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Abstract

This thesis presents digital self-calibration techniques for high-accuracy, high-speed Analog-
to-Digital Converters (ADCs). The digital self-calibration addresses the traditional limita-
tions to pipeline ADCs implemented in monolithic IC processes. The digital self-calibration
reported here automatically accounts for capacitor mismatch, capacitor nonlinearity lead-
ing to Differential Nonlinearity (DNL), charge injection, finite op-amp gain and comparator
offset. The errors are directly measured under the same conditions as during the run mode.
Thus, DNL is not contributed by circuit nonlinearity. No external reference data converters
are needed in the technique and no high-precision matched components are required. Since
the calibration algorithm is all digital, no extra analog hardware is required for the calibra-
tion mode or the run mode. The digital self-calibration can attain 15-bits of linearity with
component matching no better than 7-bits. The digital self-calibration performs a simple
calibration algorithm in the digital domain alone. As a result of the algorithm simplicity, no
multipliers, microprocessors or other complex arithmetic systems are required. The digital
calibration presented here may be applied to pipeline or cyclic ADC architectures employ-
ing a 1-bit-per-stage or multi-bit-per-stage design. An important advantage of a pipeline
architecture is that it exhibits linear hardware growth, as a function of resolution, compared
to exponential hardware growth for flash ADC architectures. Successive approximation and
delta-sigma oversampled ADCs have lower throughput than a pipeline ADC because of an
increased number of clock cycles needed for conversion. Additionally, pipeline ADCs can
acquire Sample-and-Hold Amplifier (SHA) data or multiplexed SHA data, unlike delta-
sigma oversampled ADCs. A 15-bit 1 MS/s switched-capacitor pipeline ADC prototype
is investigated. The 1-bit-per-stage, radix 1.93 design incorporates digital self-calibration.
Total Harmonic Distortion (THD) was measured as —90 dB up to a 100 kHz sine-wave
input frequency at a 1 MS/s sampling rate. Maximum DNL of +0.25 LSB at 15-bits and
maximum Integral Nonlinearity (INL) of +£1.25 LSB at 15-bits were measured at 1 MS/s.
The chip was fabricated in an 11 V, 4 GHz, 2.4 pm BiCMOS process.

Thesis Supervisor: Prof. Hae-Seung Lee
Title: Professor of Electrical Engineering and Computer Science
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Chapter 1

Introduction

1.1 Description of the Problem

1.1.1 Overview

An increasing demand for high-performance Digital Signal Processing (DSP) systems mo-
tivates an increasing desire for high-resolution, high-speed Analog-to-Digital Converters
(ADCs). These ADCs are used in a wide variety of environments, including industrial,
communication, medical and aerospace. The use of ADCs in such systems permits so-
phisticated DSP algorithms to be utilized, which alleviates complexity in the analog signal
processing required otherwise. The analog signal presented to the input of high-resolution,
high-speed ADC is frequently a zero-order hold type originating from an imaging array,
multiplexer or Sample-and-Hold Amplifier (SHA). Because of the zero-order hold nature of
such signals, delta-sigma ADC approaches can not be used to accomplish high-resolution
quantization, independent of conversion speed.

Traditional high-resolution, high-speed ADCs rely on expensive, hybrid or discrete im-
plementation and thus are not amenable to low cost manufacturing. The use of monolithic
Integrated Circuit (IC) techniques has been repeatedly demonstrated in the digital and
analog circuit domains to be economical for synthesizing complex systems. Furthermore,
the integration of ADCs with other realms of monolithic systems has been an increasing
trend to increase system versatility. The combination of ADCs with other signal processing,
transducer, communication, control or ranging systems results in a higher value-added sys-
tem. Thus, monolithic integration of high-accuracy, high-speed ADCs with other systems
requires that the ADC architecture is amenable to the properties of the host processes.
However, the desire to integrate high-speed, high-resolution ADCs in low cost, IC processes
presents algorithmic, circuit and process design challenges.

1.1.2 Pipeline ADC Architecture

The pipeline ADC architecture is desirable for achieving high-speed, high-resolution ADCs.
As a sampled-data system, a pipeline ADC can quantize either continuous or zero-order hold
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inputs. One advantage of the pipeline ADC architecture is that it exhibits linear growth
in hardware, compared to exponential growth with flash ADCs, for increasing resolution.
In addition, pipeline ADCs require fewer clock cycles than successive approximation or
oversampled ADCs, which is important for high-speed. However, pipeline ADCs are capable
of achieving only 8-10 bits of linearity in most IC processes without the use of component
trimming or self-calibration techniques.

1.1.3 Limitations to Switched-Capacitor ADCs

Switched-Capacitor (SC) circuit techniques are efficient for integration of sampled-data
systems, such as pipeline ADCs, in Metal Oxide Semiconductor (MOS) based technologies.
A SC integration platform combines discrete time signal processing, analog signal processing
and algorithmic execution of signal processing functions using charge based signals [1, 2, 3,
4). These functional attributes can be tedious to duplicate in non-MOS based technologies.

Typically, component values in ADC algorithms are fundamentally related to each other
by ratios of the component values. Thus, ratiometric limitations are fundamental limitations
of achievable ADC resolution. MOS based technologies share the traditional limitations
common to IC processes including mask resolution limits, mask misalignment, nonuniform
deposition and nonuniform etching.

Device related errors in MOS based SC systems include channel charge injection, clock
feed-through and substrate coupling. MOS devices and other IC componerts contribute to
wide-band thermal noise limitations. Other important aspects of MOS device physics that
limit performance include threshold voltage relaxation [5, 6] and 1/ f noise [7].

1.1.4 Digital Self-Calibration for Pipeline ADCs

In order to achieve precise ratios, high-precision component tolerances are required in tra-
ditional ADC approaches, which are not compatible with low cost, MOS IC processes. As a
result, the use of calibration techniques is important to eliminate the need for high-precision
matching.

Self-calibration refers to an algorithmic means for correcting ADC errors without the
need for high-precision matched components and without the need for special trimming or
alignment using mechanical components. This thesis will present a digital self-calibration
technique developed for pipeline ADCs with a 1-bit-per-stage, or multiple-bits-per-stage
design. The digital self-calibration technique can also be applied to cyclic ADCs. The
technique removes ratiometric errors and is simultaneously tolerant to comparator errors.
The technique described here accomplishes digital self-calibration without requiring external
data converters, complex microprocessor based calibration engines or special calibration
training signals. This approach uses innate properties of pipeline ADCs to an advantage for
self-calibration. The use of digital self-calibration is important to minimize the quantity,
and hence expense, of precision analog circuitry. In contrast, digital circuits are much
cheaper to construct. The digital self-calibration will be presented in this thesis from the
perspective of a synthesis strategy for a wide range of high-accuracy ADCs. A 15-bit, 1
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MS/s prototype was integrated in a 2.4um BiCMOS process to damonstrate the digital
self-