2 Linearity

A parameter which is particularly important in receivers is linearity. Non-linearity
introduces distortion components, which should be weaker than the minimum
detectable signal power. Different definitions, specifying linearity of the system,
can be distinguished.

Harmonic distortion (HDx) - ratio between signal power and power of distortion
component at x™ harmonic of signal frequency. Commonly, the second and third
harmonic components, which are indicated as HD2 and HD3 respectively, are the
most important (Fig.2-9a).

Spurious-free dynamic range (SFDR) - ratio between maximum signal carrier
and the maximum (in-band) distortion component (Fig.2-9b).

Intermodulation distortion (IMx) - modulation of multiple signal tones, due to
non-linearity, to spectral positions which are combinations of the signal
frequencies. Fig.2-9c shows a frequency spectrum with two signal tones at @; and
, respectively. Due to second-order and third-order distortion, intermodulation
tones occur at spectral positions ,-0; (and ®;+0,) and 20;-®, (and 2m,-0,),
respectively. Intermodulation distortion is defined as the distance between the
carrier power of a signal tone and the power of the specified xMorder
intermodulation distortion tone. Again, the second-order and third-order
intermodulation tones, which are defined by IM2 and IM3 respectively, are
usually the most important.

Intermodulation intercept point (IPx) - (theoretical) signal carrier power for
which the power of the specified xP-order intermodulation distortion tone is equal
to the signal carrier power (or in other words, the signal power for which IMx is
0dB). Again, IP2 and IP3 are the most important.
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Cross-modulation distortion (CM) - modulation of spectral content around the
carrier of an interference channel (right side of Fig.2-9d), due to non-linearity, in
the desired signal band (left side of Fig.2-9d). Cross-modulation distortion is
indicated as the distance between the signal carrier power and the cross-
modulation distortion components.

Signal-to-noise-and-distortion ratio (SNDR) - ratio between signal power and
total noise and distortion power within a certain bandwidth.

Output spectrum Output spectrum
(@) (b)|
R HD2 | HD3 | SFDR
(o) o
=2 k=)
5 5
Q. Qo
5 =
o o

Frequency (Hz) Frequency (Hz)
Output spectrum Qutput spectrum
Y - (© I (@)
| M2 M3 I CMm interfer.
g i% channel
4 H
3 6

Frequency (Hz) Frequency (Hz)

Fig. 2-9  Harmonic distortion (a); Spurious-free dynamic range
(b); Intermodulation distortion (c); Cross-modulation
distortion (d).
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2.4.3 Image rejection

Frequency translation in a receiver, by means of a frequency multiplier or mixer,
introduces the problem of image interference. Fig.2-10a shows the positive and
negative frequency spectrum of two channels modulated around a frequency f; ).
The light coloured channel at the right of f;), is considered to be the desired
signal, and the dark coloured channel at the left of f; ), is referred to as the image.
When applied to a single mixer, operating at frequency f7 o, both channels are
upconverted and downconverted. The downconverted tones occur around DC
(Fig.2-10b). A single mixer is equally sensitive to signals at both sides of the LO2
carrier. In other words, the result of real frequency translation is a compound
signal band, containing the spectral contents of both channels around f; ;. If the
desired and image signals represent two different radio channels, a mixture of
both channels would be audible after frequency translation. To handle this
problem, which is known as image interference, the technique of quadrature
demodulation is used.

In the complex domain, a sinusoidal signal can be represented by the sum of a
positive and a negative frequency component according to

eJOI+Q - jot-¢

cos(t + @) = 5 5 2-1)
ot - jor—0
sin(wt+ @) = ¢ 2j+ ®_e ]2]_

where j is the complex operator, ® is the frequency (rad/s) and ¢ the phase (°). It
becomes clear from Eq. (2-1) that the positive and negative frequency terms of a
cosine have equal phases, while the frequency terms of a sine are 180° out of
phase. Moreover, comparing both signals shows that the phase differences
between the positive and negative frequency terms of the cosine and sine signals
are 270° and 90° respectively. This difference in phases is used to select either the
positive or negative frequency component of a sinusoidal signal through complex
adding or subtracting. This is shown mathematically by the following relations

cos(OF + @) + jsin(wf + Q) = e/OI+¢ 2-2)
cos(®f + Q) — jsin(®f + Q) = e~ JOI-9

Consider the positive frequency term being the desired signal and the negative
term as the image. By complex adding of quadrature signals, according to
Eq. (2-2), the desired signal (positive frequency) is selected while the image
(negative frequency) is cancelled out. Complete cancellation of the image occurs
if the quadrature signals have
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® equal gains
o exactly 90° phase difference

If the signals in Fig.2-10a are mixed by two identical mixers with 90° phase
difference, quadrature signals are available at the output of the mixers. This
implies that the desired signal can be distinguished from the image signal by
complex adding of the quadrature mixer outputs. Fig.2-10c shows the complex
frequency spectrum of the signals of Fig.2-10a after quadrature demodulation. In
the positive frequency plane the desired signal band is present, while the image
only appears in the negative frequency plane.

Due to mismatch, quadrature signals which are generated in the analog domain,
do not exactly meet the gain and phase requirements. Taking into account a
relative gain error Aa and a phase error Ag, Eq. (2-2) changes to

(1 + Aa)cos(mt + AQ) + jsin(or) = e/O + (A“‘z—ﬂe—iw (2-3)

for small error values. Eq. (2-3) shows that a suppressed image term is present.
The distance between the power of the image in the negative plane and the
‘leaked’ image in the positive frequency plane is called the image rejection (IR)

4
IR =10 - lo, (—-———-) 2-4
B\aaZ+ Ag? 24

Example 2.1: In the case of a phase error of 0.5° and a gain error of 1% the
image rejection is 46 dB, which means that the image signal is 46 dB lower
than the carrier of the desired signal.

Fig.2-10d shows the complex spectrum of the signals of Fig.2-10a after
quadrature frequency translation with a phase and gain error between the
quadrature signals. The distance between the power of the image signal in the
negative frequency plane, and the power of the image leakage in the positive
frequency plane is the image rejection. For a state-of-the-art technology, typical
image rejection ratios of about 45-50 dB can be achieved, based on matching. For
many applications, this amount of image rejection is not sufficient. Other
techniques can be used to further reduce image interference. The channel filter
(Fig.2-2) already suppresses the image signal by 40 dB. Moreover, active or
passive image rejection filters [18], [19], double quadrature mixers [20], [21], and
dynamic element matching (chapter 5) effectively improve image rejection.
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Fig. 2-10 Double-sided frequency spectrum of two channels
modulated around LO frequency fio; (a); after real
frequency modulation with fio, (b); after ideal
quadrature frequency modulation (c); after non-ideal
quadrature frequency modulation (d).

2.4.4 Figure-of-merit

With the parameters of the previous sections, the performance of different A/D
converters can be compared. A useful tool for an objective comparison is the
figure-of-merit (FOM). In literature, different FOMs can be found. In [17], [22]
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an FOM is presented, expressing the power efficiency of an A/D converter in
relation to the dynamic range (power) in a certain bandwidth

FOM = ‘W—DPRE‘X (2-5)

where T is temperature (K), k is Boltzman’s constant (J/K), BW is the bandwidth
(Hz) and P the power consumption (W) of the ADC. The FOM of Eq. (2-5) is
equal to 1 for an integrator, implemented by an ideal class B amplifier [17]. This
FOM does not contain linearity performance of the ADC, which is important for
ADC:s in receivers. Another FOM, which does include distortion, is related to the
SNDR rather than DR

FOM = 4kT~S1\;DR-BW 2-6)

Because of the inclusion of distortion, the SNDR is always equal to or lower than
the DR performance. Therefore, the FOM of Eq. (2-6) gives a lower value than the
FOM of Eq. (2-5). With a FOM, only a rough comparison is made between
different implementations. Other parameters, such as maximum input power,
supply voltage or chip area, have not been taken into account and may be evenly
important for particular applications. In chapter 6, different ADC designs from
literature have been compared with the designs in this thesis, using the FOM of

Eq. (2-6).

Example 2.2: Consider the following data: SNDR is 90 dB ( 109), BW is
100 kHz (10°), and Pis 0.1 W (10'1). Substituting this data in Eq. (2-6) gives a
FOM of 16.6*10°S.

2.5 GSM and AM/FM radio specifications

In Europe, the GSM transmit bands from a base cell station are modulated in the
935-960 MHz band, containing 125 channels of 200 kHz bandwidth. The
modulation technique is Gaussian minimum-shift-keying (GMSK) with a data
rate of 270.833 Kbits/sec. The minimum power of a desired channel at the
antenna of the receiver is specified to be -104 dBm. To have sufficiently low bit
error rate (BER), 9 dB of SNDR is required. This implies that the power of total
in-band noise and distortion should be as low as -113 dBm. Total power of the
adjacent interference channels in the GSM band can be up to -23 dBm, resulting
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in a dynamic range of 90 dB. Usually, the 200 kHz signal band is frequency
translated to an IF of 10.7 MHz. Depending on the amount of AGC, typical DR
and linearity requirements are 60-70 dB, after 200 kHz channel selection. Much
better DR and linearity performance, in the order of 90 dB, is required, if A/D
conversion is performed before analog channel selection and amplification.

antenna
AGC
Front | IF | ~x_/
End % AD DSP
FM filter r

X AM _J
% detect
AM fiter VGA

Fig. 2-11 Model of AM/FM receiver with A/D converter

The FM band, containing 100kHz channels in Europe and 200kHz channels in the
United States, ranges from 65 MHz to 108 MHz. Fig.2-11 shows a block diagram
of an AM/FM receiver with A/D converter. The FM channel is demodulated after
channel filtering, typically at an IF of 10.7 MHz. Again, 10 to 11 bits of
resolution in a 200kHz FM band may be sufficient to achieve the noise
requirements [23]. The AM receiver shares the front-end and channel filter of the
FM receiver. Downconversion is performed to a second IF (IF2) of typically
455 kHz. Selectivity is obtained by a 9 kHz AM channel filter. The same ADC as
for the FM digitizing can be used for AM digitizing. Shifting the ADC through
the AM receive path yields the simplified system of Fig.2-12. AM and FM
digitizing is performed at the 10.7 MHz IF and FM demodulation is done by the
DSP. For FM reception, neighbouring FM channels are suppressed by the FM
channel filter. Depending on the amount of AGC, the DR at the input of the ADC
is about 70 dB. For AM reception, neighbouring AM channels are not suppressed
by the FM channel filter. The filtered frequency band at the output of the 200 kHz
FM channel filter contains about 20 AM channels. The required DR as well as the
linearity of the ADC need to be larger than 90 dB to handle these AM channels.
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Fig. 2-12 Model of FM/AM receiver with IF digitizing

Some of the key issues in this thesis are dynamic range and linearity of the ADC.
Increasing the performance of the ADC may result in relaxed requirements for the
channel filter in the receiver path and a higher degree of integration. However, a
cheaper channel filter with a low quality factor provides less filtering of direct
neighbouring channels. Therefore, suppression of the image channel, in the case
of low-IF receivers, is also less effective. This implies that the image rejection
requirement for the ADCs in a quadrature configuration becomes more stringent
as well.

2.6 Summary

In this chapter some important performance parameters for the A/D converter in a
radio receiver have been described. It was shown that the performance
requirements strongly depend on the place of the A/D converter in the receiver.
For reasons of cost, size and complexity reduction, an important trend in receiver
design is digital integration of analog functionality, such as mixers and filters.
Shifting the A/D converter towards the antenna side of the receiver results in
tough requirements regarding dynamic range and linearity. These requirements
are more difficult to meet at higher frequencies, due to circuit non-idealities and
. parasitic effects.

Baseband A/D converters in the traditional heterodyne receiver of Fig.2-2 have
the most relaxed requirements. This is because interference signals have been
filtered out by the channel filter and the desired channel is modulated down to DC
or a low-IF frequency. At DC or a low-IF frequency, high linearity performance is
achieved easily, as the low frequency (DC) gain of an amplifier can be high.
Therefore, for high performance and low-power consumption of the A/D
converter, the heterodyne receiver architecture of Fig.2-2 with the analog mixers
should be preserved.
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Digital integration of the channel filter in GSM or radio receivers puts heavy
linearity (and image rejection) requirements on the VGA, quadrature mixers, anti-
aliasing filters and A/D converters. A single-bit continuous-time baseband XA
modulator has the ability of performing highly linear A/D conversion. Moreover,
as sampling is done after filtering of the input signal by the continuous-time
loopfilter, it has an inherent anti-aliasing filter. In this thesis, the combined design
of a mixer and continuous-time XA modulator is investigated for high
performance IF-to-baseband A/D conversion (chapter4). With this A/D
converter, channel filter requirements can be relaxed. Besides linearity and
dynamic range, high image rejection performance is required as well. In
chapter 5, the image rejection limits of the IF-to-baseband ZA modulator in a
quadrature configuration are investigated.
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Continuous-time
sigma-delta modulation 3

3.1 Introduction

In 1954, a patent was filed by Cutler [1] of a feedback system with a
low-resolution quantizer in the forward path. The quantization error of a quantizer
was fed back and subtracted from the input signal. This principle of improving the
resolution of a coarse quantizer by use of feedback is the basic concept of a
delta-sigma or sigma-delta converter [2]. In 1962, Inose et al. [3] came up with
the idea of adding a filter in the forward path of a delta-modulator [4], in front of
the quantizer. This system was called a ‘delta-sigma modulator’, where ‘delta’
refers to the delta-modulator, and ‘sigma’ refers to summation by the integrator.

In this chapter, the theory and design of a continuous-time sigma-delta modulator
is explored. In section 3.2 the basic theory of sigma-delta modulation is
explained. Stability analysis of a linear model of a continuous-time sigma-delta
modulator is performed in section 3.3 and in section 3.4 the filter design of
higher-order lowpass filters has been elaborated. Finally, the design of a complex
filter for a quadrature sigma-delta modulator architecture is presented in
section 3.5.
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3.2 Theory of sigma-delta modulation

In this section, the basic theory of XA modulation is described and the main
non-idealities which determine the overall performance. The principles of
oversampling and noise-shaping are explained in section 3.2.1. The error of the
quantization process is assumed to be white noise for simplicity of the
analysis [S]. However, analyzing the quantization spectrum (section 3.2.2) shows
that it is far from white, but contains periodic, offset-related sequences which
introduce tones in the output spectrum. As noise imposes a limit on the minimum
detectable input signal, distortion affects the performance for the maximum input.
In section 3.2.3, the effect of distortion due to non-linearity of the input stage of
the loopfilter is calculated. Intersymbol interference (section 3.2.4) is caused by
waveform asymmetry of the feedback pulses and forms another source of
non-linearity in continuous-time XA modulators. Besides quantization noise and
tones, phase jitter of the reference clock also adds noise to the system, which
decreases the maximum obtainable signal-to-noise ratio (section 3.2.5). Finally,
the subject of aliasing is discussed in section 3.2.6, as it is of great importance for
a XA modulator when used in a receiver.

3.2.1 Oversampling and noise-shaping

The principle of operation of a £A modulator is explained by the block diagram of
a single-loop ZA modulator (Fig.3-1). The modulator consists of a loopfilter
which in its simplest form is an accumulator or integrator. The filter output is
sampled and quantized by an A/D converter which introduces a quantization error
E. The digital output signal is subtracted from the analog input via a D/A
converter in the feedback path. The error E due to the quantization process is the
difference between the analog quantizer input signal and the quantized output.
Suppression of the quantization error in a XA modulator is provided by two
mechanisms: oversampling of the signal bandwidth and shaping of the noise by
the loopfilter. Because the reduction of the quantization error by these
mechanisms is so effective, a high-resolution digital output is obtained, using
only a low-resolution quantizer. In the extreme case a one-bit quantizer with two
output levels is sufficient. In this section, the prinicples of oversampling and
noise-shaping are briefly introduced.

Oversampling

A one-bit quantizer generates a bitstream pattern with output levels /2, where
q is the quantization step size. The bitstream spectrum contains information about
the input signal and a quantization error, which is introduced by the quantizer.
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Fig. 3-1 Model of a single-loop continuous-time LA modulator

For simplicity, the quantization error is assumed to have a white noise
spectrum [5] and the total power of the quantization error signal equals [2]

2
ezrms = (11_2 (3-1)

The power spectral density of the sampled quantization error signal is
q fs
E(f)y = g7 0sf<35 (3-2)

where f; is the sampling frequency. This equation shows the relation between the
quantization noise power and sampling frequency. It appears that the higher the
sampling frequency, the lower the noise power density. This is the principle of
oversampling. The integrated noise power within a fixed signal bandwidth
decreases if the sampling rate is increased. In mathematical terms, the total
in-band quantization noise power equals

2
b € rm
Ny = ff) EDS = Gsr @3-3)

where f;, is the signal bandwidth. The oversampling ratio OSR is the ratio between
the sampling frequency and the Nyquist bandwidth (twice the signal bandwidth)

Sy
OSR = -~ 3-4
27, (3-4)
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The dynamic range is defined as the ratio between the in-band noise power and
the maximum power of the input signal. The maximum input power is about a
factor of 4 smaller than the quantizer output power [6]

P, = @2 (3-5)

Noise-shaping

For low frequency signals, the DAC in the feedback path has a gain of
approximately 1. Fig.3-2 shows a highly simplified linear model of a
continuous-time XA modulator. Using this model, the output Y(s) of the XA
modulator is determined

H(s)

YO = TH®

- X(s8)+ - E(s) (3-6)

1
1+ H(s)

where X(s) is the analog input signal and H(s) is the loopfilter transfer function.
The first term of the right-hand side of Eq. (3-6) is the signal transfer function
(STF) and the second term is the noise transfer function (NTF). If H(s) has a
lowpass filter characteristic with high DC gain, then for low-frequencies, the
signal transfer function is close to 1, while the quantization error tends toward
zero (N'TF is 0). For frequencies close to half the sampling frequency, the input
signal is filtered and the quantization error becomes large. This shows that the
quantization noise density function is not constant over frequency, but has a
shaped frequency spectrum. This is the principle of noise shaping.

E(s)

X(s) —=P—+{ His) @ Y(s)

fiter

Fig. 3-2  Simplified linear continuous-time ZA modulator model

In the next section, the quantization error spectrum is described in more detail.
Although, the white noise assumption is useful for estimating the in-band
quantization error power, it is shown that the quantization error signal consists of
signal dependent sequences, with periodic, offset-related tones for small input
signals.
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3.2.2 Tones

Tones are spectral componenents that are induced by DC oftsets, which generate
periodic quantization error sequences. These periodic quantization errors occur as
discrete peaks in the frequency spectrum with input signal dependent frequencies.
The frequencies of tones are calculated by the empirical relation [2]

g el
fu=nfoiggmn={0,1,2,..} 37

where n is an integer, f; is the sampling frequency, V, is the DC offset voltage and
A is the quantization step size. This phenomenon has been simulated with a model
of a fourth-order 1-bit sigma-delta modulator. Fig.3-3 shows the simulated time
domain quantization error signal in the case of an offset of 3 mV (Ais 1 V) and a
12.96 MHz sampling frequency. Fig.3-3 reveals that the quantization error is
clearly not a random signal but, on the other hand, that periodic sequences are not
easily recognized. The autocorrelation technique offers more insight into the
presence of tones in the time domain signal [2]. With (discrete-time)
autocorrelation, the interdependence between a fixed quantization error sequence
and a sequence shifted in time by m sample periods is determined as a function of
m.

Quantization error

Amplitude
o

0 0.01 0.02 0.03 0.04 0.05
Time (msec)

Fig. 3-3  Quantization error signal of fourth-order 1-bit A
modulator for 3 mV DC input (Ais 1 V)
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Autocorrelation
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Fig. 3-4  Autocorrelation of quantization error signal of Fig.3-3

Output (dB)

P L i
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' Frequency (Hz) x 10°

Fig. 3-5 Output spectrum of fourth-order 1-bit A modulator for
3mV DC input (Ais 1V)
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Fig.3-4 shows the autocorrelation of the quantization error waveform of Fig.3-3.
A periodic sequence can be observed with a period time of 24.5 us (41 kHz).
Fig.3-5 shows the low frequency output spectrum of the ZA modulator with the
DC input. A tone of -128 dB occurs at 41 kHz and the harmonics are at 82 kHz,
123 kHz, and 164 kHz (n is 4, 8, 12 and 16). Moreover, Fig.3-5 shows that the
energy of the tones increases with the frequency. This is due to the decrease in
loopgain at higher frequencies. Therefore, the strongest tone occurs at the end of
the signal band. This can be a serious problem if the gain is not sufficient.

A method to reduce this effect is the use of zeros in the NTF characteristic that
comply with the inverse Chebyshev placement [2]. This way, the NTF gain is
distributed equally within the signal band of interest. These inverse Chebyshev
zeros can be made by adding local feedback (resonator) paths in the loopfilter.
This will be treated in detail in section 3.4.2. Another way of manipulating tones
is applying a dither signal [7] to the input, to decorrelate the quantization errors.
This is beyond the scope of this thesis.

So far, only baseband tones have been investigated. However, at high frequencies
(near half the sampling frequency) tones are present as well and are very strong
due to the lack of loopgain at those frequencies. The tones are situated at

fS |VOS|
1, = 7(1—;1 K ),n = {1,2,3,...} (3-8)
The high frequency tones can be demodulated into baseband by even-order
harmonic distortion [6] or parasitic coupling of a clock signal with a frequency
near half the sampling rate [8], [9]. In the case of second harmonic distortion the
baseband tones occur at

flones = lfnl_fn2l’|fn2_fnl| (3-9)

where f,| and f,; are two high frequency tones. In the case of modulation with
half the sampling frequency the in-band tone will be at

s

ftone = _2' —fn (3-10)

Fig.3-6 shows the simulated quantization spectrum near half the sampling
frequency for a 3mV DC input. A large tone of -10 dB occurs at 6.4795 MHz,
which is located at an offset frequency of 20.5 kHz away from half the sampling
frequency.
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Output spectrum
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Fig. 3-6 High frequency output spectrum near f/2 of XA
modulator with 3 mV DC input
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Fig. 3-7  Output spectrum of LA modulator for 3 mV DC input
and 0.003% modulation at f/2
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When this tone is modulated with half the sampling frequency, it will be
downconverted to 20.5 kHz. In fact, a fraction of the entire noise band near half
the sample frequency will ‘leak’ into baseband. This can be seen from the
simulated spectrum of Fig.3-7. This plot shows the low frequency band of the
output spectrum if a fraction (0.003%) of the bitstream is modulated with half the
sampling frequency. A -100 dB tone occurs in the low-frequency spectrum at
20.5 kHz. Also, the low-frequency noise floor has been raised considerably,
compared to the spectrum of Fig.3-5. This is an important effect which
deteriorates performance easily and careful design attention is demanded. The
subject of high frequency quantization noise demodulation is discussed in more
detail in chapter 4.

3.2.3 Harmonic distortion

In the previous sections, various sources of noise which determine the theoretical
limit of the signal-to-noise ratio have been highlighted. Another performance
parameter is the SNDR, which is particularly important for radio applications as
has been explained in chapter 2. In a single-bit modulator the DAC in the
feedback loop is perfectly linear, as it switches between two quantization levels
only. Therefore, harmonic distortion mainly occurs as a result of non-linearity of
the active elements in the loopfilter. Furthermore, linearity requirements for the
input stage of the loopfilter are most stringent, as distortion of the higher order
stages is suppressed by the gain of the previous stages. In this section, a relation
between the distortion parameter of the input loopfilter stage and the distortion of
the 2A modulator is derived [10].

i fs

Vin_| / N ‘\ . ap DATA-QUT
v Loopfilter
v,
/ dac D/A
Vi

Fig. 3-8  Single-loop one-bit LA modulator with non-linear input
filter stage
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Basically, a continuous-time integrator consists of a capacitor which is charged or
discharged by a current signal. Considering voltage input (v;,) and voltage
feedback signals (v4,,), a voltage-to-current (V/I) converter is needed to drive the
first stage of the loopfilter (Fig.3-8). The active V/I converters are non-linear
devices and the loopfilter input current i as a function of the input voltage v;, and
the DAC voltage v4,. can be expressed as

i= Y 8 Vh— Y & Vi G-11)

n=1 n=1

where g, is the n-harmonic transfer coefficient (assuming that both V/I
converters are identical). Furthermore, the modulator is supposed to be
differential (no even order harmonics) and if the 3" harmonic is the dominant
non-linearity, Eq. (3-11) simplifies into

i=g (Vip=Vya ) + 83 (vin-vdat)3 (3-12)

The error voltage v;, - V4, is the difference between a sinusoidal (input) signal
and a rectangular (DAC) signal (in the case of a single-bit DAC). In mathematical
terms the error signal is

Vin—Vaae = Vin- COS(0;) =21 Voo (3-13)

where V,,, is the input amplitude, o; is the input signal frequency and V. is the
reference level of the DAC. Keeping in mind that the second harmonic distortion
term of the DAC signal is a positive constant and that the third harmonic is equal
to the ground harmonic, the third harmonic of Eq. (3-13) equals

A3 ~ 2

V. .
(Vin=Vaae)® = %cos(:am,.r) -(*1-Vg,)- 2"‘ cos(20;1) (3-14)

discarding the ground harmonic terms. Due to the oversampling and the high
gain, a sigma-delta modulator closely tracks low-frequency input signals.
Therefore, for frequencies much lower than the sampling frequency the following
relation holds

V.= V:.ncos(m,.t), W; « 0 (3-15)
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Substituting this result into Eq. (3-14) yields an expression for the third-harmonic
of the input signal

A3
in

|(Vim = Vaae)| = —5—cos(3ayt) (3-16)

Combining Eq. (3-12), Eq. (3-13) and Eq. (3-16) yields the relation between the
output current and input voltage of a non-linear V/I converter in a ZA modulator.
The third harmonic component can be referred to the input of the V/I converter by
dividing the second right-hand term of Eq. (3-12) by the linear transfer coefficient

81

"3
83 Vin»
== (3wt 3-17
Vi yd =g, T2 CosG0i) (3-17)

Due to the high gain at low frequencies and the large amount of oversampling, the
ZA loop also compensates low-frequency harmonic components. Consequently,
an extra signal at the third harmonic frequency appears in the output spectrum.
The (low-frequency) third harmonic distortion (HD3) of the continuous-time ZA
modulator of Fig.3-8 equals

2

V.
HD3 = 53 lin (3-18)
81 2

Example 3.1: To verify Eq. (3-18), the system of Fig.3-8 has been simulated
where g; is 1, g3 is 0.0001, and Vj, is 0.707 (calculated HD3 is -92 dB).
Fig.3-9 shows the simulated bitstream spectrum. The third-harmonic
component (30kHz) is 92 dB down relative to the signal carrier (10 kHz)
which is in agreement with the calculated result of Eq. (3-18).

It should be noted that this analysis is only valid for low-frequency signals in the
band where the gain of the loopfilter is high. Fig.3-10 shows the same simulation
as in the example, only with a 33.33 kHz input signal. The third-harmonic is at
100 kHz where loopfilter gain drops with the order of the loopfilter (4 in this
case). Because of the lack of gain, the third-harmonic of the 33.33 kHz signal
component in the feedback signal, being a rectangular waveform, is suppressed
insufficiently. This effect is not related to the non-linearity of the integrator and
also occurs in an ideal distortion-free ZA modulator.
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Output spectrum
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Fig. 3-9  Output spectrum of ZA modulator with non-linear input
stage (0.01%) and 10 kHz input signal
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Fig. 3-10 Output spectrum of LA modulator with non-linear input
stage (0.01%) and 33.33 kHz input signal
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This type of non-linearity is reduced by using a loopfilter with local feedback
paths (section 3.4.2). With this filter topology an inverse Chebyshev characteristic
can be designed rather than a Butterworth filter. The resonator gains are evenly
distributed in the signal band to reduce the quantization noise (and distortion
components) at the end of the signal band and to have a maximally flat
quantization noise floor in the signal band.

Another method to suppress the distortion of the non-linear input V/I converters is
to use a multi-bit XA modulator. With a multi-bit DAC, the feedback and input
signals cancel better than in case of a single-bit feedback signal. However, due to
mismatch between the quantization levels, a multi-bit DAC is non-linear and
introduces distortion itself.

3.2.4 Intersymbol interference

In section 3.2.2 it was stated that high frequency tones in the quantization error
spectrum fold back into baseband by even-order harmonic distortion. Even-order
harmonic distortion occurs as a result of imbalances in a non-linear differential
system. A well-known type of imbalance in a continuous-time XA modulator, is
asymmetry between the positive and negative DAC feedback pulses, also referred
to as intersymbol interference [11]. This is due to different transition times when
switching from the positive to the negative reference and vice versa (Fig.3-11a).
Assuming that the rising edge is steeper than the falling edge, the charge transfers
during transition intervals T and T, do not completely balance out. The result of
waveform asymmetry is that the energy contents of e.g. a 0101 pattern and a 1100
pattern are different. This signal dependent imbalance causes an offset and
even-order harmonic distortion.

_'Tr‘_
+ret T i +2refT

-2ref 1

-ref -

— Time

Fig. 3-11 Feedback signal with waveform asymmetry (solid line),
due to different rise and fall fimes 1, and T (a);
Feedback signal with return-to-zero (b).
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Example 3.2: Fig.3-12 shows the simulated result of a XA modulator with a
relative waveform asymmetry error of 0.1% of a full DAC pulse. The input
signal is at 10 kHz. The second harmonic tone at 20 kHz is 75 dB down
relative to the signal carrier. The noise floor is raised to -120 dB compared to
the spectrum of Fig.3-5 because of demodulation of high frequency
quantization noise.

Output spectrum

Output (dB)
g 8 & 8 o

8

02 04 06 08 1 12 14 16 18 2
Frequency (Hz) x10°

Fig. 3-12 Simulated output spectrum of A modulator with 0.1%
waveform asymmetry

Waveform asymmetry can be reduced by short transition intervals and matching
of the transition edges. However, this may not be easy to realize, especially at
higher sampling frequencies. A more robust method of improving matching of
waveforms, is the return-to-zero (RTZ) technique. This technique is shown in
Fig.3-11b and is based on the principle of resetting each feedback pulse for a
fraction of the sampling period. As a result, all pulses have a positive and a
negative edge, which greatly reduces signal dependence of the mismatch. Now,
any mismatch between the positive and negative pulses only affect the offset. If
the RTZ interval has a duty-cycle §,, the reference level of the feedback pulse
should increase with the inverse factor in order to have the same charge.
Fig.3-11b shows a feedback pulse with a 50% duty cycle (3,,, = 0.5).
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3.2.5 Phase jitter

Fig.3-11b shows the waveform of a typical feedback signal, with a periodic
return-to-zero state, in a single-bit continuous-time XA modulator. In the case of
zero rise and fall times, the charge of the feedback pulse is determined by the
amplitude of the DAC current I, and the pulse width 37T, where § is the pulse
duty-cycle, with a value between 0 and 1

0 =81,,T, (3-19)

Any inaccuracy in the reference charge has a direct impact on the performance of
the £A modulator. As described in the previous section, waveform asymmetry is a
cause for in-band distortion and noise. Besides the inaccuracy of the waveform,
also timing uncertainty affects the reference charge in Eq. (3-19). Timing
uncertainty is caused by phase noise in the oscillator. A commonly used measure
of the total amount of phase noise in the frequency range of interest is the jitter
specification [12], which is the integrated noise power. Assuming that jitter can be
considered as white noise, with standard deviation o}, the jitter contributed charge
Q; can be expressed by {6]

Q; = 6ly, (3-20)

To determine the noise power in the signal band, the power spectral density of the
jitter is calculated. The noise power in the signal band can be calculated by

2,
fs

2
YR L]

= 2,
S A

(3-21)

The SNR due to clock jitter is calculated by the ratio between the maximum input
signal power (Eq. (3-5)) and the jitter power

2
SNR = 1010g(§-< (2)SR2)
4 o} f2

(3-22)

Example 3.3: In the case of a 50% duty cycle (& = 0.5), an oversampling ratio
of 64 and 6; = 0.05% of the sampling frequency, the calculated SNR is 72 dB.
Fig.3-13 shows the simulated output spectrum of a A modulator with clock
jitter. The simulated SNR equals 71.8 dB which agrees with the theoretical
result (quantization noise is not dominant in this simulation).
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Output spectrum
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Fig. 3-13 Simulated output spectrum of LA modulator with phase
Jitter

It should be noted that Eq. (3-22) only applies to a feedback pulse with a periodic
return-to-zero state. In the case of a full period feedback pulse without
return-to-zero, the jitter power depends on the relative number of edges in a
bitstream sequence. This can be easily understood considering a 11110000 and a
01010101 bitstream sequence (no return-to-zero). A timing uncertainty only
occurs at the edge when the feedback pulse changes from 0 to 1 or vice versa.
Obviously, the jitter power of the first sequence is smaller than the second one,
due to the difference in number of transitions (1 versus 7). This implies that the
jitter power is signal dependent and becomes larger for smaller input signals.

3.2.6 Aliasing

Due to the sampling process, any input frequency ®; which is larger than half the
sampling frequency o, will reflect into the frequency range 0 < @ < wy/2. This is
the known problem of aliasing. Reduction of the aliasing effect is achieved by
means of an analog filter in front of the sampler, to suppress the energy content of
the frequency bands at multiples of the sampling frequency. An important
property of a continuous-time XA modulator is that the sampling takes place at the
output of the continuous-time loopfilter (in contrast to a discrete-time XA
modulator where sampling is done at the input of the loopfilter). The loopfilter
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operates as an anti-aliasing filter, therefore discarding the need for an anti-aliasing
filter in front of the ZA modulator. The suppression of an aliasing component,
originating from an input signal with a frequency close to the sampling frequency,
can be easily calculated, using the linear model of a continuous-time XA
modulator (Fig.3-15). Under the assumption that the hold function in the
feedback path is a lowpass filter with a gain of 1 at low frequencies and a gain of
0 for frequencies near the sampling frequency, it is shown in [6] that the aliasing
component of an input signal with frequency f; - f;, is reduced by the loopfilter
with a factor

H(f})

HF, -1y 3-23)

where H(fp) is the loopfilter gain for the low frequency aliased component at f,
and H(f,-f;,) the gain for the input frequency close to the sampling frequency.

Output spectrum

Aliased component

8

Output (dB)
@
o

-200 -
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] Sws 10ws 15wg 20wg 250
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-250

Fig. 3-14 Simulated low-frequency output spectrum of a
continuous-time XA modulator with -9 dB input signal at
0,-0.0075w

Example 3.4: A XA modulator with the fifth-order feedforward compensated
loopfilter characteristic of Fig.3-24 has been simulated. The simulation result
is shown in Fig.3-14 for a -9 dB input signal at 0-0.0075,. The aliased
component occurs at 0.0075w,, and is suppressed by about 80 dB.
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3.3 Linear stability analysis

Stability is an important issue in the design of a ZA modulator and yet, due to the
fact that the quantizer is a non-linear element, it has not been possible to find a
mathematical solution for guaranteed loop stability of higher-order modulators.
However, a useful insight to stability is obtained by the analysis of limit cycles, or
idling tones, in the output signal of the ZA modulator. A stable ZA modulator
exhibits out-of-the-band limit cycles at fractions of the sampling frequency which
do not affect the SNR [13]. In contrast, the SNR of an unstable modulator is
deteriorated by low-frequency limit cycles, due to an output of alternating long
strings of 1s and Os [2] that may have unbounded states. Numerous methods for
stability analysis and rules of thumb have been presented [14]- [15] which are
valuable for higher-order ZA modulator design. In this section a linear quantizer
model is used for stability analysis [16], [17]. With this linear model the root
locus method can be applied to analyse the linearized system for stable limit
cycles. First, stability of a A modulator in the case of a small input signal is
discussed, followed by the large signal stability analysis.

3.3.1 Small signal stability

Fig.3-15 shows a linear model of a continuous-time (CT) ZA modulator. The
system consists of a CT loopfilter with transfer function H(s) and a sampled
quantizer. The quantizer is modelled with a linear gain x and a phase shift 0 [18].
The quantizer output, which is a train of pulses, is fed back through a D/A
converter, being a zero-order hold function, and subtracted from the analog input
signal.

X(s) —=@—{ H(s) — Y(s)

filter quantizer

1-eTs
s

Hold

Fig. 3-15 Linear model of a single loop continuous-time XA
modulator

It is assumed that the input of the quantizer is a sinusoidal waveform. The gain x
of the quantizer can be defined as the ratio between the input power and the
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output power of the quantizer. The sampling of the quantizer introduces a
frequency dependent phase uncertainty in the loop [18] for input frequencies
which are rational fractions of the sampling frequency [19]. This means that for a
certain range of phases, the quantizer produces the same output pattern,
regardless of the phase of the input signal. This is explained by Fig.3-16 for a
sinusoidal quantizer input signal with frequency f/4 in the case of a one-bit
quantizer. Consider the sinusoidal signal in Fig.3-16 (solid line). Both at sample
moments nT; and (n+1)7,, the quantizer gives a positive output. At sample
moment (n-1)7, the quantizer output is negative. After four sample moments the
output pattern is repetitive. If the (solid) sinusoidal signal is shifted in phase over
a range of nt/4 (dotted lines in Fig.3-16) the quantizer output gives the exact same
output pattern for the whole range of phases. Thus, the quantizer is not able to
detect the phase of an input signal at /4 and therefore has a phase uncertainty. At
f/4 the maximum phase uncertainty is /4. This uncertainty in phase of the

quantizer is largest at f/2 (1/2). In the Laplace domain, the quantizer is modelled
as

Hq(s) = kes® (3-24)

where X is the quantizer gain and 6 the phase shift.

+1 -

_,-’ i
F e
I -n/a -T- w4
g (n-1)Ts
a
E ‘nTs (nn).Ts
. . . fs/4
-1 \\\ 4\/-‘ RS | . L A TR T VY
0 /2 b4

phase

Fig. 3-16 Maximum phase shift for sine wave at f/4 without
changing the sampled output
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For signals that are not rational fractions of the sampling frequency, any shift in
phase always gives a change in the quantizer output pattern. Therefore, the phase
uncertainty for those frequencies is zero.

The DAC in the feedback path has the function of a zero-order hold

—sT

5

(3-25)

1-
Hpaels) =

With the linear model of Fig.3-15, the £A modulator can be analyzed using the
root locus method, which shows the closed loop poles as a function of the
quantizer gain for different phase shifts of the quantizer. The modulator is stable
if all poles are in the left-half plane of the root locus plot. Stability of a ZA
modulator becomes an issue if the loopfilter order is larger than 1. In the
following, stability of a ZA modulator with a second-order loopfilter is discussed.
A second-order lowpass loopfilter consists of two integrator stages which are
connected in cascade. The transfer function of a second-order integrator filter is
given by

Hy(s) = slz ' (3-26)

The filter characteristic has two poles and for simplicity, the DC gains of both
integrators have been considered to be infinite (ideal integrators). With the
transfer functions of Eq. (3-24), Eq. (3-25), and Eq. (3-26), the characteristic
equation of the linear system of Fig.3-15 can be determined

) (1= (1
+2kes®d( = ). (] =0 (3-27)
5 s2

Due to the exponential terms in Eq. (3-27) there is no analytical expression which
can solve this characteristic equation. With numerical analysis, the root locus of
the second-order system has been determined (Fig.3-17). Fig.3-17 shows that the
poles which are starting from the origin, move directly into the right-half plane
for any gain x and any phase 6. Hence, the linear model of a second-order ZA
modulator is unstable for any quantizer gain and phase. To stabilize the
second-order modulator, a zero can be introduced in the filter transfer function of
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Eq. (3-26), by means of feedforward or feedback compensation (section 3.4), An
example transfer function of such a second-order low-pass filter is given by

2(s+0.5)

Hf(s) = 3 (3-28)

0.6
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0.2

Imaginairy (r)
=

-0.2

-0.4f

-0.61-

-0.8f

Real

Fig. 3-17 Root locus of a second-order LA modulator for several
quantizer phases 0 at /2

The characteristic equation of the second-order system Fig.3-15 now becomes

—sT:
1+ 2kes( Lz 7). (s+03) _ (3-29)
S 52

The root locus plot of Fig.3-18 shows that the poles move into the right-half plane
with increasing quantizer gain x. The poles move back into the left-half plane if
the gain decreases. This may result in a stable periodic sequence, or limit cycle, at
the output of the modulator. A limit cycle occurs if the

s closed-loop gain is 1

® phase shift in the loop is 21t
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The gain and phase shift of the loopfilter and the zero-order hold function are
determined for all frequencies. Therefore, a limit cycle exists if there is a solution
for the gain and the phase of the quantizer such that the criteria above are met. It
was observed from Fig.3-16 that the quantizer phase range is large at f/4
(s=jog4). At f/4, the filter gain and phase are 1.336 and 0.6x, while the gain and
phase shift of the zero-order hold function are 0.9 and n/4 respectively. Taking
into account the sign inversion of the feedback path (phase ), the quantizer phase
shift must be

0= 2n—n-’zf-o.6n = 0.15x1 (3-30)

0.15m at £,/4 (equal to 0.3x at f/2) and the quantizer gain

1

X = m = 0.83 (3'31)

for a limit cycle at f/4.
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Fig. 3-18 Root locus of a second-order LA modulator with a zero
in the loopfilter transfer function as a function of the
quantizer gain X, for several quantizer phases 6 at /2
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Fig.3-18 shows the root locus plot of the second-order modulator for several
quantizer phases. At a quantizer phase of 0.15x at f/4 (0.3w at £,/2) the root locus
enters the right-half plane at f/4. The quantizer gain at this intersection point is
equal to the result of Eq. (3-31). Fig.3-19 shows the simulated output spectrum of
the second-order loopfilter with the transfer function of Eq. (3-28), in the case of a
very small input signal. In this simulation the limit cycle at f,/4 is dominant.

Output spectrum
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Fig. 3-19 Output spectrum of a second-order A modulator for a
very small input signal

3.3.2 Large signal stability

In the previous section, stability of a second-order A modulator for small input
signals was discussed. If the amplitude of the input signal increases, the quantizer
gain decreases and the poles of a higher-order modulator may eventually be
pushed into non-stable locations. The reason for this instability is that the input
signal becomes too large to be compensated for by the feedback signal. Typically,
the maximum specified input signal ranges from 50% to 80% of the rms-value of
the DAC feedback signal [2]. Large signal instability also becomes visible from a
root locus plot of a fifth-order modulator in Fig.3-21 (example quantizer phase is
0.3 at f/2). The loopfilter of this fifth-order modulator has 5 poles and four
zeros. If the quantizer gain drops below K two poles shift into the right-half plane
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and the system becomes unstable. The gain X determines the maximum
allowable input signal level for a stable modulator.

fs

X(s) —=®—>{ H(s) [~ H(s) JL» vlé)_ yé yé; c5 S — _J— Y(s)

D/A

Fig. 3-20 Fifth-order XA modulator with limiters in the
higher-order integrator stages for overload stability

An effective method to preserve the stability of a A modulator at overload is to
limit the maximum output swings of the loopfilter integrator stages. By limiting
the integrator swings, the quantizer gain is prevented from dropping below the
stable value K. Fig.3-20 shows a fifth-order modulator with limiters in the third,
fourth and fifth filter stages. The feedforward paths with gains c;-cs are needed to
create the zeros in the loopfilter for stability of the loop (section 3.4.1). The filter
coefficients should be scaled in such a way that, at an increasing overload input
level, the integrator outputs are limited one by one, starting with the last integrator
stage. As a result, the modulator order is degraded from fifth to fourth, to third
and finally a second-order modulator remains which is always stable for large
input signals (Fig.3-18). If the input level drops from the overload state to a lower
stable value again, stable fifth-order behaviour is retrieved. Another technique to
ensure large signal stability is to monitor the number of consecutive equal bits in
the digital domain. In general, the maximum number of equal bits in a row is in
the order of 10 bits for a stable modulator which is not in overload. If the number
of bits becomes too large the integrator outputs are reset, by switching the
integrator outputs to a zero reference. The resetting of the integrator states
continues as long as the modulator remains in overload.
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Fig. 3-21 Root locus of a fifth-order LA modulator with poles and
four zero in the loopfilter transfer function (example
quantizer phase is 0.15% at f/4). If the quantizer gain
drops below kg, the system becomes unstable.

3.4 High-frequency stability compensation

In this section, the design of higher-order lowpass filters is presented.
Feedforward and feedback compensation techniques are described for high
frequency stability of the loop. Both compensation techniques can provide the
same noise transfer function but have different signal transfer characteristics.
Butterworth and inverse Chebyshev noise transfer functions are shown. Finally, a
comparison is made between the two compensation techniques.
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3.4.1 Feedforward compensation

Increasing the order of the loopfilter of a A modulator provides more aggressive
quantization noise-shaping and efficiently improves signal-to-quantization noise
ratio (section 3.2.1). The general form of a n'-order integrator filter is given by

H(s) = (0-}‘)" (3-32)

Where @, is the unity-gain frequency of all integrators. However, a sigma-delta
modulator with the filter transfer of Eq. (3-32) is not stable for n larger than 1. An
uncompensated second-order loopfilter has -180 degrees phase shift at high
frequencies. This amount of phase shift is too large for stable idling and a zero
should be introduced in the loopfilter transfer function to reduce the high
frequency phase shift. This can be done by adding a feedforward path in the
loopfilter.

>
X(s)—="®—] H(s) H(s) p @ 5 Y(s)

D/A

Fig. 3-22 Second-order XA modulator with feedforward
compensation

The topology of a second-order modulator with feedforward compensation is
shown in Fig.3-22. The choice for the ratio between ¢, and c; is determined by
considerations conceming stability, maximum input level, signal-to-noise ratio
and parameter spread due to non-ideal processing. By increasing the coefficient
ratio ¢y/c,, the zero in the transfer function is shifted to a lower frequency. An
optimum can be found which provides both high frequency stability and
second-order noise shaping at low frequencies. The choice for the coefficient
value ¢; cannot be too critical to prevent process spread from pushing the
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modulator to instability. Using the quantizer model as described in Eq. (3-24), the
characteristic equation of the system of Fig.3-22 is

s 1
_sT. (L‘l . (—D—'S+L‘2)
u

l+ke‘9(1 =~ ) =0 (3-33)

&)

The zero of Eq. (3-33) equals

(3-34)

The root locus plot was shown in Fig.3-18. Indeed, Eq. (3-34) shows that by
increasing the value of c¢; relative to ¢,, the loopfilter zero moves to lower
frequencies which improves system stability at the cost of less effective
noise-shaping (first-order behaviour). Decreasing the value of c¢; results in a more
aggressive way of shaping quantization noise by means of a more critical stable
system (second-order behaviour). Common values for ¢; and ¢, are 2 and 1
respectively [13], resulting in a zero of

z =-05m, (3-35)

Next, the design of a fifth-order loopfilter will be explored. The same analysis as
before can be applied. However, the fifth-order filter topology offers more design
freedom to increase the SNR. First, the design of a Butterworth filter is
elaborated. Then, it is shown that by adding local feedback paths, to create an
inverse Chebyshev NTF, even higher resolution is achieved.
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X(s) —>*@—=| H(s) [--+| H(s) [-~| H(s) Y(s)

D/A

Fig. 3-23 Fifth-order = XA  modulator  with  feedforward
compensation

Figure 3-23 shows the fifth-order XA modulator model with feedforward
compensation. The loopfilter consists of five single-pole integrator stages with
transfer functions conform to Eq. (3-32). The integrator stages have unity-gain
frequencies ®;-ws and feedforward coefficients ¢;-cs. The transfer function of a
fifth-order modulator with feedforward compensation is

0
STF = ke H(s) (3-36)
s5 1- e_STs
+ ke‘e( )H(s)
@ 0,030, M s
where H(s) is

A S S L)

H(s) = c5+a)—5-(c4+@~(c3+073‘(c2+cl-@))) (3-37)
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For high frequencies the STF roll-off is first-order. In general this implies that for
high frequency input signals, the feedforward compensated loopfilter acts as a
first-order anti-aliasing filter. The system characteristic equation is

Cec + s ((_‘ + s (C + S (“ +c S)))
ST ST . W4T o T\ 3T o\t a
T 05 O ®; ®,

1 ke“’e(l_e ) =0
y $3/(0,0,0;0,05)

(3-38)

To get a maximally flat transfer function within the signal band, the zeros are
placed in Butterworth position. The Butterworth positions for a fourth-order
system are

-3+ 2k
| —
sk=(x)-e( 8 ],k=0,1,2,3 (3-39)

The general form of a fourth-order Butterworth filter is
((s + ®_- cos@) + @2 sin@, ) - ((s + ®, - cOsP,) + o2 - sin?Q,) (3-40)

where @ and ¢, are the angles of the zeros in the complex plane relative to the
imaginary axis, which are calculated by Eq. (3-39). In order to place the zeros of
the characteristic equation in Butterworth positions Eq. (3-37) and Eq. (3-40)
should be equal. This results in five relations to calculate the desired coefficients

Wy 0,0,
¢, = a .L344_5 (3-41)
®?
o = o 30405
2 = 4 3
(DZ
o =a ©,405
3 = 43 2
o;
e = ay 3
4T Ny
€5 = ds
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or, in general,

n
IT o
¢ =aq =Ml _ 4 1,2 .0 (3-42)

m m n-m’
(®,)

where a,, is the Butterworth coefficient and n the loopfilter order. The
Butterworth coefficients a)-as of a fifth-order filter are

a =1 (3-43)

a, = 2-(cos(%

1 3 1
a; =4 (cos(gn) - cos(gn)+ 5)
a, = 2‘(cos(%

85=l

Figure 3-24 shows an example of a Bode plot of the fifth-order filter. At low
frequencies the filter characteristic rolls off fifth-order and the phase shift closely
reaches -450 degrees (at 102 radians). At high frequencies the filter becomes
first-order and the phase turns back to about -97 degrees at half the sampling
frequency. In general, any order of filter can be designed according to the
procedure as discussed in this section. However, further increasing the filter order
pushes the zero locations to lower frequencies for a stable system. Hence,
increasing the filter order decreases the effective bandwidth where quantization
noise is shaped to a low enough level. Because of the fifth-order shaping, low
frequency quantization noise is very small and rises fifth-order with frequency.
Therefore, total in-band quantization noise is dominantly determined by the
quantization noise at the end of the signal band. This severely limits the
maximum obtainable bandwidth. An effective way to shape the end-of-the-band
quantization noise is to apply local feedback paths in the loopfilter which create
resonator stages. The resonator stages can provide some extra notch gain at the
end of the signal band which suppresses the large amount of quantization noise
that is present here. The design of a loopfilter with local feedback paths will be
discussed next.
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Fig. 3-24 Bode plot of the fifth-order loopfilter with feedforward
compensation

3.4.2 Feedforward compensation and local feedback

Applying feedback around two integrator stages shifts the DC gain of the
integrators to a finite resonance frequency. This way, the gain can be spread more
equally in the signal band which, for example, is important for suppression of
quantization noise at the end of the signal band. The general transfer function of a
resonator is

o, s
H(s) = 5 (3-44)
52+ o2

With local feedback paths it is possible to implement an inverse Chebyshev NTF
rather than a Butterworth NTF. Fig.3-25 shows the general model of a fifth-order
modulator with feedforward and local feedback paths.
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Fig. 3-25 Fifth-order baseband XA modulator with feedforward
compensation and local feedback

D/A

The feedforward coefficients and the integrator unity gain frequencies remain
unchanged while the local feedback coefficients d; and d, determine the notch
frequencies of the resonators according to

0, = Jo,0.d,,00,, = [0,05d, (3-45)

Fig.3-26 shows the NTF plot of the modulators of Fig.3-23 and Fig.3-25
respectively. The resonator gain notches provide a relatively flat quantization
noise spectrum in the signal band which greatly improves the
signal-to-quantization-noise ratio (SQNR) compared to the fifth-order loopfilter
without local feedback. The high frequency filter behaviour is hardly affected and
the system remains stable. Comparing both NTF plots reveals that the DC gain of
the filter with local feedback is smaller than that of the filter without local
feedback. However, the quantization noise power is not dominantly determined
by DC gain, but by the gain at the edge of the signal band. Therefore, the inverse
Chebyshev filter provides a more efficient noise-shaping function for optimizing
SQNR. Moreover, DC tones (Fig.3-5) and harmonic components of the
rectangular feedback signal (Fig.3-10) are pushed down more deeply as a result
of the extra gain at the end of the signal band.

60 CONTINUOUS-TIME XA MODULATION FOR IF A/D CONVERSION




3.4 High-frequency stability compensation

e

s @ S g
- >

Magnitude (dB)

q00| -~

. I
10 10° 10'
Frequency (radians)

Fig. 3-26 NTF of fifth-order A modulator with feedforward
compensation with (a) local feedback (dashed line), and
(b) without local feedback (solid line).

3.4.3 Feedback compensation

In the previous sections, feedforward compensation was used for stabilization of
higher-order modulators. An alternative method is to use feedback paths as shown
in Fig.3-27 for higher-order filters. A fraction of the output is fed to the input of
each integrator stage in the loopfilter. Using the linear quantizer model of

Fig.3-15, the signal transfer function of a second-order modulator with feedback
compensation is

mlmzkese
2
STF = — (3-46)
1+ ket Lo ). 22 ©,0,
+ Kée s CZ—S— +C) 3
)

xs) —g—=| H o o [ —"— [ | ©

D/A

Fig. 3-27 Second-order XA  modulator  with  feedback
compensation
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The characteristic equation is equal to the denominator of Eq. (3-47)

— e~ T\ (CH 0,5 + € B, O
1+kese(l e; )(2 2 21 1 2)=0 (3-47)
S

This relation is similar to the characteristic equation of the feedforward
compensated system of Fig.3-22.

3.4.4 Feedback compensation and local feedback

Fig.3-28 shows a fifth-order A modulator with feedback compensation. The STF
of this modulator is

keSO

STF = — (3-48)
5 —p '
;—+ke’9(l ¢ )(b4s4+b3s3+b2s2+bls+cl)
0, 0,05 0,0s s
where by-b, are coefficients
o1
b, =c,,, ]'[m—,n= 1,2,3,4 (349)
m=1 M

As has been the case for the second-order filter, the STF of the fifth-order filter
with feedback compensation does not have zeros (assuming 0 is 0). Thus, the STF
of a n'B-order feedback compensated ZA modulator is a n-order lowpass filter.
The characteristic equation equals

T 4 3 2
1+ke’°(1_e s ,) byst+ bys7 + byst+ bys+ ¢ -0 (3-50)
) §3/(0, 0,0, 0,0;)

For a maximal flat filter transfer, the coefficients cy-c5 are placed in Butterworth
positions, according to Eq. (3-40).
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Fig. 3-28 Fifth-order ZA modulator with feedback compensation

With local feedback paths, the Butterworth NTF can be changed into an inverse
Chebyshev NTF, to optimize the noise-shaping function. Fig.3-29 shows the
feedback compensated topology with local feedback. Again, the filter coefficients
are determined following the same method as in section 3.4.2.
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Fig. 3-29 Fifth-order ZA modulator with feedback compensation
and local feedback

3.4.5 Feedforward versus feedback compensation

It has been shown that compensation of a higher-order loopfilter with feedforward
or feedback paths, yields similar relations for the characteristic equation. Thus,
for stability of the loop, both compensation techniques can be used successfully.
Nevertheless, some essential differences exist between the two topologies.

The STFs of the feedforward and feedback compensated loopfilters are given by
Eq. (3-36) and Eq. (3-48) respectively. Generally, the STF of an n"-order
feedforward compensated filter has n poles and n-1 zeros, while the feedback
compensated STF has n poles only. Therefore, the feedforward STF is a
first-order lowpass anti-aliasing filter, while the feedback STF is an n®-order
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lowpass anti-aliasing filter. This is shown graphically in Fig.3-30 for the
fifth-order modulators as described in section 3.4.1 and section 3.4.3. Clearly, the
feedback STF provides much stronger filtering for high frequency signals than the
feedforward STF. A second difference between the STFs can be observed from
Fig.3-30 as well. It is shown that, due to the zeros of the feedforward filters, the
STF is not flat at low frequencies for the choice of filter coefficients as derived
earlier. Because of the non-ideal compensation of STF poles and zeros, the STF
shows peaking at a certain frequency. This implies that at the peaking frequency
the maximum stable input level is reduced by the gain of the peaking. Because the
STF has no zeros, the feedback filter does not suffer from significant peaking. It
should be noted that by combining feedforward and feedback compensation
techniques, more freedom is obtained for an optimal filter design.

Magnitude (dB)
g

-100f -

Fig. 3-30 STF of fifth-order (a) feedforward compensated
loopfilter (solid) and (b) feedback compensated
loopfilter (dashed)

3.5 Quadrature sigma-delta modulation

In the previous section, the design of higher-order lowpass filters was discussed
for application in a 2A modulator with real input signals. The poles and zeros of
the filter are real and complex-conjugate pairs, due to the real-valued filter
coefficients. If two ZA modulators with real filters are used in a quadrature
configuration (Fig.2-7), with complex input I + jQ, the magnitude response is
symmetrical around DC. By using complex-valued coefficients, the filter transfer
is not constrained to having complex-conjugate pairs of poles or zeros [20] and it
can be asymmetrical around DC. This will be shown for a complex integrator in
section 3.5.1. Then, the design of a complex fifth-order filter is shown as an
example. Again, both feedforward and feedback frequency compensation
techniques can be used in a complex filter for stability.
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3.5.1 Complex integrator

A complex integrator consists of two real integrator stages, with quadrature input
signals, which are cross-coupled. The model of a continuous-time complex
integrator is shown in Fig.3-31. The transfer H(s) of the complex integrator
equals

HC(S) = ——_A A (3_51)

—s+ 1+ jeA
(Du

The transfer of Eq. (3-51) is almost identical to the transfer of a real integrator,
with the difference that the frequency independent part in the denominator is a
complex number. The coefficient e causes a shift in the frequency domain of the
real transfer H(s) into the position of the complex transfer H.(s). This is shown
graphically in Fig.3-32 for the NTF of a first-order A modulator with the filter
transfer H (s) of Eq. (3-51), for e is 0, e is +0.1 and e is -0.2. If e is zero, the
complex transfer H.(s) is equal to the real transfer H(s) and the NTF is
symmetrical around DC with the gain notch at DC (Fig.3-32a). If e is not equal to
zero, the NTF shifts from DC to ew,.

X(s) 3 H(s) W(s)

A e

iX(s)—+®—= H(s) iwes)

Fig. 3-31 Complex integrator filter
The unity gain frequency ®,’ of H_(s) is equal to
o, =0, J1+e (3-52)
For small values of e (e < 0.1) the unity-gain frequency only slightly changes

relative to unity-gain frequency of a real integrator. This implies that stability of a
YA modulator is hardly affected in case the loopfilter consists of complex
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integrators. If the value of ¢ becomes closer to one, the stability coefficients must
be recalculated with the unity gain frequency of Eq. (3-52). If the feedback
coefficient e has a negative value, the gain notch of the complex transfer function
H_(s) shifts into the negative frequency plane. Fig.3-32b and Fig.3-32c show the
NTFs in the case e has a positive and a negative value respectively. This way, it is
possible to shift the gain notches of all complex integrators in a n'"-order complex
filter into the positive (or negative) frequency plane for strong quantization noise
suppression. This is shown in the next section.

First order NTF
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Fig. 3-32 NTF of first-order complex filter with complex local
Jeedback coefficient e equal to (a) 0, (b) +0.1, (c) -0.2

3.5.2 Complex filter design

Fig.3-33 shows the model of a fifth-order quadrature baseband ZA modulator
with complex feedback paths. The gain notches of the 5 complex integrators can
be shifted into the positive frequency plane and distributed within the signal band.
Such a fifth-order NTF of a quadrature modulator is shown in Fig.3-34. The first
notch of the NTF is at DC, which means that one of the complex feedback
coefficients is equal to zero. The notches are positioned such, that the NTF is flat
within the signal band. With 5 notches, a deep suppression of quantization errors
within the signal band is obtained. Outside the signal band, the NTF rises
fifth-order. An ideal fifth-order complex baseband ZA modulator with the NTF
characteristic of Fig.3-34 has been simulated and the bitstream output spectrum is
shown in Fig.3-36. As expected, quantization noise within the signal band is very
low and the theoretical obtainable SQNR is high. In practice, the SQNR will be
impaired by non-ideal effects. The most important error sources are process
related, which are parameter mismatch and spread. As we are dealing with a
complex system, the problem of image interference arises, as explained in
section 2.4.3. Because of the asymmetrical NTF, the quantization noise in the
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image band is not suppressed, as can be seen from Fig.3-36. Therefore,
quantization noise power in the image band is very large. In case of a mismatch
between the quadrature feedback signals in a complex modulator, part of the
quantization noise power in the image band ‘leaks’ into the signal band and vice
versa [20]- [22]. This effect has been simulated and Fig.3-37 shows the output
spectrum of the complex XA modulator in the case of 0.5% mismatch between the
quadrature feedback signals. Because of the high quantization noise power in the
image band, the SQNR can be affected considerably, as a result of image
interference.
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o A

L [ rm

H(s) jj H(s) frs@—] H(s) [e—] H(s) f— _J_ Yi(s)
/e\
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Fig. 3-33 Fifth-order quadrature baseband TA modulator with
Jeedback compensation and complex local feedback

To reduce the effect of quantization noise leakage from the negative band in the
positive band, the matching between the quadrature signals should be improved.
A powerful technique to improve matching is dynamic element matching. This is
discussed in detail in chapter 5. The second method is to reduce the quantization
error power in the image band. This can be done by shifting one integrator notch
in the image band at the cost of less effective quantization error suppression in the
signal band [20]. The NTF of the fifth-order complex A modulator is shown in
Fig.3-35. Because quantization noise power is largest at the end of the image
band, the integrator notch is placed close to the end of the band. Because of the

CONTINUOUS-TIME XA MODULATION FOR IF A/D CONVERSION 67




Continuous-time sigma-delta modulation

loss of an integrator notch, the quantization noise suppression in the signal band
is lower than in Fig.3-34.

Magnitude (dB)
8 8

g

1 1 1
-0.1 -0.058 0 0.05 0.1 0.15
Frequency (w/ws)

[N}

.8
@

-
]

Fig. 3-34 NTF of fifth-order complex XA modulator with 5
complex integrators. All integrator gain notches are
positioned in the positive frequency plane for maximum
quantization error suppression.
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Fig. 3-35 NTF of fifth-order complex A modulator with 5
complex integrators. One integrator gain notch is
positioned in the negative frequency plane to reduce the
effect of image interference

Process spread is another non-ideality which can seriously affect SQNR
performance. This problem especially applies to the complex ZA modulator
topology because of the very high in-band quantization noise suppression. Any
frequency shift of the integrator notches, in particular the notch at the end of the
signal band, deteriorates SQNR. The filter coefficients and unity-gain frequencies
rely on absolute component values rather than ratios. Due non-ideal processing,
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absolute value can spread with 10-20%. Therefore, coefficient calibration is
highly recommended for this kind of filter.

Qutput spectrum

1

-
signal

Output (dB)

-0.03 -0.02 -0.01 [ 0.1 0.02 0.03
Frequency (w/og)

Fig. 3-36 Simulated output spectrum of an ideal fifth-order
quadrature baseband LA modulator.

Output spectrum

signal

Output (dB)
g N

-180

-0.03 -0.02 -0.01 0 0.01 0.02 0.03
Frequency (w/os)

Fig. 3-37 Simulated output spectrum of a fifth-order quadrature
baseband XA modulator with 0.5% gain mismatch
between the quadrature feedback signals
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Continuous-time

sigma-delta
IF-to-baseband ADC 4

Linearity limits, circuit design and realization

4.1 Introduction

In this chapter the theory, design, and experimental results of a continuous-time
ZA modulator with an integrated mixer are presented. This IF-to-baseband XA
modulator has the functions of a mixer, anti-aliasing filter, and A/D converter.
Key features of this topology are its low-power consumption (1.8 mW) and high
linearity (-84 dB IM3). In section 4.2 a general overview is given of two different
XA modulator architectures which incorporate frequency translation inside and
outside the ZA loop. It is shown that non-idealities of the mixer can result in
modulation of high-frequency quantization noise into the frequency band of
interest. In the final part of the section, the topologies are compared. In
section 4.3, the integrated design of a passive mixer and an RC filter is shown that
is used for the input stage of the IF ZA modulator. Important aspects concerning
linearity, mixer driving and self-mixing are discussed. Mathematical derivations
give ‘rule-of-thumb’ relations between design parameters, such as biasing current
and transistor dimensions, and performance figures, like noise and distortion. In
section 4.4 the complete A modulator topology is presented and the design of
the individual blocks are shown. The experimental results of two realized
prototype chips are given in section 4.5. In section 4.6 conclusions are drawn.
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4.2 Frequency translation in sigma-delta modulators

In this section, two topologies for IF-to-baseband conversion in a ZA modulator
are shown which incorporate a mixer inside (section4.2.1) and outside
(section 4.2.2) the loop of a baseband £A modulator. An important requirement is
that an independent choice can be made for the LO frequency of the mixer and the
sampling frequency of the ZA modulator. If not related, the sampling rate can be
optimized for dynamic range performance and power consumption of the ZA
modulator, without affecting the LO frequency, which is often set by the
application. In section 4.2.3, both topologies are compared and conclusions are
drawn.

4.2.1 Mixer inside the sigma-delta loop

In this section ZA modulator topologies are investigated with the mixer inside the
loop. Fig.4-1 shows a general model of a single-loop XA modulator with a mixer
inside the loop. The IF input signal X is mixed with the LO frequency (o, ) and
translated to baseband by the mixer in the forward path (mixer1 in Fig.4-1). The
baseband signal is further processed by a lowpass loopfilter and digitized. The
feedback signal needs to be upconverted by a second mixer (mixer2 in Fig.4-1),
to compensate for the downconversion mixer in the forward path. The input signal
X is adjusted by the gain of the mixer in the forward path only, while the quantizer
error passes both mixers in the loop and its gain is not affected. Therefore, the
maximum allowable input level (non-overload) is adjusted by the gain of the
mixer. The stability of the ZA modulator is not affected, because the two mixers in
the loop cancel each other.

W0
®s

mixeri filter

mixer2

4@& D/A

(/X

Fig. 4-1 Model of a continuous-time A modulator with mixer
inside the loop

74 CONTINUOQUS-TIME ZA MODULATION FOR IF A/D CONVERSION



4.2 Frequency translation in sigma-delta modulators

The main advantage of placing the mixer inside the ZA loop is that non-idealities
of the mixer in the forward path (mixer1), like non-linearity, are suppressed by the
loopgain. This is the case for ZA modulators with a multi-bit DAC (section 3.2.3)
or if the feedback path incorporates an analog filter [1]. If a A modulator has a
single-bit DAC without a filter in the feedback path, the mixer non-idealities are
not suppressed by the loop. Note that the non-linearity of the mixer in the
feedback path (mixer2) is not suppressed by the loop. If the LO frequency is a
rational fraction of the sampling frequency, the frequency translation of the
feedback signal (mixer2) can be easily performed in the digital domain with
perfect linearity.

Due to the continuous-time nature of the signals, the continuous-time system of
Fig.4-1 is sensitive to parasitic delay between the mixers. If mixing of the
feedback signal is done in the digital domain, parasitic delay in the DAC adds to
the total delay. A delay between the two mixers can be modelled as a delay
between the LO signals of both mixers. This is shown in the time domain in
Fig.4-2a, which shows delayed clock signals LO (mixerl) and LO’ (mixer2), the
output signal ¥, and the mixerl output W. In this example, the LO frequency is
equal to half the sampling frequency. During a small time interval the output
signal Y passes the mixers in the feedback and feedforward path, while being
modulated only once. In the frequency domain, this implies that a fraction of the
noise band around the LO carrier in the output bitstream spectrum is folding into
the signal band, which deteriorates system performance.

(a) delay (b) delay

— — —

I_‘I_II_JLO1I| L L]
|

LI J LI LT L w
M [ 1 vo LA Tl ey

- o -

Fig. 4-2  Effect of phase delay between LO signals, on (a) full
period continuous-time DAC pulse; (b) continuous-time
DAC pulse with RTZ
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This effect has been simulated in the case of a delay of 0.1% of the LO period
between the LO signals of both mixers (Fig.4-3a). Again, the LO frequency is
chosen equal to half the sampling frequency (®). A -20 dB sinusoidal signal,
modulated at the LO frequency with a small offset frequency of 0.001e, has been
applied to the input of the system of Fig.4-1. Fig.4-3b shows the same simulation,
without any delay. Clearly, the noise floor is considerably higher in case of a
small delay, compared to the ideal simulation. This effect is considerably reduced
if the LO frequency is close to the sampling frequency. Around the sampling
frequency, quantization noise is greatly suppressed by the loopfilter, and noise
leakage into baseband will be much less severe.

Output spectrum

250 ; ; ; . ;
() 0.005 0.01 0.015 0.02 0.025 0.03
Frequency (o¥ox)

Fig. 4-3 Simulated output spectrum of continuous-time XA
modulator with mixers inside the loop, (a) with 0.1%
delay between mixer LO frequencies (®p o = ©/2); (b)
without any delay

A method to overcome the delay problem is the use of DAC pulses with
return-to-zero (RTZ). Fig.4-2b again shows the LO waveforms of the mixers and
the DAC signal, now with RTZ. Due to the RTZ intervals, the DAC is insensitive
to a delay between the LO signals as long as the delay falls within the RTZ
interval. This way the LO frequency can be a rational fraction of the sampling
frequency, without performance degradation. Note that a discrete-time
(switched-capacitor) ZA modulator does not have the delay problem as the input
and feedback signals are sampled and almost perfectly synchronized.
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So far, single-loop ZA modulators have been shown with a mixer inside the loop.
Fig.4-4 shows a second-order modulator with feedback compensation paths and
mixers in both filter stages [2]. The output of the first filter stage is upconverted
before summing with the feedback signal. After summation, the input signal of
the second filter stage is downconverted. These extra mixers can be omitted if the
outer feedback path is upconverted only (Fig.4-5).

o
s
X __,+.»+. _\ + - _\’_/_. A/D Y

staget stage2

(o 3
& D/A

Lo

Fig. 4-4  Multi-loop ZA modulator with mixer inside the loop
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stage1 stage2
G ]

@ DIA
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Fig. 4-5 Multi-loop XA modulator with mixer inside the outer
loop only

4.2.2 Mixer outside the sigma-delta loop

A model of a continuous-time XA modulator with a mixer outside the loop is
shown in Fig.4-6. The IF input signal is downconverted to baseband by the mixer
and is processed by a lowpass £A modulator. Placing the mixer outside the loop
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overcomes the problem of delay sensitivity in a continuous-time XA modulator.
The main advantage of this topology in a continuous-time system is that the LO
frequency and the sampling frequency do not have to be related and can be chosen
independently. However, because the output of the mixer and the feedback path of
the £A modulator are connected together, a fraction of the feedback signal may
leak to the input of the mixer due to parasitic effects. As a result, a fraction of the
high-frequency quantization noise around the mixer LO frequency may be mixed
into the desired signal band. This effect is discussed in detail in section 4.3.3.

as
X— 5 _\__/__, AD y

mixer filter

D/A

Fig. 4-6 Model of a continuous-time TA modulator with mixer
outside the loop

4.2.3 Mixer inside loop versus outside loop

It has been shown that if a mixer is placed inside the ZA loop, non-idealities of the
mixer are suppressed by the loopgain in the case of a multi-bit feedback signal, or
a XA modulator with an analog filter in the feedback path. Therefore, linearity
requirements of the mixer are relaxed. It was shown in section 3.2.3 that this does
not apply to a single-bit modulator. Also, if the mixer is outside the loop,
non-idealities are not suppressed by the loop and higher linearity demands apply
to the mixer. Moreover, a XA modulator with a mixer inside the loop requires
accurate synchronization between the mixers in the forward and feedback paths.
This is achieved almost perfectly in a discrete-time system. In a continuous-time
modulator, a delay between the mixers may cause leakage of quantization noise
around the LO frequency into baseband. This effect is reduced if the LO
frequency is equal to (a multiple of) the sampling rate, because quantization noise
is highly suppressed around multiples of the sampling frequency. A DAC
feedback pulse with return-to-zero (RTZ) is insensitive to small delays, if the LO
frequency is a rational fraction of the sampling frequency. In all above mentioned
topologies, the sampling frequency and the LO frequency are related.
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A mixer outside the loop avoids synchronization problems, and offers more
freedom of choice for the mixer LO frequency, which does not have to be related
to the sampling frequency. The major advantage is that the choice for the
sampling rate can be optimized for dynamic range performance and power
consumption of the ZA modulator, without affecting the LO frequency. Moreover,
we have chosen to use a one-bit quantizer in the XA modulator for its high
linearity. Therefore, linearity of the mixer is not reduced when placed within the
2A loop. For these reasons, the IF-to-baseband A modulator topology with the
mixer outside the loop is used for the design in this chapter.

4.3 IF mixer design

The design of the IF mixer is described in this section. An integrated design is
shown of a passive mixer and an RC filter, which is optimized for high linearity
performance, low-power consumption, and integration with the continuous-time
loopfilter of a A modulator. This mixer/filter implementation is used as the input
stage for the IF-to-baseband XA modulator. Furthermore, aspects of linearity,
mixer driving and self-mixing as a result of charge injection are discussed.

4.3.1 Mixer topology

The passive mixer topology of Fig.4-7a, that is used for the design in this chapter,
is built from resistors and transistor switches, performing the V/I conversion and
frequency translation, respectively. The transistor switches periodically couple
and cross-couple the input current signal. This way, the input signal with
frequency ;, is multiplied by the rectangular LO waveform with frequency ®; ¢.
The (downconverted) fundamental output frequency ,,,, of the mixer equals
Dpur = ‘(DLO - winl @-1)

For proper operation, the passive mixer is connected to the virtual ground nodes
of an amplifier. Due to the high gain and the feedback, the input nodes of the
opamp are virtual ground nodes. Because the opamp input nodes are modulated
by only a fraction of the input voltage, highly linear performance can be achieved.
The conversion gain of this passive mixer is:

sind ﬁ
S R,

m

CG =

4-2)
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where & is the duty cycle of the LO signal. The voltage amplifier of Fig.4-7a can
be easily transformed into an RC filter, by replacing the feedback resistors with
capacitors (Fig.4-7b). This topology is a very suitable implementation for the IF
input stage of a continuous-time XA modulator with mixer [3]. The resistors R;,
perform a linear V/I conversion of the input signal. The current signal is linearly
modulated by the mixer switches. As it has no bias current, the passive mixer does
not add to the power consumption of the modulator. The virtual ground nodes of
the amplifier provide linear summation nodes for the input current and the DAC
feedback current (R4, in Fig.4-7b). Moreover, the virtual ground nodes offer
good isolation of the LO signal and the feedback bitstream signal. Isolation is
essential for an independent choice of the sampling frequency and LO frequency
(section 4.3.3). In the next sections, the circuit of Fig.4-7b is analyzed in more
detail, regarding linearity, LO driving, and charge injection.

L

My

Ci
2 | + -
Ve
¢1{ Gm out
il ]
:l' LG
! Roac
92 —{ o

Fig. 4-7 Integrated design of a passive mixer and voltage
amplifier (a); passive mixer and active RC filter (b)

4.3.2 Linearity performance

In this section, the non-linearity of the passive mixer topology of Fig.4-7b is
analyzed. It has been assumed that the input (Poly-Si) resistors R;, are linear and
that the mixer switches are connected to ideal virtual ground nodes (opamp has
infinite gain). For distortion analysis, a mixer transistor is modelled as a
non-linear impedance and an ideal switch (Fig.4-8) [4]. The switch impedance
ron is calculated by

aV,,
on = 37 @-3)

n
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where i;, is the current through the switch and V, the voltage across the switch.
Using the model of a MOS transistor operating in the linear region, the switch
impedance equals

L

r =
on “nCoxW(Vgr‘ Vis)

4-4)

where |, is the mobility, C,, the oxide capacitance, W and L the transistor
dimensions

;
Vi = 5"V, (4-5)

! Rin *Ton "
and V, is the effective gate-source voltage obeying

Vgx = VT + Vgl (4-6)

where V7 is the threshold voltage. From Fig.4-8, the signal current through the
input resistor and switch impedance can be calculated

. 1

" Rt “r
Substituting Eq. (4-4), Eq. (4-5), and Eq. (4-7) gives a non-linear expression for the
signal current i;, (after Taylor series expansion)

V. 3-v3,

in

i = +
in 3
R, + T'on 8- Fon (R, +r

4-8)
on)3 ' V;,
Using the result of Eq. (4-8), the expression for the third-order harmonic
distortion (for a sinusoidal input signal) is

2
3 Vin (ron)3
HD3 = = .| | (2n (4-9)
32 (Vg,] R,

assuming that the switch impedance is much smaller than the input resistance.
Inspecting Eq. (4-9) reveals that distortion can be minimized by applying a large
overdrive voltage Vy, to the mixer switches. Furthermore, the switch impedances
should be made small compared to the input resistance. This is achieved by
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making the W over L ratio of the switch transistors large. The upper limit of the
transistor size is determined by charge injection of the switches and speed
requirements

@
]
Rin in Rin fon S
1 il 1

Fig. 4-8 Mixer model (single-sided)

Example 4.1: Consider the following data; V,, is 1V (amplitude), Vg, is
250 mV, r,, is 1kQ and R;, is 70kQ (V, is 14 mV). Substituting these
parameters into Eq. (4-9) yields a HD3 of -107 dB. This example shows that
high linearity of the mixer is achievable with this architecture.

4.3.3 Local oscillator driver

The mixer switches are connected to the input nodes of an opamp as well as to the
feedback paths of the sigma-delta modulator (Fig.4-7b). Being placed at the input
of the sigma-delta modulator, any non-idealities of the mixer will have a direct
impact on the modulator performance. This also applies to the local oscillator
circuit that drives the mixer. The mixer has two clock inputs ¢; and ¢, with
complementary phases. Ideally, the clock signals have exactly 180 degrees phase
difference and infinitely steep rising and falling edges. However, due to parasitic
effects it is not possible to generate these perfect complementary clock signals.
Assuming infinitely steep edges, four different phases can be distinguished in
case the inverter that is generating signal ¢, has a small delay (Fig.4-9). During
phases ¢, and @3,the clock signals are inverse to each other. During phases ¢, and
¢4 the clock signals are both high and low, respectively. If the mixer is
implemented with NMOS transistors, all switches are closed during phase ¢, and
open during phase ¢4. The inverse situation occurs if the mixer is implemented
with PMOS devices. When all switches are conducting at the same time, a low
impedance path connects the feedback paths of the sigma-delta modulator as well
as the input nodes of the opamp. In the following, two effects of the overlapping
phases of the mixer clock are described. The first effect is due to the finite
transconductance of the opamp and the second one is due to the offset.
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delay
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Fig. 4-9  Overlapping mixer driver circuit (a); clock phases (b)

Effect of finite transconductance

To analyze the effect of the overlapping phase @, and the non-overlapping phase
@4, the DAC current iy, flowing into the integration capacitors C;, is calculated
during all phases using Fig.4-7b. It has been assumed that the input voltage v;, is
zero and that the amplifier does not have any offset. During phases ¢ and @3 one
pair of switches is open and one is closed. The current iy, in phases @; and @5
equals

1
1 ( Rdac)
2R, +— |1+ 2
dac gm Rm

“Viac (4-10)

ldac =

The right-hand term of the denominator can be neglected if the opamp has good
virtual ground nodes (transconductance g, is high) and if the DAC resistance
R 4, and input resistance R;, have values that are in the same order (term between
brackets in Eq. (4-10) is close to one). In phase @, all switches are conducting and
an equivalent resistance r,,, (switch ON-impedance) is present between the input
nodes of the amplifier. The current in phase @, is

1
2R
2Rdar+§1—-(l + ———i"f)

m

ldac = Viac @-1h)

The term between the brackets is now much larger than one, if the DAC and input
resistances are large and the switch impedance 7, small. Assuming that all mixer
phases are within one DAC period (V. does not change), the difference between
Eq. (4-10) and Eq. (4-11) represents the amplitude drop in DAC current during
phase ¢,. Assuming that the input resistance is much larger than the switch
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impedance and that the DAC resistance is much larger than the inverse of the
transconductance of the amplifier, the relative DAC current error is

Aidac ~ 1
Idac 1+ Emlon

4-12)

From Eq. (4-12) it can be seen that the larger the transconductance g,,, the smaller
the amplitude drop. In other words, with stronger virtual ground nodes the
amplifier is less sensitive to the low impedance of the mixer during phase @,. The
relative charge error is calculated by

Maac _ fo2 fr0 13)
Qdac 1+ EmTon

where #¢; is the interval time of phase @, and f; o the local oscillator frequency. In
phase @4 all switches are open and the input resistors are disconnected from the
opamp input nodes. The current can be simply determined from Eq. (4-10)
considering that the input resistors have become infinitely large

, 1
tdac = 1 Vdac @4-14)

2R, .+ —
dac &m

The same analysis as before can be done to calculate the relative charge error in
phase @. If £y is the interval time of phase @, the relative charge error is

AMaac _'92" J10 @-15)
dac ngRin

In section 4.3.2 it has been shown that an important design constraint for linearity
of the mixer is that

Rin »T o0 (4-16)

Comparing Eq. (4-13) and Eq. (4-15) shows that the charge error is much smaller
in phase @, than in phase @.

Example 4.2: Consider the following data: g,, is 3.4 mA/V, R;, is 70k, r,,
is 1kQ, 77 = tpq is 200 ps, and f7p is 10 MHz. From this data, it can be
calculated that the relative charge errors are 0.045 % and 0.004 %o in phase ¢,
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and phase @4 respectively. In this example the error in phase ¢, is about 40 dB
smaller than the error in phase ¢,.

With the data of the example above, two different clock schemes have been
simulated. The first clock scheme has an overlapping and a non-overlapping
phase (Fig.4-9) and the second scheme has two non-overlapping phases
(Fig.4-21). We refer to the clock schemes as overlapping and non-overlapping,
respectively. Furthermore, the sampling frequency of the XA modulator is
12.96 MHz and the local oscillator frequency is 6.48 MHz. The input signal is a
6.531840 MHz sinusoidal, which is mixed down to 51.84 kHz by the 6.48 MHz
mixer. The (non)-overlapping phases are all 200 ps. For both simulations, the
high-frequency quantization noise spectrum is similar and Fig.4-10 shows a
detailed plot of this high-frequency quantization noise near the 6.48 MHz local
oscillator carrier. Discrete tones are present at 6.368 MHz (-10.7 dB), 6.385 MHz
(-10.8dB), 6420 MHz (-79dB), 6437 MHz (-7.9dB), and 6.4717 MHz
(-22.1 dB).

Bitstream spectrum

Amplitude (dB)

_8 I 1 1 L 1
6.36 6.38 6.4 6.42 6.44 6.46 6.48
Frequency (Hz) x 10°

Fig. 4-10 High-frequency quantization noise of IF LA modulator

Fig.4-11 shows the simulated low-frequency output spectrum of the XA
modulator with mixer that is driven by the overlapping clock scheme. The signal
carrier is visible at 51.84 kHz and tones show up at 8.3 kHz (-92.9 dB), 43.5 kHz
(-78.7 dB), 60.1 kHz (-78.6 dB), 95.4 kHz (-81.2 dB), and 112.0 kHz (-81.7 dB).
The noise level gradually increases from about -120 dB to -110 dB (resolution
bandwidth is 129.6 Hz). The in-band noise and frequency tones are mainly
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high-frequency quantization noise which is leaked in the signal band due to the
overlapping (and non-overlapping) phases of the LO mixer driver.

The output spectrum of the XA modulator with mixer, driven by the
non-overlapping clock scheme, is shown in Fig.4-12. Two small tones around the
signal carrier can be observed at 44.5kHz (-119.2dB) and at 59.2 kHz
(-118.8 dB). Again, these are high-frequency tones in the quantization noise
spectrum at 6.48 MHz.

Consequently, in Fig.4-11 the high-frequency tones and noise leak into baseband
with a gain of -70.8 dB, which agrees with the result of Eq.(4-13). The
signal-to-noise ratio within the frequency band from 1 kHz to 100 kHz is 39.3 dB.
The suppression of the tones in Fig.4-12 is simulated to be about 111 dB. The
SNR is 58.5dB, which is close to the SNR in the case of ideal complementary
clock phases (59dB). Compared to the simulation with overlapping clock signals,
the resolution is improved more than 19 dB using a non-overlapping clock
scheme.

o

Amplitude (dB)

160 i L \
0 2 4

6 8 10 12
Frequency (Hz) x10*

Fig. 4-11 Simulated output spectrum of IF XA modulator with
mixer driven by overlapping clock phases
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Bitstream spectrum
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Fig. 4-12 Simulated output spectrum of IF XA modulator with
mixer driven by non-overlapping clock phases

Effect of offset

In the following it has been assumed that the opamp has an offset voltage V,;, and
the associated equivalent input referred offset current I, is calculated in all
phases. The offset current in phase @ and @ is the quotient of the offset voltage
and parallel impedance of the input and DAC resistors

R, +R
| minT Tdac g (4-17)
o 2'Rin'Rdac os

Considering Eq. (4-16), the offset current in phase ¢, approximately equals

1y (4-18)

os 1 os

—gm

ran

Because of the low switch ON-impedance, the transconductance of the opamp
can not be neglected. Inspecting the denominator of Eq. (4-18) learns that a large
offset current is present during phase ¢, as the offset voltage is divided by a small
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impedance. In phase @4 the input resistors are disconnected and the offset current
is derived from Eq. (4-17) considering that the input resistors are infinitely large

1
I~ T V,, 4-19)
which is much smaller than the offset in phase @, because of the large DAC
impedance.

Example 4.3: Using the data of the previous example and if V,;is 3 mV and
R, s 33 kQQ the offset currents are calculated to be 4.25 pA and 45.5 nA in
phase @, and phase @,, respectively. The equivalent offset current can be
calculated by multiplying Eq. (4-18) and Eq. (4-19) with the duty cycle of the
overlapping and non-overlapping phase respectively.

4.3.4 Self-mixing

Clock feedthrough of the LO signal to the input of the mixer may result in an
offset at the output of the mixer. This effect is referred to as self-mixing [5] and
will be explained in this section. The gate capacitors of a MOSFET switch
provide high frequency paths for the LO signal. The model of a switch including
parasitic gate-capacitors is shown in Fig.4-13, where Cgy and Cgy are the
gate-drain and gate-source capacitances respectively [6]. If the LO signal at the
gates of the switches changes from low to high, or vice versa, charge is
transferred to the input and output nodes of the mixer.

G

Cga &/ C,

h
Fig. 4-13 MOS transistor with parasitic gate-capacitors

With the model of Fig.4-14 the self-mixing mechanism is explained. It is
assumed that all switches are ideal (R, is zero) and that perfect complementary
LO clock signals are used. Only the parasitic gate-capacitors of switch S; have
been included. In Fig.4-14a the switches S;-S, are turned on and $3-S, are turned
off. The thick line shows the charge transportation path. The charge through both
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gate capacitors is pumped into the upper integration capacitor. The differential
output voltage step as a result of charge injection of switch S is

av,, = v, et Ced

o = Ve =G (4-20)

i

where V, is the voltage swing at the gate of switch S;. The other situation is
shown in Fig.4-14b, where §;-S, are switched off and §3-S, are switched on.
Now, the charge of the gate-source capacitor is pumped into the upper integration
capacitor and the charge of the gate-drain capacitor is pumped into the lower
integration capacitor through switch S3. The output step equals

(4-21)

Adding Eq. (4-20) and Eq. (4-21) gives the output voltage V,,, after a mixing
period, due to self-mixing

oy S

—= 4-22
v v (“-22)

Hence, the charge transfer through the gate-source capacitor is balanced out after
one mixing period, while the charge of the gate-drain capacitor is modulated by
switches S; and S3, resulting in an equivalent offset current flowing into the
integration capacitors.

Fig. 4-14 Model of mixer with parasitic capacitors of switch §;. S
switching on (a); S; switching off (b)
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To minimize the effect of self-mixing, good matching of parasitic capacitors of
the switches is required. If the switches have identical impedances and parasitic
capacitors, all charge transfers are balanced and the offset is zero. To minimize
charge injection, the switches should have small dimensions in order to have little
parasitic capacitance. This design constraint is opposed to the linearity constraint,
which requires switches with a large W/L ratio (section 4.3.2). To satisfy both
constraints, the switches can be dimensioned best with a small channel length.

4.4 [IF sigma-delta modulator design

In this section the design of a continuous-time XA modulator with mixer is
described for A/D conversion of input signals, which are modulated at an
intermediate frequency. The main target of this design is to show that highly
linear A/D conversion of IF signals can be achieved at low-power consumption.
The mixer is placed outside the ZA loop. For high linearity of the DAC in the
feedback path, a single-bit XA modulator is used.

4.4.1 IF sigma-delta modulator topology

The block diagram of the ZA modulator with mixer is shown in Fig.4-15 [3]. The
fully differential modulator includes a mixer at the input, a fourth-order
continuous-time lowpass loopfilter [7] - [8], a single-bit A/D converter and a
feedback path with D/A converter closing the XA loop. The input stage is the
linear RC integrator with mixer topology of Fig.4-7b. The higher-order filter
stages are transconductance-C integrators. The feedforward paths are
implemented by means of transconductance amplifiers, which provide current
output signals. Summing of the currents can be done by simply connecting all the
output nodes. The comparator is designed to have current input capability. Each
sampling period, the comparator takes a sample of the output signal of the
loopfilter and determines the signal polarity. The output is a digital bitstream at
the sample rate. The output data is fed back through a D/A converter which
provides a positive or negative reference voltage. The reference voltage is
converted into a current by the feedback resistors R,,. and subtracted from the
input current. The filter stability coefficients have been determined according to
the analysis in section 3.4.1. With a sampling rate of 13.0 MHz, which is a
common GSM crystal oscillator frequency, the oversampling factor is 48 (f, =
270.833 Hz).
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Fig. 4-15 Block diagram of IF A modulator, including mixer,
anti-aliasing filter and A/D converter.
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Fig. 4-16 Simulated output spectrum of IF ZA modulator with full
scale 6.510 MHz input signal (LO is 6.5 MHz)

CONTINUOUS-TIME A MODULATION FOR IF A/D CONVERSION 91



Continuous-time sigma-delta IF-to-baseband ADC

With a fourth-order loopfilter, the (full signal) signal-to-quantization-noise in
100 kHz bandwidth is simulated to be 88 dB. Fig.4-16 shows the simulated
output spectrum of the fourth-order £A modulator. In this simulation, the LO
frequency is equal to half the sampling frequency (6.5 MHz) and the full-scale IF
input signal is at 6.510 MHz. In the following, the designs of the individual
blocks are described in more detail.

4.4.2 Input filter stage design

In Fig.4-17 the circuit design of the differential opamp with its biasing circuit is
shown, that is used for the input filter stage. The opamp has a telescopic
architecture implying that all transistors, including the common-mode transistors,
are stacked in only two differential branches [9]. This way, current consumption
of the opamp is a factor of two lower than of an opamp with a folded cascode
architecture [10]. Due to the stacking of all transistors, the maximum output
swing is limited. The differential input pair M;-M,, together with the cascode
transistors M3-M, boost the DC voltage gain of the differential input pair to a
value of about 80 dB. The current sources M;-Mg also have cascode transistors
Ms-Mg in order to keep the output impedance high. Transistor My is the PMOS
current source of the opamp. Transistors M(-M;; are biased in the linear region
and the gates of these transistors control the common-mode output level, set by
transistor My7.

Vin o—[ M

vy

M%[:;

M M [:1'“14 Vr

M7r|= il A ;v;

Fig. 4-17 Differential inverting amplifier with biasing circuit
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The minimum supply voltage is determined by the saturation voltages of M7, M5,
M3, My and My (200mV each), the drain-source voltage of M, (100 mV), and the
maximum peak-to-peak swing at the output (400 mV,,). Taking into account
process spread, the minimum supply voltage is about 1.6 V. For proper biasing of
the cascode transistors M3-M, at full output swing, the output common-mode
level is designed to be lower (V4,/3) than the input common-mode level (V,/2).

Distortion versus supply current

Distortion of the opamp of Fig.4-17 is mainly caused by the non-linear
differential input transistor pair M-M, [11]. Fig.4-18 shows the non-linear model
of the RC integrator in the 2A loop. Due to the finite gain of the opamp, a small
residue signal v, is modulating the non-linear input pair. Using the square-law
model of a MOS transistor {12], the residue voltage can be calculated (strong

inversion)
v, = / - 4-23)
up ox

where i is the output current, J, is the bias current of transistors M{-M,, L and W
are the transistor dimensions, and p, the mobility. Taylor series expansion of
Eq. (4-23) yields an expression for the linear and non-linear transconductance.

Fig. 4-18 Model of input stage for distortion analysis
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Usually, in a differential system, the third-harmonic term is dominating the
non-linear transfer

is 2y ———v34+ ... (4-24)

where the transconductance g,, equals

w, _ 2,
8m = |2pCorTly = 7 (4-25)

where V,, is the effective gate-source voltage. With the non-linear
transconductance of Eq. (4-24) the relation between the current signals of the
integrator is determined

3
; 11 ) 8m 3

=t ——g | v, -—my 4-26
r (Rin Rdac Bm) Ve 321% i ( )

where i, is the residue input current

w V
i = Sy dac 4-27)

With Eq. (4-26), the expression for the residue voltage v, can be calculated as a
function of the residue current i,

3

1 . 8m .4 (1 1 )
V= =i g =g, | —+ (4-28)
r gm r 33. gm14 . IZ_ r 8m 8m R. Rdac

in

The expression for the residue voltage is known, and the non-linear expression for
the input current i;,, and the feedback current iy, is extracted as a function of the
residue current

3
. . 1( 1(1 ID.(I 1)gm .3
i 4+i,  =1-— [=—+ i —|=—+ — |———i (4-29)
" dac 2 8m Ri Rdac " R; Rdac 648”,'412 ’

n n
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Using the result of section 3.2.3, the relation for the third-order harmonic
distortion (HD3) is determined from Eq. (4-29)

.y "

v, R, v,V. R.

HD3z%(l . m) _ _VstVin 3(1 N ,,,) 30)
548, Rin 1 Rjac 128(R;,1,) Riqc

To minimize the bias current I, the input resistance R, is designed to be as large
as possible. The upper limit for R;, is set by the allowed thermal noise level
(Eq. 4-31)). Moreover, the effective gate-source voltage V,, of the input
transistors should be made small (close to moderate inversion). This is done by
designing the input transistors with a large W/L ratio. Table 4-1 shows the design
parameters for the first integrator. Substituting these parameters into Eq. (4-30)
gives an estimation of the third-harmonic distortion of the A modulator, which is
below -100dB.

Table 4-1 Design parameters

Vi 2.5V
&m 3.4mA/V
A 210pA
v, 1.875V
Ry 70kQ
Rae 33kQ

The input resistors and feedback resistors are dimensioned such that their noise
contributions dominate quantization noise. The contribution of circuit noise of the
opamp is neglected. In addition, due to the large signal bandwidth, thermal noise
of the resistors dominates flicker noise of the opamp. The thermal noise of the
resistors is

Rin
Ny, = kTR, 1+ 222 )1, @-31)

dac

The resistor ratio R;,,/R;,. is determined by the maximum input level and the
DAC reference level according to

Rin -1 [?'V_'" (4-32)
Ry, 1-RTZ Vg,
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where RTZ is the return-to-zero time (relative to the sampling period).
Minimizing the resistor ratio value implies a small RTZ interval and a large
reference level V.. The upper limit of the input resistance R;, is determined by
Eq. 4-31) and Eq. (4-32).

4.4.3 Transconductance-C integrator

The higher-order filter stages of the XA modulator are implemented by
transconductance-C integrators. The integrators have voltage input and voltage
output capability. Fig.4-19 shows the circuit design of the transconductance
amplifier. The differential input pair M-M, convert the input voltage into a
current. A degeneration resistor R, between the sources of the input transistors
increases the linear input range of the amplifier. Noise and distortion of the higher
order integrators are not critical, as non-ideal behaviour is suppressed by the gain
of the previous stages. The output current flows into the integration capacitor
between the output nodes of the amplifier. Because of the lack of feedback, the
input impedance of the amplifier is very large. Transistors Ms-Mg are NMOS
current sources with cascodes M3;-M,. The common-mode output level is
controlled by transistors Mg-M, as described in the previous section. The DC
gain of all filter stages add to the total loopgain. Accordingly, the gain of each
stage does not have to be high and 40 dB is sufficient. The input pair does not
need cascode transistors for gain enhancement. The minimum supply voltage is
equal to the saturation voltages of transistors Ms, M3, M; and M7 (200 mV each),
the drain-source voltage of Mg (100 mV), and the maximum peak-to-peak swing
at the output and the maximum peak-to-peak swing at the source of M; (both
400 mV with 180° phase difference). Taking into account an extra 100 mV of
spread, gives a minimum supply voltage of 1.8 V. The critical part in the design of
the OTA is the biasing of the input transistors M;-M,. Due to the source
degeneration, the full input swing at the gates of the input pair modulates the
sources. As a number of transconductance-C integrators are cascaded, all
integrators are biased at equal input and output common-mode levels (V44/3), as
well as equal maximum input and output signal swings (800 mV , differential).
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Fig. 4-19 Circuit design of transconductance amplifier with source
degeneration.

4.4.4 A/D and D/A converter

The one-bit A/D converter design is shown in Fig.4-20. It has a differential
current input #; which is converted into a voltage output by the latch M,-M,, with
cascode transistors M3-M, to increase latching speed. The latch is biased by
current sources M| ;-M, with cascodes Mg-M;q. The output swing of the latch
has been limited by diodes M5-Mg, to ensure proper biasing of the NMOS current
sources and cascode transistors at full output swing of the latch. The latch output
signal V, is fed into an inverter stage, producing a true digital output, which is
stored into a flipflop. After the latch has made a decision, the latch output is reset
to half the supply voltage by the CMOS switch M7-Mg. In the layout, special
attention is paid to symmetry of the latch. If a mismatch exists between the
capacitive loads of the differential output nodes of the latch, asymmetrical charge
injection by the reset switch causes an offset. Due to this offset, the latch could be
making incorrect decisions in the case of small input signals. However, these
errors are not very critical as they are suppressed by the fourth-order loopfiilter.
The D/A converter consists of three switches, which connect the feedback
resistors to the positive or negative reference, or a zero reference during the
return-to-zero time. Because the feedback signal is a single-bit rectangular
waveform, linearity of the DAC switches is not important and they can have small
dimensions. Care is taken that both the positive and negative differential current
pulses contain the same amount of charge.
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Fig. 4-20 Single-bit A/D converter circuit

4.4.5 LO driver scheme

The need for a non-overlapping mixer LO driver has been elaborated in
section 4.3.3. A simple implementation of a circuit, generating non-overlapping
clock phases, is shown in Fig.4-21a. It consists of two digital NAND ports (N}
and N,), two delay lines and two feedback paths. The NAND ports are driven by
(non-ideal) complementary clock phases. Each NAND output is delayed by the
delay line and fed back to the input of the complementary NAND port. The output
buffers drive the mixer switches. The clock signals of the LO driver circuit are
shown in Fig.4-21b. If the input CLK signal is low, the output node of N is high.
After some delay, the output of N is fed back to the input of N,. As both inputs of
N, are high, the output of N, becomes low. If the CLK signal changes from low to
high, the clock input of N, becomes low. Consequently, the output of N is high.
After some delay, both inputs of N; are high and its output changes from high to
low. The inverting output buffer transform the overlapping clock phases into
non-overlapping clock phases ¢, and ¢,, which are never high at the same time.
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Fig. 4-21 Non-overlapping LO mixer driver circuit (a); Clock
phases (b).

4.5 Experimental results

In this section the experimental results of two test chips are presented. The first
test chip incorporates the fourth-order continuous-time A modulator, without the
IF mixer. The second test chip is the IF-to-baseband XA modulator of Fig.4-15.
The chip micrograph (active area) and partitioning of the £A modulator with
mixer is shown in Fig.4-22. The input stage and its biasing circuit roughly takes
50% of the total active area. The mixer area occupies only a very small part of the
chip. The circuit has been designed in a 0.35 um CMOS process with a single
polysilicon layer, used for the resistors, and 5 metal layers. The active area of the
test chip measures 0.2 mm?. The LO driver circuit has not been integrated on chip
for testing possibilities with different LO clock schemes.

Input stage Loopfilter

a

mixer

A/D & D/A

Fig. 4-22 Test chip micrograph of IF XA modulator
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4.5.1 Test chip 1: Baseband sigma-delta modulator

Fig.4-23 shows the measurement setup for the test chip. A Rohde&Schwarz
andio analyzer provides a floating differential voltage signal which is connected
to the input nodes of the chip. The bitstream output is connected to a 1-bit audio
D/A converter which is synchronized with the master clock of the test chip. The
analog DAC output is connected to the analog input of the Rohde&Schwarz
analyzer, performing an 8192 points Fourier transform. Due to the 75 kHz
bandwidth of the audio DAC, the end-of-the-band noise spectrum of the chip
output signal is slightly suppressed. In all measurement plots, the maximum input
level has been normalized to 0 dB. Signals and distortion tones, as well as noise
are all relative to 0 dB. The analyzer bandwidth is 100 kHz, and the resolution
bandwidth of the 8192 FFT is 12.2 Hz. All measurements have been done at a
supply voltage of 2.5 V and a sampling rate of 13.0 MHz.

' Rohde&Schwarz i
| BW=100kHz  BW=75kHz | BW=100KHz |
' : »g192] |
: N, 5 CHIP oA e |

Fig. 4-23 Measurement setup

Distortion is measured with a full scale input signal. Fig.4-24 shows the output
spectrum of a 0 dB, 10 kHz input signal. The second and third-harmonic tones
can be found at 20 kHz and 30 kHz respectively. Obviously, the second-harmonic
is dominant at -90 dB, while the third-harmonic is well below -100 dB. It can be
observed that the noise band around the 10 kHz carrier is slightly suppressed. Due
to the limited dynamic range of the frequency analyzer, the signal carrier (and a
small frequency band around it) has been filtered out, before calculating the FFT.
A gain correction of the signal carrier is done afterwards. The noise reduction
around the signal carrier has not been compensated and a small dip in the noise
remains. Domination of the second-harmonic tone is not to be expected in a fully
differential circuit. A possible cause may be an unbalance between the differential
paths, which results in a finite suppression of even harmonic distortion: in the
differential circuit. The low third-harmonic tone shows the excellent linearity of
the modulator which was to be expected from the linearity analysis in
section 4.4.2.
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Fig. 4-24 Measured output spectrum for a full scale (0 dB), 10 kHz
input signal. The second-harmonic tone is at -90 dB, the
third-harmonic tone is well below -100 dB.
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Fig. 4-25 Measured output spectrum in the case of zero input
signal. Spectral tones can be observed at 1.6 kHz and
4.8 kHz.
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Spectral tones are measured when no signal is applied to the input (section 3.2.2).
The output spectrum is shown in Fig.4-25. A tone of -90 dB is present at 1.6 kHz,
and a smaller one at 4.8 kHz (-100 dB).

The signal-to-noise-and-distortion (SINAD) ratio has been measured as a
function of the applied input level in Fig.4-26. The input frequency is 10 kHz and
the input level step size is 1 dB. From the SINAD plot, it can be seen that the
curvature is almost flat up to the full scale input level. For small input signals the
dynamic range is about 88 dB. For a maximum input level, the peak SINAD ratio
drops to 86dB, due to the second-harmonic distortion component and the
increment of quantization noise. For signals larger than 0 dB the A modulator is
overloaded. Clipping of the integrators force the modulator into a stable
second-order topology. If the modulator is in overload, large in-band distortion
tones degrade the performance, and the SINAD ratio drops rapidly. At the end of
the 100 kHz band, the quantization noise rolls off a little due to the filtering by the
D/A converter in the measurement setup.

Measured SINAD
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Fig. 4-26 Measured SINAD ratio as function of applied input level
(10 kHz input signal).

4.5.2 Test chip 2: IF-to-baseband sigma-delta modulator

The second test chip incorporates the XA modulator and the mixer. An FM
generator was used to provide the IF input signal. The gain of the passive mixer is
-3.9 dB. In order to have the same maximum input level as the baseband test chip,
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the DAC reference voltage has been scaled down by 3.9 dB as well. The measured
output spectrum is shown in Fig.4-27 for a -30 dBFS, 20 kHz sinusoidal input
signal. The spurious tones and quantization noise are well below -100 dB. The
SNR is measured to be 54 dB for the -30 dBFS input, resulting in a dynamic
range of 84 dB. The DR is 4 dB lower than that of the first test chip, due to the
downscaling of the DAC reference.

Measured output spectrum
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Fig. 4-27 Measured output spectrum for a -30 dBFS, 13.020 MHz
input signal (mixer LO frequency is 13.0 MHz).

The next measurements show the effect of overlapping and non-overlapping
mixer LO phases (Fig.4-28). The mixer is operating at half the sampling
frequency (6.5 MHz) and a -30 dBFS, 6.549 MHz input signal has been applied.
In the frequency band around this LO frequency, quantization noise power is high
and the effect of overlapping mixer LO phases is large (dashed line in Fig.4-28).
Clearly, strong tones are visible in the signal band and the noise level is slightly
below -100 dB. The -30 dBFS signal carrier is at 49 kHz.

In the second measurement, non-overlapping clock phases have been used (solid
line in Fig.4-28). The discrete peaks have disappeared and the noise level has
dropped by 10dB to the same level as in Fig.4-27. No noticeable SNR
degradation is measured if the non-overlapping clock phases are used.
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Measured output spectrum
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Fig. 4-28 Measured output spectrum of -30 dBFS, 6.549 MHz
input signal (mixer LO frequency is 6.5 MHz). The mixer
is driven by overlapping LO phases (dashed) and
non-overlapping LO phases (solid).
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Fig. 4-29 Output spectrum for IM3 measurement. Two -6 dBFS IF
input tones at 13.040 MHz and 13.052 MHz are applied.
The mixer LO frequency is 13.0 MHz
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Finally, linearity performance of the IF XA modulator is investigated. Two IF
input signals of -6 dBFS at 13.040 MHz and 13.052 MHz have been applied and
the mixer LO frequency is 13.0 MHz. As the two-tone signal generator already
produces large inherent intermodulation distortion, two separate generators have
been used, each generating a single tone. A linear signal combiner circuit has
been designed which combines both tones and produces a differential two-tone IF
output signal with low intermodulation distortion. Fig.4-29 shows the measured
output spectrum. The average of 8 consecutive measured spectra has been
calculated to get a clear view of the distortion tones. The -6 dBFS input tones are
modulated by the mixer to 40kHz and 52 kHz respectively. Third-order
intermodulation distortion tones can be found at 28 kHz and 64 kHz respectively
and are 84 dB down relative to the signal carriers. This results in a measured IM3
of -84 dB. The noise bulb around the 40 kHz carrier is phase noise from the
13.040 MHz signal generator. The generator producing the 13.052 MHz tone did
have a clean spectrum around the carrier. Switching of the generator frequencies
showed a clean spectrum around the 40 kHz carrier and phase noise around the
52 kHz carrier. The noise level of the spectrum of Fig.4-29 is higher than in
Fig.4-27 (same resolution bandwidth). This observation is associated with the
limited dynamic range of the measurement system, as has been the case for the
distortion measurement of Fig.4-24. For the single tone measurement of
Fig.4-24, this problem is solved by filtering out the signal carrier, before
performing the FFT. The problem remains for the two-tone measurement of
Fig.4-29, because only one of the tones could be filtered out by the frequency
analyzer. Therefore, at a full scale two-tone measurement, dynamic range is
limited by the analyzer.

4.5.3 Performance summary

The measured performance has been summarized in Table 4-2. Total power
consumption of the XA modulator and mixer is 1.8 mW from a 2.5V supply
voltage. From 50 samples, 49 chips were tested to be functional. The sampling
frequency of 13.0 MHz has been extracted from a GSM crystal oscillator. The
oscillator and phase-locked-loop (PLL) have a total measured phase jitter of
4.5 ps.
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Table 4-2  Performance summary

Parameter Value Unit
Technology 0.35um CMOS (1P5M)

Chip area 0.2 mm?
Sampling rate 13.0 MHz
Bandwidth 100 kHz
Max. input 13 Vims
Supply voltage 25 v
Power 1.8 mW
LO frequency 0-50 MHz
Dynamic range 82 dB
IM3 (f o = 13MHz) -84 dB

4.6 Conclusions

In this chapter, the theory and design of a continuous-time A modulator with
integrated mixer have been described. Frequency translation can be performed
inside or outside the XA loop. Placing mixers inside the loop for frequency
translation, gives suppression of mixer non-idealities by the loopgain, if the ZA
modulator has a multi-bit feedback signal or a filter in the feedback path. Phase
errors between mixers inside a continuous-time loop cause synchronization
problems which result in quantization noise modulation with the mixer LO
frequency. To overcome this problem the LO frequency and sampling frequency
should be related. If frequency translation is done outside the XA loop, only a
single mixer is required which does not have the problem of synchronization
errors. As a result, the LO frequency and sampling frequency can be chosen
independently.

It is shown that a passive mixer can be integrated with the RC integrator of the ZA
loopfilter for linear frequency translation. The RC filter has resistors for linear V/I
conversion of the input and feedback voltage signals. The virtual ground nodes of
an amplifier provide linear summation nodes of the signal currents. The passive
mixer should be driven by a non-overlapping clock scheme to prevent modulation
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of the quantization noise spectrum with the LO frequency, by periodic shorting of
the differential feedback paths.

Measurement results of a prototype test chip with the integrated design of a
fourth-order continuous-time XA modulator and passive mixer topology show that
high linearity of the mixer is achieved. Power consumption of the mixer is
negligible. Driving the mixer with an overlapping clock scheme showed serious
performance degradation for an LO frequency equal to half the sampling
frequency. This effect of quantization noise modulation with the LO frequency is
greatly suppressed if the mixer is driven with a non-overlapping clock scheme.
The IF-to-baseband A/D converter realizes 82 dB of dynamic range in 100 kHz at
a power consumption of only 1.8 mW. Measured third-order intermodulation
distortion (IM3) for two -6 dBV input tones is -84 dB.
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Image rejection limits of
quadrature sigma-delta
modulation 5

5.1 Introduction

In this chapter the theory, design and experimental results of a quadrature XA
modulator with dynamic element matching (DEM) for image rejection
improvement is presented. This A/D converter has been designed for application
in an AM/FM radio receiver. In chapter 2 it was explained that image rejection
performance in a receiver with frequency translation of the desired channel to a
low-IF should be in the order of 80-90 dB. This amount of image rejection is
achieved with a combination of channel selection and quadrature demodulation.
In this chapter, the image rejection performance of a quadrature IF-to-baseband
YA modulator will be analysed. In section 5.2 the main limitations of image
rejection in the quadrature £A modulator are shown. A powerful way to improve
matching and image rejection is DEM. In section 5.3.1 a novel DEM algorithm is
presented which is controlled by the complex bitstream output of the quadrature
ZA modulator. The implementation of the DEM circuit is shown in section 5.3.2
and the effect of impedance mismatch and charge injection of the DAC and DEM
switches are explained in section 5.3.3 and section 5.3.4 respectively. In
section 5.4 the design of a prototype test chip is discussed, and experimental
results of the realized chip can be found in section 5.5. Finally, conclusions have
been drawn in section 5.6.
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5.2 Image interference

The design of the quadrature XA modulator in this chapter consists of two IF-to-
baseband A modulators as presented in chapter 4. The mixers of the modulators
are driven by quadrature LO clock signals, to generate quadrature input signals
with 90° phase difference. In section 2.4.3 it was explained that any gain or phase
mismatch between the quadrature signals becomes evident in a finite image
rejection ratio. In a ZA modulator, non-idealities at the input of the system
dominate the overall performance (section 3.2.3). Errors which are introduced
further in the loop, are reduced by the gain of the preceding stages. This also
applies to gain and phase mismatch between the I and Q signals in a quadrature
2ZA modulator system. Fig. 5-1 shows a general model of a quadrature ZA
modulator. The input signal X is fed to the quadrature paths, which both
incorporate a V/I converter and current mixer, producing quadrature signals X;
and X. The quadrature loopfilter may consist of two real filters or a complex
filter (section 3.5.2). Two sampling comparators generate the quadrature single-
bit datastreams DATA-I and DATA-Q. The digital output is fed to the feedback
loop that has a DAC and a V/I converter. Depending on the logic level of the
DAC input signal, that can be a logic ‘1’ or ‘0’, the output of the DAC is either
connected to the positive reference voltage (+V,,p) or negative reference voltage
(-Vyp respectively. The DAC output voltage is converted into a current by a V/I
converter and subtracted as a current signal from the input current signal.
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Fig. 5-1 Model of a continuous-time quadrature LA modulator
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5.2 Image interference

If it is assumed that ideal subtraction of the input and feedback signals is
performed in the system of Fig. 5-1, the maximum image rejection ratio is limited
mainly due to

* Mismatch between D/A converters
o Mismatch between mixers and quadrature LO signals

o Mismatch between V/I converters

In the implementation of the quadrature ZA modulator of Fig. 5-1, the mixers and
DACs consist of switches. Mismatch between the switches is negligible if the
switch impedance is much smaller than the impedance of the V/I converters.
Accurate phase matching between the quadrature LO signals is achieved by re-
clocking these signals with a four times higher master clock [1]. The V/I
converters have been implemented with polysilicon resistors. These resistors
exhibit a parasitic capacitance to the underlying layer, and add a phase shift to the
input and feedback signals. The V/I converters in the input paths are outside the
XA loop, and a phase shift of the input signal does not affect stability. Therefore,
the resistors can be designed with large dimensions (having large parasitic
capacitance) for good matching. Moreover, as the signals through these V/I
converters in the quadrature paths are identical, (matched) capacitive coupling of
the signals from the I to the Q path (and vice versa) is not a problem. As a
consequence, the resistors of both V/I converters can be placed interleaved
according to the layout of Fig. 5-2 to improve matching. This does not apply to
the V/I converters in the feedback paths. For stability of the loop, the parasitic
delay of the resistors in the feedback circuit must be small. Therefore, small-sized
resistors are required. Futhermore, parasitic coupling between the feedback paths
adds to the total image interference of the quadrature modulator. Hence the
feedback resistors of the I and Q paths should be placed in isolation from each
other. Consequently, matching of the feedback resistors is much worse than
matching of the input resistors.

Fig. 5-2  Layout of interleaved resistor pair
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5.3 Dynamic element matching

To improve matching of the feedback resistors, dynamic element is used which is
described in this section. Dynamic element matching (DEM) is based on periodic
exchanging of reference elements which may have a mismatch. As a result, the
mismatch is modulated with the exchange rate to another (out-of-band)
frequency. It was explained in the previous section that the V/I converters in the
feedback paths are implemented with small-sized resistors that do not have good
matching. Therefore, in this section, different DEM algorithms are explored to
improve the matching between the quadrature feedback paths of the XA
modulator of Fig. 5-1. In all simulations in this section, a quadrature loopfilter
with 5 complex integrators is used, having the same NTF as was shown in
Fig. 3-34, with all notches being placed in the positive frequency band. The
output spectrum of this modulator, in the case of ideal matching between the
quadrature paths, was already shown in Fig. 3-36.
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Fig. 5-3  Quadrature ZA modulator with gain mismatch between
the quadrature feedback paths.

A gain mismatch between the V/I converters (and the DACs) in the quadrature
feedback paths can be modelled by adding an extra gain block in both paths
(Fig. 5-3). It is assumed that, except for these gain blocks, the other functional
blocks in the quadrature modulator are perfectly matched. Due to a gain
mismatch, the amplitude of the analog feedback signal in the I-path Y; is
somewhat larger (or smaller) than the amplitude of the analog feedback signal in
the Q-path Y. In this section it is assumed that the normalized gain in the I-path
is 1+A and that normalized gain in the Q-path is 1-A, where A is the relative
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mismatch factor. In the time domain, the output signal of the quadrature
modulator of Fig. 5-3 can be approximated by

Y=I+Al+jQ-jAQ (5-1)

where I and Q are the bitstream outputs of the I and Q modulators respectively,
and the terms with A are the error signals. Rearranging Eq. (5-1) gives

Y=(+jO)+A(I-jQ) (5-2)

where the first term (7+jQ) is the (desired) output signal of a quadrature
modulator (without mismatch) and the second term A(I-jQ) between brackets is
the error signal (E) due to the gain mismatch A. Comparing both expressions in
Eq. (5-2) reveals that the error signal of the Q modulator has an opposite sign in
respect to its desired output signal. In the frequency domain this means that the
(desired) output signal spectrum and the error spectrum (image) are mirrored
around DC. In other words, a part of the negative frequency band ‘leaks’ into the
positive frequency band (and vice versa). This is the essence of image
interference.
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Fig. 5-4  Simulated output spectrum of quadrature LA modulator
with 0.1% gain mismatch between the feedback paths,
without DEM.
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The effect of a gain mismatch between the feedback signals is simulated and the
result is shown in Fig. 5-4. The desired signal band ranges from DC to
+0.010; rad/s, where o is the sampling frequency, while the image band is in the
negative frequency plane, ranging from DC to -0.01w, rad/s. An input signal is
applied in the (negative) image band at -0.005w, rad/s. The quadrature feedback
paths have a gain mismatch of 0.1% (A=0.05%). Due to the mismatch a signal
occurs at +0.005w rad/s. The simulated image rejection ratio is 66 dB (Fig. 5-4),
which was expected from Eq. (2-4). Also, some quantization noise from the image
band has leaked into the signal band (and vice versa) due to the finite amount of
image suppression (section 3.5.2). Hence, mismatch between the feedback
signals of a quadrature XA modulator causes leakage of noise and signals in the
(negative) image band to the (positive) desired signal band (and vice versa).
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Fig. 5-5 Model of a continuous-time quadrature XA modulator
with DEM switches in the feedback paths

In the next simulation, the feedback paths with the gain mismatch are exchanged
by DEM choppers at both sides of the DACs (Fig. 5-5). If the DEM control signal
¢pEp is high (logic ‘1”), the feedback paths are coupled straight through. If ¢pgps
is low (logic ‘0’), the feedback paths are cross-coupled. In this way, the gain
mismatch is modulated by the DEM control signal ¢pzyy, and the average gains of
both DACs can be dynamically matched. A simple choice for the control signal of
the DEM switches is a 50% duty cycle clock with a fixed frequency ®pgps.
Fig. 5-6 shows the simulated output spectrum in the case of a 0.1% gain
mismatch (A=0.05%) between the quadrature feedback signals and Wpgy, is
0.02, rad/s. As a result of the DEM, there is no ‘leaked’ image component
present at +0.005w, rad/s (as was the case in Fig. 5-4). This image signal is
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modulated to spectral positions +0.025w rad/s and -0.015w, rad/s, that are out of
the signal band. Another important observation is the increased in-band noise
level. This is due to the fact that the DEM circuit, besides modulation of the gain
error, also performs demodulation of quantization noise present around
(multiples) of the DEM frequency in the signal band. This amount of ‘leaked’ in-
band noise can be substantial as the high frequency noise content of the feedback
signals is large. A possible solution to reduce the amount of noise leakage, is to
choose the DEM frequency equal to (a multiple of) the sampling frequency. This
is due to the fact that around the sampling frequency, the quantization noise is
greatly suppressed.

Pseudorandom selection of reference elements is another strategy for DEM [2].
When controlled by a pseudorandom signal, the gain mismatch between the
DACs of Fig. 5-5 is randomized. However, the problem of in-band leakage of
quantization noise remains with this DEM algorithm, as the quantization noise
spectrum is modulated with a noisy pseudo-random spectrum. Fig. 5-7 shows the
simulated result when the DEM circuit is controlled by a random signal at the
sampling frequency. This means that at each sampling moment, the feedback
paths are either coupled straight through or cross-coupled in a random order.

In the next section, a novel dynamic element matching technique is presented
which is controlled by the complex bitstream output of the quadrature ZA
modulator. The matching algorithm applies to both continuous-time and discrete-
time modulators, with lowpass or bandpass filters. The main advantage of this
algorithm is that it does not have the problem of quantization noise demodulation,
as is the case for the traditional techniques which have been discussed before. In
section 5.3.1, the DEM algorithm is described in mathematical terms. The circuit
topology is shown in section 5.3.2, and implementation related non-idealities,
including impedance mismatch and charge injection of the DEM switches, are
discussed in section 5.3.3 and section 5.3.4 respectively.
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Fig. 5-6  Simulated output spectrum of quadrature LA modulator
with 0.1% gain mismatch between the feedback paths,
Oppy is OS50
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Fig. 5-7  Simulated output spectrum of quadrature LA modulator
with 0.1% gain mismatch between the feedback paths,
with randomized DEM at o,
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5.3.1 Complex data controlled DEM algorithm

The essence of the DEM algorithm in this chapter is that the mismatch error
spectrum E in Eq. (5-2) is mirrored relative to DC, without causing demodulation
of out-of-band quantization noise in the signal band. Mathematically, the
following transformation is performed:

Eox< A(l1-jO)=E* o< A*(I + jQ) (5-3)

where E* is the transformation of the error signal E. In fact, the required
transformation holds sign inversion of the error signal of the Q modulator (AQ).
Replacing the error term in Eq. (5-2) by E* yields

Y = (I+jQ)+A*(I + jQ) (5-4)

The signal spectrum and the transformed error signal spectrum are identical.
Consequently, there is no leakage from the negative frequency band to the
positive frequency band (and vice versa) and perfect image rejection is obtained.
To accomplish the required transformation of Eq. (5-3) it is considered that / and
Q are single-bit bitstreams and switching between (normalized) levels +1 and -1.
An important property is that the square of these bitstreams is always +1

2=02=1 (5-5)

Using this result, the transformation as shown in Eq. (5-3) can be realized by
modulation of the error signal E with the I and Q bitstreams [3], [4]

E¥=1-Q-E =A(I?2-Q-jO* 1) (5-6)
Using the results of Eq. (5-5), Eq. (5-6) simplifies into
E* = AMQ~jl) = -jAU + jQ) (5-7
Indeed, Eq. (5-6) gives the required transformation of the error signal as defined in
Eq. (5-3). It should be noted that, due to the transformation of Eq. (5-6), the phase
of the gain error A has been shifted by 270° (-j). However, this does not affect

image rejection as this phase shift is equal for both the I and Q modulators. In the
next section, the implementation of the DEM algorithm of Eq. (5-6) is shown.
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5.3.2 DEM implementation

In the previous section, a mathematical derivation was given of a dynamic
element matching algorithm for the feedback paths of a quadrature ZA modulator.
The DEM algorithm is based on modulation of the mismatch between the
feedback paths by the product of the digital outputs of the I and Q modulators
(Eq. (5-6)). In this section the practical implementation of this algorithm is shown.
Fig. 5-8a. shows an example of the bitstream signals / and Q in the time domain.
At sample moment T (and 47), the bitstream signals / and Q are equal.
Therefore, the product of the bitstreams I-Q is positive (+1) and, according to
Eq. (5-6), the error E and the transformed error E* have the same sign. At sample
moment 27 (and 37), the bitstream signals I and Q are not equal. In this case the
product of both bitstreams is negative and the error E and the transformed error
E* have opposite signs. Fig. 5-8b shows the logical representation of the
algorithm, which is similar to an EXOR operation.

TN e

| 1 1 0 0

E‘_EI 01 1 0

Ts 2T; 3T 4T Time

Fig. 5-8 Transformation of error signal E; time domain (a); logic
table (b)

The quadrature ZA modulator with the DEM circuit is shown in Fig. 5-9. The
dynamic element matching is performed by mixers at both sides of the feedback
paths. The DEM signal that drives the mixers is generated by a digital EXOR
port. If the 7 and Q signals are equal, the output of the EXOR is low (logic ‘0),
and the feedback paths are coupled straight through. If the I and Q signals are not
equal the output of the EXOR is high (logic ‘1’), and the feedback paths are
cross-coupled. This way, the sign of the gain error in both quadrature paths is
modulated according to the algorithm of Eq. (5-6). The system of Fig. 5-9 with
the DEM circuit has been modelled and simulated. Again, the same loopfilter
characteristic as in the previous simulations in this chapter has been used. In
addition, a gain mismatch A of 0.5% is applied between the feedback paths. In
Fig. 5-4, the simulated output spectrum was shown of this A modulator, without
DEM. The simulated output spectrum of the quadrature ZA modulator with DEM
is shown in Fig. 5-10. Obviously, in contrast to the output spectrum of Fig. 5-4,
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no image leakage is present. This shows that the DEM algorithm provides
excellent gain mismatch correction. Moreover, no noise leakage from the
negative frequency plane into the positive plane can be observed from Fig. 5-10.
It should be noted that the same result is obtained if a phase mismatch were to be
applied between the quadrature feedback paths.
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Fig. 5-9 Model of a continuous-time quadrature TA modulator
with complex data dependent DEM
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Fig. 5-10 Simulated output spectrum of quadrature LA modulator

with 0.1% gain mismatch between DACs, with DEM.
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Besides a gain (or phase) error, there may be a difference in the offset of both
quadrature feedback paths. This occurs, for example, if the DACs in the
quadrature feedback paths have different offset voltages. Fig. 5-11 shows the
model of the quadrature XA modulator (with DEM circuit) where the DACs in the
quadrature paths have offset voltages +V,, /2 and -V, /2.

If the I and Q bitstreams are equal, the feedback paths are coupled through, while
they are cross-coupled if both bitstreams are not equal. Consequently, the positive
and negative offset voltages are added to the reference voltage of the I and Q
modulators respectively in the case of equal bitstreams, and added to the
reference voltage of the Q and I modulators respectively in the case of unequal
bitstreams. Hence, the sign of the offset voltage is modulated according to the
DEM algorithm, introducing an error

E<l-Q-V,, (5-8)

Eq. (5-8) shows that the offset voltage is modulated both by the I and Q
bitstreams. This error has a noisy spectrum, as high frequency noise in the I
bitstream is modulated with the high frequency noise in the Q bitstream.
Therefore, due to the DEM circuit, an offset between the quadrature feedback
paths causes in-band ‘leakage’ of high frequency quantization noise, which
degrades SNR.
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Fig. 5-11 Quadrature ZA modulator with offset voltage V,
between the feedback paths
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The effect of an offset in the quadrature XA modulator of Fig. 5-11 has been
simulated with an offset voltage V,;; equal to 0.1% of Vs where V. is the
reference voltage of the DACs. The simulated spectrum is shown in Fig. 5-12a.
The simulation plot shows an increased noise level and tones in the signal band.
Fig. 5-12b shows the spectrum of I-Q and clearly the noise and tones of
Fig. 5-12b are present in the spectrum of Fig. 5-12a, as was expected from
Eq. (5-8). This simulation shows that, due to the DEM, different offset voltages in
the quadrature feedback paths cause demodulation of high frequency quantization
noise to baseband.

Output spectrum
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Fig. 5-12 Simulated output spectrum of a quadrature ZA
modulator with an offset between the feedback paths (a,
solid line); Spectrum of I-Q (b, dashed line)

To solve the problem of offset related quantization noise demodulation, a
different feedback path topology than in Fig. 5-11 is used. Fig. 5-13 shows this
improved model of the quadrature LA modulator with the DEM circuit. The
positive reference voltage V¢ is converted into a current in both the I and Q
feedback paths. Then, these reference currents are matched according to the DEM
algorithm as described in this section. Finally, the bitstream related sign of the
feedback current in each path is provided by means of a mixer, that is driven by
the bitstream. If the data output of a modulator is high (logic ‘1), the reference
current has a positive sign, while it has a negative sign if the data output is low
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(logic ‘0’). In Fig. 5-13, the reference voltages in the I and Q feedback paths have
been given different offset voltages. These offset voltages are being modulated by
the DEM circuit as well as the mixers in both paths. The resulting error can be
written as

E=1-0-V,(-1+]j-Q) = jI+jO)V, (5-9

The resulting error spectrum is similar to Eq. (5-7), and the offset only causes a
slight gain and phase adjustment of the I and Q spectra. With the implementation
of Fig. 5-13 mismatch in gain (and phase) and offset between the quadrature
feedback paths of a quadrature XA modulator are matched by the DEM circuit. In
the next section, the effect of mismatch between the switch impedances of the
implemented DAC and the DEM circuits is explored.
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Fig. 5-13 Improved model of quadrature LA modulator and DEM
circuit.

5.3.3 Impedance mismatch of DEM and DAC switches

In the design of chapter 4, the feedback of the ZA loop incorporates a reference
voltage, DAC switches, and resistors as V/I converters, which are connected to
the input of the loopfilter. The error between the quadrature feedback signals in
the ZA modulator is mainly due to mismatch of the DAC resistors. Fig. 5-14
shows the differential implementation of the feedback circuit of Fig. 5-13. The
DAC resistors are connected to the positive and negative reference voltages. The
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DEM switches interchange the DAC resistors. If the I and Q output bits are not
equal, the resistors Ry,.;; and Ry, are connected to the I-modulator, while the
resistors Rg,cor and Ry, are connected to the Q-modulator. If the I and Q
output bits are equal, the resistor pairs are interchanged and R, .,; and R, are
connected to the Q-modulator, while Ry,.0; and Ry,.2 are connected to the I-
modulator. Consequently, the mismatch between the DAC resistors is modulated
according to the complex data dependent DEM algorithm of section 5.3.1. The
DAC switches in the I and Q paths set the correct signs of the feedback signals.
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Fig. 5-14 Implementation of DACs with DEM circuit (differential)

To analyse the effect of impedance mismatch between the DAC switches, it is
assumed that all switches of the DEM circuit are perfectly matched. Moreover,
the DAC resistors are considered to be identical. Mismatch between the
impedances of the DAC switches is not modulated by the DEM circuit and
introduce a gain mismatch between the I and Q feedback signals. This gain
mismatch is reduced by means of isolation and balancing. The amount of
isolation is calculated as the ratio between the switch impedance and DAC
resistance. The matching between the switches determines the balancing factor. If
it is assumed that the switches in both DACs are perfectly matched, the gain
mismatch Aa between the feedback signals is calculated by

r Ar
Aa = °n . on (5-10)
Rdac Ton
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where r,, is the average switch impedance and Ar,,, is the mismatch between the
switch impedances of the DACs in the I and Q paths. The first fraction of the
right-hand side of Eq. (5-10) is the isolation factor and the second fraction is the
balancing factor.

Example 5.1: Consider r,, is 1kQ, R, is 100kQ and Ar,,, is 100€2, the gain
error is 1E-3 (-60dB). With this gain error, the image rejection is 66dB.

Next, the effect of mismatch between the DEM switches is investigated. It has
been assumed that all DAC switches and DAC resistors are perfectly matched.
The first situation is that the switches in the DEM-I circuit in the I path are
identical as well as the switches in the DEM-Q circuit in the Q path. A mismatch
between the DEM-I and DEM-Q circuits (Fig. 5-15a) is similar to a mismatch
between the DAC resistors and is compensated with the DEM algorithm. The
second situation is that the set of DEM switches which are driven by signal ¢, are
matched, as well as the set of switches driven by ¢,. In the case of a mismatch
between the two sets of switches (Fig. 5-15b), the I and Q path are always
perfectly matched and no gain error is introduced. The third situation occurs if a
mismatch is present between the switches of the DEM-I and DEM-Q circuits, as
well as a mismatch between the switches driven by ¢; and ¢,. Fig. 5-15c shows
an example where there is a mismatch between the switches of DEM-I and DEM-
Q, driven by ¢,, which also have a mismatch between the matched switches
driven by ¢,. This way, an error is introduced which is modulated with the DEM
algorithm. This error is demodulated by the I and Q bitstreams that are driving the
DAC switches. The resulting error between the I and Q feedback signals is

B = 2.(+1-0)0(U-j Q) = 5 U-jO-j- 5 -U+j®) 1)

which consists of a gain adjustment of the signal and image spectra, as well as
image leakage. In case of a mismatch error A of 0.1%, the image rejection is again
66 dB. In conclusion, impedance mismatch between the switches of the DAC and
DEM circuits can result in image leakage, which can be minized by means of
isolation and balancing. Good isolation is obtained if the switch impedances are
small compared to the DAC resistances, while balancing is optimized with the
matching schemes of Fig. 5-15a or Fig. 5-15b.
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Fig. 5-15 Model of DEM switch impedances (normalized to 1),
with mismatch between DEM-I and DEM-Q switches
(a), between switches driven by ¢; and ¢, (b), between
DEM-I and DEM-Q switches, and switches driven by ¢,
and §; (c).

5.3.4 Charge injection of DEM and DAC switches

The DAC switches as well as the DEM switches are connected to the virtual
ground nodes of the opamp of the first filter stage. This implementation is, like
the mixer (section 4.3.4), sensitive to asymmetric charge injection. First, the
effect of charge injection of the DAC switches is analysed. Fig. 5-16 shows the
implementation of the DAC with a parasitic gate capacitor of switch §; included.
The other switches are supposed to be ideal, without parasitics. For simplicity,
only a single modulator is taken into account without DEM switches. The
switches are NMOS transistors, which are closed at a high gate voltage and open
at a low gate voltage. Suppose, all switches are open initially (gates are low). If
switches S-S, are closed and S3-S4 are opened, charge is injected through the
gate capacitor of S} to the negative output node of the integrator. The output
voltage is calculated by Eq. (4-20). If the switches S;-S, are opened and $3-S4 are
closed, charge is injected, with opposite sign, through the gate capacitor to the
positive output node of the integrator. In both cases the differential offset at the
output has the same amplitude and sign. This offset only occurs in the case that
two consecutive output bits are not equal (‘01” or ‘10’ pattern). If the consecutive
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bits are equal (‘00’ or ‘11’) the state of the DAC does not need to change and no
switching is performed. Consequently, the gate capacitor of S; generates a small
offset which is modulated with the exclusive-OR of two consecutive bits. In other
words, the feedback signal is mixed with a one sample period delayed version of
itself. This results in leakage of high frequency quantization noise into the signal
band. This effect may be considered as ‘selfrmixing’ of the DAC or a ‘memory
effect’. Suppression of this error is again obtained by isolation (small switch
sizes) and balancing (matching of parasitic capacitors). However, these
techniques may not provide satisfactory suppression. This is because the
minimum switch size is determined by impedance requirements, and matching of
parasitics may not be very reliable.

Fig. 5-16 Implementation of the DAC with charge injection
mechanism of parasitic gate capacitor of switch S;

To overcome the problem of self-mixing, the circuit of Fig. 5-17a is used. All
capacitive loads at nodes 1 and 2 in Fig. 5-17 are modelled as capacitors C,; and
Cap2- The DAC switches S4-S, are driven by the clock scheme of Fig. 5-17b.
Each sampling period all DAC switches are open for a short time. During this
‘offline’ time of the feedback, reset switches Ss5-Sg connect the input nodes of the
DAC switches to a reference source (Fig. 5-17a). This way, the ‘memory’ charge
which has built up in C; and C,, flows into the reference node. The reset switches
can have minimum size, as long as the switch impedances are small enough to
ensure complete dischargement during the ‘off-line’ time. Charge injection of the
reset switches S5-Sg, when closed to clear the memory, is also discharged by the
reference source. When the reset switches Ss5-S¢ are opened after discharging,
another charge error is dumped into the memory capacitors through charge
injection of the reset switches Ss-Sg. This error can be small because of the
minimum size reset switches. The main advantage is that this error is identical
each sampling period and only causes a small gain error of the feedback signal.
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The clock phases of the DAC switches and reset switches should be non-
overlapping to prevent a short-circuit path between the input nodes of the opamp.
In order not to interrupt the feedback signal, the reset switches should be active
during the RTZ interval of the DAC.

Fig. 5-17 Implementation of the DAC with reset switches §5-56 to
clear the ‘memory’ capacitors (a); Clock scheme (b)

So far, the DEM switches have not been taken into account. The DEM switches
also suffer from charge injection and have the same problem of self-mixing. This
problem is solved again with the reset switches as shown in Fig. 5-17. If the DEM
switches are controlled during the reset time, charge that is injected by the DEM
switches flows into the reference node. Fig. 5-18 shows the complete
implementation of the quadrature DACs, the DEM circuit, and the reset switches,
with the clock scheme. Initially, the I and Q bitstreams are 0 and 1 respectively.
At sample moment T, the DAC switches in the I and Q paths are all switched
open, and charge is injected into the capacitive loads of internal nodes 1-2 and 3-
4. In the next sampling period, both bitstreams are 1 and the DEM circuit needs to
exchange the DAC resistors. The DEM switches also dump charge into the
capacitive loads of the internal nodes. The capacitive loads are discharged by the
reset switches. After the reset interval, the reset switches are all opened and dump
a small amount of charge into the ‘empty’ capacitive loads of the internal nodes.
Each sampling period, this charge injection is identical and offset errors are
introduced at the input of the DAC-I and DAC-Q switches. This offset is
modulated with the I and Q bitstreams and only causes a small gain error between
the quadrature feedback signals.
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Fig. 5-18 Implementation of DEM switches and DACs with reset
switches (a); Example clock scheme (b).

Another parasitic capacitor Cy,, between the drain and the source of the DAC
switches, connects the input node of a DAC switch directly to the output.
Fig. 5-19 shows the implementation of the DAC with two DEM switches $;-Sg.
The drain-source capacitance of S and the parasitic gate capacitor of the DEM
switch S5 are included. For independent analysis of the effect of the drain-source
capacitance, the total capacitive loads at nodes 1 and 2 are assumed to be equal
and much larger than the drain-source capacitance. In the reset interval, switches
S§1-S4 are all open, while switches S5-Sg are closed. If the state of the switches S7-
Sg changes during reset time, charge is injected via the gate-source capacitance of
S, into node 1. Via the drain-source capacitance of §, charge is transported to the
output of the integrator. The output voltage is calculated by

C, C
= g5 _ds, 2
Vour = "G, Vs (5-12)

Where V, is the voltage swing at the gate of S;. From Eq. (5-12) it can be learned
that this 1s a second-order effect, as both fractions are much smaller than 1. In
addition, this effect is compensated because nodes 1 and 2 are discharged by the
reset switches and inject the same amount of charge with opposite sign.
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Fig. 5-19 Charge transport mechanism via parasitic drain-source
capacitor of switch S

5.4 Quadrature sigma-delta modulator design

In this section the design of the quadrature A modulator with the DEM circuit is
described for quadrature mixing and A/D conversion of IF input signals. The
main target of this design is to show that good matching of the quadrature
feedback signals can be achieved using the data dependent DEM algorithm as
presented in this chapter. The quadrature modulator consists of two IF A
modulators (chapter 4), both with a 5"-order loopfilter. The A/D converter is
intended for low-IF conversion (section 2.2.1) in AM/FM radio receivers, with
300 kHz bandwidth.

5.4.1 Topology

The A/D converter includes two fifth-order continuous-time XA modulators, with
passive mixers at the input. Fig. 5-20 shows the block diagram of one of the
modulators. The mixers are driven by 10 MHz quadrature LO clocks with 90°
phase difference. The sampling rate is 21.07 MHz, and the oversampling ratio of
the modulator is 32. The fifth-order loopfilter has feedforward compensation
paths for high-frequency stability of the loop. Two local feedback paths create
resonator stages with complex conjugate poles. With these resonators, gain can be
distributed equally within the signal band to minimize in-band quantization noise.
The resonator notches are positioned at 165 kHz and 285 kHz respectively.
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Fig. 5-20 Block diagram of fifth-order ZA modulator with DEM

The simulated output spectrum of the quadrature A modulator is shown in
Fig. 5-21 (signal at 100 kHz). The design of the feedforward compensated
lowpass filter with local feedback is described in section 3.4.2. Filter coefficients
have been dimensioned such that stability of the loop is preserved at 20% spread
in coefficient values. The reference voltage (2.8 V) of the DACs is generated by
an on-chip bandgap reference. For the control of the DEM switches, a number of
accurate clock phases are needed. A delay-locked loop (DLL) circuit has been
implemented for generation of these clock phases. Jitter of the DLL is not critical,
as the DEM circuit switches in the return-to-zero interval of the DAC pulse.
Hence, timing accuracy of the DAC pulses is not affected. The designs of the
mixer, the first integrator opamp, the feedforward coefficients and the comparator
have already been shown in chapter 4. The transconductance amplifiers in the
higher-order stages and the local feedback paths are implemented by single-stage
amplifiers with folded cascode transistors for high output impedance, and
incorporate source degeneration for linearity. The quality factors of the resonators
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are limited by the finite output impedance of the transconductance amplifiers. In
the following sections, special attention is paid to the design of the critical blocks
of the modulator for image rejection, which are the LO driver circuit and the
feedback circuit.

Output spectrum
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Fig. 5-21 Simulated output spectrum of fifth-order quadrature TA
modulator (positive frequency band)

5.4.2 Input stage

The in-phase and quadrature-phase input current signals of the ZA modulator are
generated with the mixer circuit of Fig. 5-22a. Two differential resistor pairs are
used as V/I converters and two passive IF mixers are driven by the non-
overlapping quadrature clock phases of Fig. 5-22b. The gain error between the
input currents is determined by the mismatch of the input resistors, the mismatch
of the non-overlapping intervals of the quadrature clock phases, and the
impedance mismatch of the mixer switches. To minimize the resistor mismatch,
the resistors have been placed interleaved according to the layout scheme of
Fig. 5-2. Matching improves with the square root of the resistor area. As parasitic
delay of the resistors is not critical, the resistor width has been dimensioned four
times larger than minimum. The effect of mismatch between switch impedances
can be calculated with Eq. (5-10). In the case of input resistances of 62.5 k€, and
switch impedances of 1 kQ with 100  mismatch, the image rejection is 62 dB.
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The phase error is determined by the mismatch between the timing of the clock
edges of the quadrature LO signals, and the mismatch between parasitic delay of
the input resistors.

Vin o, 01'—‘

Fig. 5-22 Quadrature mixer implementation (a); LO clock driver
scheme (b)

The quadrature LO signals are derived from a 40 MHz external master clock. The
master clock frequency is divided by two to generate an accurate 50% duty cycle,
20 MHz clock. A second divider generates the 10 MHz LO frequency. Another
10 MHz clock with 90° phase difference is generated by means of an exclusive-
OR function of 10 MHz clock and 20 MHz clock inputs. The 10 MHz quadrature
LO clocks are fed into two flip-flop buffers, which are clocked with the 40 MHz
master clock. This way, accurate phase matching between both LO clocks is
obtained. Finally, two non-overlapping stages of section 4.4.5 generate non-
overlapping quadrature LO clock phases to drive the IF mixers.

5.4.3 Feedback and DEM circuit

The complete implementation of the quadrature feedback circuit is shown in
Fig. 5-23. All switches are NMOS transistors. The DACs in the [-path and Q-path
are implemented by switches M;-M, and Ms-Mjg respectively. Switches Mg-M
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connect the reference voltages to the feedback circuit, while switches M,g-Myg.
connect the feedback circuit to a zero reference voltage during the return-to-zero
interval. Switches M;,-M;, are the reset switches, which clear the capacitive
loads of the DACs, by connecting the drains of the DAC switches to the zero
reference source. Switches M;s-M,, form the DEM circuit. The DEM switches
are controlled during the reset interval to shield non-ideal effects of the switching
from the outputs of the DACs. The RTZ switches and the reset switches can be
minimum-sized transistors.
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Fig. 5-23 Implementation of feedback paths with DACs and DEM
circuit

For the purpose of linearity and isolation, the DAC and DEM transistors have
been dimensioned with ON-impedances which are about a factor 100 smaller than
the DAC resistances R4, (140 kQ). It was already shown in Fig. 5-18b that a lot
of accurate clock phases are required for driving of the switches in the feedback
circuit. These phases have been generated with a delay-locked loop (DLL) circuit.
Basically a DLL consists of a delay line with N delay cells and a phase detector.
The phase detector of the DLL detects the phase difference between the input
signal and output signal of the delay line. Depending on the phase difference, the
delay time of the delay cells is increased or decreased by adjusting the bias
current of each delay cell. This way, the phase difference between the input and
output signals of the delay line is controlled to zero, with exactly one period delay
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between the signals. Consequently, the phase shift of each delay cell is accurately
controlled to 1/N® of the sampling period and N different clock phases are
available from the delay line. The delay of each cell is insensitive to temperature,
process spread, and the supply voltage. With the clock phases from the delay
cells, the clock scheme of Fig. 5-24 can be derived. With the clock scheme of
Fig. 5-24 the strategy of switching is explained.
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Fig. 5-24 Clock scheme of switches in feedback circuit

The feedback signals incorporate a RTZ time of half the sampling period. During
the RTZ interval T,,,, the DAC switches are all opened for a short (reset) time
Treser and disconnect the feedback circuit from the input of the quadrature
modulator. During the reset time, the reset switches are closed and connect the
input nodes of the DAC switches to the zero reference source. Also, in the reset
interval the DEM switches are controlled, if necessary. At the end of the reset
interval, the input nodes of the DAC switches are discharged and the reset
switches are opened. Finally, the feedback loop is closed again with the DAC
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switches. After the RTZ interval the reference voltages are switched on and new
feedback pulses are applied to the input filter stages of the quadrature modulator.

5.5 Experimental results

In this section, the experimental results are given of a test chip for AM/FM radio
which incorporates the complex LA modulator and the DEM circuit as described
in the previous section. The chip micrograph is shown in Fig. 5-25. The circuit
has been designed in a 0.35 um CMOS process using a single polysilicon layer
and 5 metal layers. The DEM circuit only occupies a small part of the total chip
area.

AN

Fig. 5-25 Chip micrograph

The sampling frequency has been derived from a 42.1 MHz crystal oscillator and
is 21.05 MHz. The LO frequency of the mixers is 10 MHz. All measurements
have been done at a 3.3 V supply. The IF input signal at 10.1 MHz is generated by
a Marconi multi-tone generator. The quadrature bitstream outputs (I and Q) are
retrieved by an HP 1673G logic analyzer. The ouput file with the I and Q data is
processed with MATLAB performing the complex adding and the FFT. The
signal bandwidth of the complex XA modulator is 300 kHz. In all measurement
plots, the maximum input level has been normalized to 0 dB. The resolution
bandwidth of the measured spectra is 40 Hz. Evaluation of the DEM algorithm
involves two observations, which are the image rejection ratio and the in-band
noise level. For the testing of the DEM circuit, the feedback resistors in the
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quadrature paths have been designed with a 20% mismatch. With this large
mismatch, any increase of noise within the signal band, as a result of the DEM
algorithm, can be easily observed. Fig. 5-26 shows the measured complex output
spectrum of the quadrature LA modulator without the DEM circuit operating. The
signal tone is +100 kHz, while the image component is at -100 kHz. The
measured image rejection is 20 dB which agrees with a 20% mismatch. The small
noise band around the +100 kHz signal carrier is phase noise from the external
LO clock generator.
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Fig. 5-26 Measured spectrum without DEM

In the next measurement, the DEM circuit is active and the feedback resistors
with the 20% mismatch are dynamically matched. Fig. 5-27 shows the measured
output spectrum. The same input signal is applied as in the previous
measurement. Clearly, the image component has dropped down considerably. The
measured image rejection ratio is 60 dB, which is an improvement of 40 dB.
Moreover, compared to Fig. 5-26, no increased noise level can be observed in the
signal band when the DEM circuit is active. Table 5-1 summarizes the measured
image rejection ratios (IR ratio) after DEM of 12 different chips. All chips have
image rejection ratios better than 55 dB. The measured image rejection ratios are
limited by the mismatch in other parts of the circuit such as the input resistors,
mixers, LO signals, and the DEM and DAC switches.
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Fig. 5-27 Measured spectrum with DEM active

5.6 Conclusions

In this chapter, a DEM algorithm is presented that uses the quadrature bitstream
outputs of a complex ZA modulator. According to this DEM algorithm, the
quadrature feedback paths of the XA modulator can be dynamically matched
without causing demodulation of high frequency quantization noise, as is the case
with traditional DEM techniques (fixed frequency or pseudo-random). The DEM
signal is generated using an EXOR port that calculates the product of the I and Q
bitstream signals. With this DEM algorithm, the error spectrum due to a mismatch
between the quadrature feedback paths, is mirrored relative to DC.

A 0.35 um CMOS prototype test chip with DEM circuit has been designed. A
large systematic mismatch of 20% has been applied between the I and Q feedback
resistors. Without DEM, the measured IR ratio is 20 dB, which agrees with the
20% mismatch. With DEM, the measured IR ratio is better than 55 dB for 12
different samples. No increased in-band noise level is observed, even with the
large initial 20% mismatch. The prototype test chip was designed to test the DEM
algorithm in the feedback path only, and no compenstation techniques have been
applied to improve the matching between the input circuits of the quadrature
modulator (input resistors, mixers and LO drivers). Therefore, the image rejection
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is limited by the matching between these circuits to a typical value of 61dB for 12
measured samples.

Table 5-1 Measured IR ratio of 12 chips with DEM active

Sample # IR ratio Sample # IR ratio

1 622dB 7 55.7dB
2 586dB 8 57.0dB
3 639dB 9 59.9 dB
4 60.1dB 10 69.9 dB
5 609dB 11 64.4 dB
6 604dB 12 59.2 dB
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Benchmark

6.1 Introduction

In this thesis, designs of low-power, high-performance IF-to-baseband A/D
converters based on the principle of ZA modulation are described. Optimizing the
performance-to-power ratio, which is expressed by the FOMs in chapter 2, is
done at three levels in the design process. In chapter 2, some system architectures
are discussed which put different requirements on the A/D converter. The
approach of this thesis is that IF-to-baseband A/D conversion can be performed
with low-power and high-performance by combining a mixer with a continuous-
time lowpass ZA modulator. At the circuit level, an integrated filter and passive
mixer design is proposed in chapter 4 that provides highly linear mixing at the
cost of no extra power. Finally, at the transistor level, relations between distortion
and design parameters have been derived to optimize the performance-to-power
ratio. As mixing is done in the analog domain, good matching is required between
the quadrature paths of the IF-to-baseband A/D converter for a sufficient amount
of image rejection. Therefore, in chapter 5, a dynamic element matching
algorithm is presented that improves matching between the quadrature feedback
paths of the IF-to-baseband ZA modulator. In chapters 4 and 5, the designs and
experimental results of some test chips are presented. Special attention has been
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paid to the linearity of the modulators and matching performance of the
quadrature paths.

6.2 Benchmark of test chips

To put the results of the test chips in the thesis in perspective, the measured
performance is compared with that of other designs found in literature. First, the
performance of the lowpass A modulator of section 4.5.1 is investigated. For
comparison of the different sigma-delta modulators the figure-of-merit of
Eq. (2-6) has been used. The results of the benchmark are listed in Table 6-1. The
top reference is the test chip of section 4.5.1 and the other references are all
sigma-delta modulators. Other types of A/D converters are not included in the list.
For some papers, the SNDR has been determined from the measurement plots, in
case the number was not published. Moreover, only the power consumption of the
sigma-delta modulator has been taken into account (power of digital decimation
filters not included). The different modulator types are continuous-time (CT),
switched-capacitor (SC), and switched-opamp (SO).

Table 6-1 Overview of baseband A modulators

Ref. Type BW SNDR Power FOM (104
designl  CT,4 100kHz 86dB 1.8mW 37
| SC, 4 1MHz 85dB 230mW 0.2
[2] SC, 2 200kHz 82dB 10.2mW 0.5
(3] SC, 2 20kHz 91dB 67.5mW 0.06
[4] SC, 2 20kHz 86dB 13mW 0.1
[5] CT, 4 3.4kHz 74dB 0.2mW 0.07
[6] S0, 3 16kHz 62dB 40uW 0.1
(7] SC, 4 20kHz 88dB ImW 2.1
8] SC,3  1.25MHz 89dB 295mW 0.6
[9] SC,4  1.25MHz 88dB 105mW 1.2
[10] SC, 4 1.1IMHz 82dB 200mW 0.1
[1] SC 25kHz 95dB 2.5mW 52
[12)] SC, 3 25kHz 93dB 47mW 0.6
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Table 6-1  Overview of baseband ZA modulators

Ref. Type  BW SNDR Power FOM (10"
{13] SC, 3 160kHz 93dB 65mwW 0.8
[14] CT. 4 20kHz 94dB 2.3mW 3.6
(15] SC, 2 3.2kHz 80dB 2.0mW 0.03
[16] SC, 2-1 25kHz 80dB 54mwW 0.08

From Table 6-1, the plot of Fig.6-1 is derived which shows the FOM as a function
of the signal bandwidth. Clearly, the performance of test chip 1 is comparable
with that of high quality audio ZA modulators from literature.
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Fig. 6-1  Figure-of-merit of lowpass ZA modulators of Table 6-1
as a function of signal bandwidth

The experimental results of the second test chip (section 4.5.2) are compared with
that of other IF-to-baseband XA modulator designs. Also bandpass A modulators
are included in the benchmark, as they perform the same task (only with digital
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IF-to-baseband frequency translation). As linearity of these IF A/D converters is
expressed by the intermodulation distortion rather than SNDR, an extra column
for the measured IP3 is added in Table 6-2. This number is not published in all
references, and for some designs, the IP3 is calculated from the measured
intermodulation distortion. The different types are lowpass XA modulators with
mixer (LPM), bandpass modulators (BP), and bandpass modulators with mixer
(BPM). The fourth column of Table 6-2 shows the input IF. To be able to compare
all designs, the FOM is based on the DR (Eq. (2-5)).

Table 6-2  Overview of XA modulators for IF A/D conversion

FOM
Ref. Type BW IF DR IP3 Power (10
design2 LPM. 100kHz 13MHz 82dB  +36dBV  1.8mW 15
(17 LPM 20kHz 10MHz 78dB  +I8dBV  0.25mW 8
[18) BP 100kHz 3.75MHz 71dB 130mW  0.02
[18] BP  200kHz 3.75MHz 67dB 130mW  0.01
[19] BP 200kHz 107MHz 57dB  +28dB  60mW  0.003
(20 BP 30kHz 2MHz  56dB 08mW 003
[21] BP  200kHz 20MHz 75dB 49mwW 0.2
[22] BPM 200kHz 8IMHz 72dB  +6dBV  10.2mW 0.5
[23] BP  200kHz 9.15MHz 72dB 60mW 0.09
[24] BPM 200kHz 100MHz 49dB 330mW  0.0001
[25] LPM 40kHz 400MHz 72dB 18mW 0.06
[26] BP 2MHz 16MHz  75dB 140mW 0.7
[27) BP  200kHz 200MHz 68dB 64mwW 0.03
(28] BP  200kHz 107MHz 78dB 80mW 03

Fig.6-2 shows the FOMs of the IF-to-baseband ZA modulators of Table 6-2 as a
function of the intermediate frequency of the input signal. The FOM of test chip 2
is more than a factor of 20 larger than the best reported bandpass ZA modulator in
Table 6-2. Also linearity performance, which is not included in the FOM, is much
higher than that of the other designs. The main advantage of a bandpass
modulator is the excellent image rejection performance. This does not apply to
pseudo n-path designs [21] which have a finite image rejection ratio.
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Fig. 6-2  Figure-of-merits of IF A modulators of Table 6-2 as a
function of input IF

6.3 Conclusions

In this chapter, the test chips that are presented in the thesis, have been compared
with other designs from literature. The tests have been carried out with the FOMs
that have been described in chapter 2. Two different benchmarks are presented.
The first benchmark compares a number of lowpass A modulators and the
second one compares XA modulators for IF A/D conversion. It was shown by the
first benchmark that the FOM of the continuous-time lowpass A modulator of
this thesis is comparable with high performance audio A modulators from
literature. Based on this design, the second test chip includes a mixer for
frequency translation of an IF input to DC, or a low offset frequency. From the
second benchmark it becomes clear that the combined design of a lowpass A
modulator and mixer is much more power efficient than bandpass ZA modulators,
performing direct IF digitalization. In the FOM of the second benchmark,
linearity was not included. Table 6-2 shows that the IP3 of the second test chip is
also better than the other reported values. These results are in agreement with the

CONTINUOUS-TIME £A MODULATION FOR IF A/D CONVERSION 143



Benchmark

conclusions of chapter 2, where it was explained that it is more difficult to achieve
good linearity, dynamic range, and power efficiency at high frequencies than at
low frequencies.
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Summary

This thesis describes the theory, design and realization of continuous-time sigma-
delta modulators for analog-to-digital conversion in radio receivers. The
challenge of the work is the design of an A/D converter with high linearity, large
dynamic range and strong image rejection capabilities. With this A/D converter,
requirements for the receiver architecture in terms of selectivity and sensitivity
are relaxed, resulting in a cheaper system with a higher level of integration.

In chapter 2 it is shown that the performance requirements strongly depend on the
place of the A/D converter in the receiver. For reasons of cost, size, and
complexity reduction, an important trend in receiver design is digital integration
of analog functionality, such as mixers and filters. Shifting the A/D converter
towards the antenna side of the receiver results in more tough requirements
regarding its dynamic range, linearity, and image rejection. These requirements
are more difficult to meet at higher frequencies, due to circuit non-idealities and
parasitic effects.

Baseband A/D converters in the traditional heterodyne receiver have the most
relaxed requirements. This is because interference signals have been filtered out
by the channel filter and the desired channel is modulated down to DC (ZIF) or a
low-IF frequency (NZIF). At DC or a low frequency, high linearity performance
is achieved easily, as the low frequency (DC) gain of an amplifier can be high.
Therefore, for high performance and low-power consumption of the A/D
converter, the traditional heterodyne receiver architecture with the analog IF
mixers should be preserved.

Digital integration of the channel filter in GSM or radio receivers puts heavy
linearity (and image rejection) requirements on the VGA, quadrature mixers, anti-
aliasing filters and A/D converters. A single-bit continuous-time baseband A
modulator has the ability of performing highly linear A/D conversion. Moreover,
as sampling is done after filtering of the input signal by the continuous-time
loopfilter, it has an inherent anti-aliasing filter. In chapter 3 the theory of
continuous-time XA modulation is described.
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In this thesis it is shown that a £A modulator for IF digitalization can be designed
with high power efficiency, by combining a passive mixer and a continuous-time
lowpass ZA modulator. This IF-to-baseband ZA modulator includes a mixer, anti-
aliasing filter and A/D converter. With this topology, test chips have been
designed for a GSM receiver (chapter 4) and for an AM/FM radio receiver
(chapter S).

In chapter 4, the theory and design of a continuous-time XA modulator with
integrated mixer have been described. Frequency translation can be performed
inside or outside the XA loop. Placing mixers inside the loop for frequency
translation, gives suppression of mixer non-idealities by the loopgain, if the ZA
modulator has a multi-bit feedback signal or a filter in the feedback path. Phase
errors between mixers inside a continuous-time loop cause synchronization
problems which may result in quantization noise modulation with the mixer LO
frequency. To overcome this problem the LO frequency and sampling frequency
should be related. If frequency translation is done outside the ZA loop, only a
single mixer is required which does not have the problem of synchronization
errors. As a result, the LO frequency and sampling frequency can be chosen
independently.

It is shown that a passive mixer can be integrated with the RC integrator of the ZA
loopfilter for linear frequency translation. The RC filter has resistors for linear V/
1 conversion of the input and feedback voltage signals. The virtual ground nodes
of an amplifier are linear summation nodes of both signal currents. The passive
mixer should be driven by a non-overlapping clock scheme to prevent
quantization modulation with the LO frequency, by periodic shorting of the
differential feedback paths.

Measurement results of a prototype test chip with the integrated design of a
fourth-order continuous-time £A modulator and passive mixer topology show that
high linearity of the mixer is achieved. Power consumption of the mixer is
negligible. Driving the mixer with an overlapping clock scheme showed serious
performance degradation for an LO frequency equal to half the sampling
frequency. This effect of quantization noise modulation with the LO frequency is
greatly suppressed if the mixer is driven with a non-overlapping clock scheme.
The IF-to-baseband A/D converter realizes 82 dB of dynamic range in 100 kHz at
a power consumption of only 1.8 mW. Measured third-order intermodulation
distortion (IM3) for two -6 dBV input tones is -84 dB.

The measured linearity and dynamic range specifications of the GSM prototype
chip come close to reaching the GSM requirements before channel filtering
(chapter 2). This implies that requirements for the channel filter in front of the A/

148 CONTINUOUS-TIME XA MODULATION FOR IF A/D CONVERSION



Summary

D converter are relaxed. Pushing the A/D converter to even higher performance
may result in on-chip digital integration of the channel filter in the future.

In chapter 5, the image rejection limits of a complex IF-to-baseband TA
modulator are investigated. A DEM algorithm is presented that uses the
quadrature bitstream outputs of a complex ZA modulator. According to this DEM
algorithm, the quadrature feedback paths of the £A modulator can be dynamically
matched without causing demodulation of high-frequency quantization noise, as
is the case with traditional DEM techniques (periodic or pseudo-random). The
DEM signal is generated using an EXOR port that calculates the product of the I
and Q bitstream signals. With this DEM algorithm, the error spectrum due to a
mismatch between the quadrature feedback paths, is mirrored relative to DC.

A 0.35 um CMOS prototype test chip with DEM circuit has been designed. A
large systematic mismatch of 20% has been applied between the I and Q feedback
resistors. Without DEM, the measured IR ratio is 20 dB, which agrees with the
20% mismatch. With DEM, the measured IR ratio is better than 55 dB for 12
different samples. No increased in-band noise level is observed, even with the
large initial 20% mismatch. The prototype test chip was designed to test the DEM
algorithm in the feedback path only, and no compensation techniques have been
applied to improve the matching between the input circuits of the quadrature
modulator (input resistors, mixers and LO drivers). Therefore, the image rejection
is limited by the matching between these circuits to a typical value of 61dB for 12
measured samples

In chapter 6, the test chips that are presented in chapter 4 have been compared
with other designs from literature. The tests have been carried out with a figure-
of-merit that has been described in chapter 2. Two different benchmarks are
presented. The first benchmark compares a number of lowpass ZA modulators
and the second one compares XA modulators for IF A/D conversion. It was shown
by the first benchmark that the FOM of the continuous-time lowpass ZA
modulator of this thesis is comparable with high performance audio ZA
modulators from literature. Based on this design, the second test chip includes a
mixer for frequency translation of an IF input to DC, or a low offset frequency.
From the second benchmark it becomes clear that the combined design of a
lowpass ZA modulator and mixer is much more power efficient than bandpass ZA
modulators performing direct IF digitalization. In the FOM of the second
benchmark, linearity was not included. Table 6-2 shows that the IP3 of the second
test chip is also better than the other reported values. These results are in
agreement with the conclusions of chapter 2, where it was explained that it is
more difficult to achieve good linearity, dynamic range and power efficiency at
higher frequencies, than at a low frequencies.
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Samenvatting

Dit proefschrift beschrijft de theorie, het ontwerp en de realisatie van
tijdscontinue XA modulatoren voor analoog naar digitaal omzetting in radio
ontvangers. De uitdaging van dit werk is het ontwerp van een analoog-digitaal
omzetter met goede lineariteit, een groot dynamisch bereik en sterke
spiegelondrukking. Met deze A/D omzetter worden de eisen verlicht die aan de
ontvanger architectuur worden gesteld, in termen van selectiviteit en
gevoeligheid, hetgeen een goedkoper system met een hogere integratiegraad
oplevert.

In hoofdstuk 2 wordt uitgelegd dat de prestatie eisen in hoge mate afhangen van
de plaats van de A/D omzetter in de ontvanger. Om kosten, oppervlak en
complexiteit van de chip te reduceren, is digitale integratie van analoge
functionaliteit, zoals mixers en filters een belangrijke trend in het ontwerp van een
ontvanger aan het worden. Echter, de verschuiving richting de antenne van de
ontvanger resulteert in moeilijke eisen, wat betreft dynamisch bereik, lineariteit
en spiegelonderdrukking voor de A/D omzetter. Bovendien is het moeilijker om
deze eisen te halen op hogere frequenties, vanwege circuit niet-idealiteiten en
parasitaire effecten.

Basisband A/D omzetters in een traditionele heterodyne ontvanger hebben de
meest makkelijke eisen. Dit is vanwege het feit dat stoorkanalen al weggefilterd
zijn door het kanaalfilter. Bovendien is het gewenste kanaal naar DC gemengd of
op een lage frequentie. Op lage frequenties is goede lineariteit makkelijk te
realiseren vanwege de hoge laag-frequent versterking van een versterker. Voor
een goede prestatie en een laag vermogensverbruik is het daarom noodzakelijk
om de traditionele heterodyne architectuur met analoge midden- frequent mixers
te behouden.

Digitale integratie van het kanaalfilter in GSM of radio ontvangers resulteert in
zeer zware eisen wat betreft de lineariteit en spiegelonderdrukking, voor de
variabele versterker, quadratuur mixers, anti-aliasing filter en A/D omzetters. Een
1-bit tijdscontinue basisband XA modulator is zeer geschikt als lineaire A/D
omzetter. Aangezien het bemonsteren van het signaal wordt gedaan aan de
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uitgang van het tijdscontinue lusfilter, heeft de XA modulator inherent een anti-
aliasing filter. In hoofdstuk 3 wordt de theorie over tijdscontinue ¥A modulatie
beschreven.

In dit proefschrift wordt laten zien dat een ZA modulator voor het digitalizeren
van een midden-frequent ingangssignaal kan worden gemaakt, door de
combinatie van een passieve mixer en een tijdscontinue £A modulator. Deze
modulator bestaat uit een mixer, anti-aliasing filter en A/D omzetter. Met deze
topologie zijn verschillende test chips gemaakt voor GSM (hoofdstuk 4) en voor
AM/FM radio (hoofdstuk 5).

In hoofdstuk 4 wordt de theorie en het ontwerp van een tijdscontinue ZA
modulator met geintegreerde mixer beschreven. Frequentie translatie kan plaats
vinden binnen of buiten de ZA lus. Als de mixer binnen de lus wordt geplaatst,
worden niet-idealiteiten van de mixer onderdrukt door de lus in het geval van een
multi-bits terugkoppel signaal of met een filter in het terugkoppel pad. Fase
fouten tussen de mixers binnen een tijdscontinue lus kunnen synchronisatie
problemen veroorzaken hetgeen resulteert in terugmodulatie van kwantizatieruis
met de mixer frequentie. Om dit probleem op te lossen moeten de mixer- en
bemonsteringsfrequentie aan elkaar gerelateerd zijn. Als frequentie translatie
buiten de lus plaats vindt, is er slecht 1 mixer nodig en is er geen synchronisatie
probleem. Daarom kan in dat geval de mixer frequentie vrij gekozen worden.

Een passieve mixer kan worden geintegreerd met het RC filter van het ZA lusfilter
voor lineare frequentie translatie. Het RC filter heeft weerstanden voor lineaire
spanning-stroom omzetting van de ingangs- en terugkoppelsignalen. De virtuele
aarde punten van een versterker vormen lineaire optelpunten van beide
signaalstromen. De passieve mixer moet worden aangestuurd met niet-
overlappende kloksignalen om terugmodulatie van kwantisatieruis, vanwege een
periodieke kortsluiting van de terugkoppelpaden, tegen te gaan.

Metingen aan een prototype test chip van het geintegreerde ontwerp van een
vierde-orde tijdscontinue XA modulator en een passieve mixer, laten zien dat
goede lineariteit gehaald kan worden met deze topologie. Het vermogensverbruik
van de mixer is verwaarloosbaar. Wanneer de mixer wordt aangestuurd met
overlappende kloksignalen is een serieuze degradatic van de performance
waarneembaar. Dit effect van terugvouwen van kwantizatieruis wordt onderdrukt
als de mixer wordt aangestuurd met niet-overlappende kloksignalen. Deze A/D
omzetter van midden-frequent ingangssignalen meet een dynamisch bereik van
82 dB in een 100 kHz signaalband. Het vermogensverbruik is slecht 1.8 mW. De
gemeten derde-orde intermodulatie vervorming (IM3) bij twee -6dBV
ingangstonen is -84 dB.
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De gemeten specificaties wat betreft de lineariteit en het dynamisch bereik van de
GSM A/D omzetter komen in de buurt van de eisen voor het kanaalfilter. Dit
houdt in dat de eisen voor het kanaalfilter makkelijker kunnen worden. Met een
nog betere A/D omzetter zou in de toekomst het kanaalfilter misschien digitaal
geintegreerd kunnen worden.

In hoofdstuk 5 worden de limieten van de spiegelonderdrukking van een
complexe midden-frequent ZA modulator onderzocht. Een dynamisch elementen
matching (DEM) algoritme wordt gepresenteerd die gebruik maakt van de
complexe digitale 1-bits uitgangen van de ZA modulator. Met behulp van dit
DEM algoritme kunnen de complexe terugkoppelpaden van de modulator
dynamisch aan elkaar gelijk worden gemaakt, zonder hoog-frequent
kwantizatieruis terug te vouwen. Dit is wel het geval met traditionele DEM
methoden waarbij gebruik wordt gemaakt van bijvoorbeeld periodieke of pseudo-
willekeurige signalen. Het DEM signaal in hoofdstuk 5 wordt gegenereerd met
een digitale EXOR poort, welke het product van de I en Q signalen berekend. Met
dit DEM algoritme wordt het foutspectrum, ontstaan door een ongelijkheid tussen
de complexe terugkoppelpaden, gespiegeld ten opzichte van DC.

Een 0.35um CMOS prototype test chip met het DEM circuit is gemaakt. Er is een
grote systematische fout van 20% aangebracht tussen de complexe
terugkoppelpaden. Zonder DEM is de gemeten spiegelonderdrukking 20 dB,
hetgeen overeenkomt met de 20% fout. Met DEM is de gemeten
spiegelonderdrukking beter dan 55 dB voor 12 verschillende gemeten chips. Er is
geen effect van terugvouwen van kwantizatieruis zichtbaar, ondanks de grote 20%
fout. De test chip was ontworpen om het DEM circuit te testen en er zijn geen
compensatie technieken gebruikt om de ingangscircuits van de complexe XA
modulator aan elkaar gelijk te maken. De ongelijkheid tussen deze circuits
bepaalt de uiteindelijk gemeten typische spiegelonderdrukking van 61 dB voor de
12 gemeten chips.

In hoofdstuk 6 worden de test chips van hoofdstuk 4 vergeleken met andere
ontwerpen uit de literatuur. Bij deze test zijn de figures-of-merit (FOM) uit
hoofdstuk 2 gebruikt. Twee verschillende benchmarks worden gepresenteerd. De
eerste vergelijkt een aantal ZA modulatoren (zonder mixer) voor laag-frequent A/
D omzetting en de tweede vergelijkt A modulatoren voor midden-frequent A/D
omzetting. De eerste benchmark laat zien dat de ontworpen laag-frequent A
modulator vergelijkbaar is met de beste audio ZA modulatoren uit de literatuur.
De tweede test chip met mixer is gebaseerd op het ontwerp van de eerste chip,
voor A/D omzetting van midden-frequent signalen. De tweede benchmark laat
zien dat dit gecombineerde ontwerp van laag-frequent A modulator en mixer,
veel efficienter is qua vermogen, dan een band-doorlaat ZA modulator. In de FOM
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die gebruikt is in de tweede benchmark was de lineariteit niet in beschouwing
genomen. Tabel 6-2 laat zien dat de derde-orde intermodulatievervorming beter is
dan de vermelde waardes in de literatuur. Deze resultaten zijn in
overeenstemming met de conclusies van hoofdstuk 2, waarin gezegd werd dat
goede lineariteit, een groot dynamisch bereik en goede vermogensefficientie
moeilijker te bereiken zijn op hoge dan op lage frequenties.
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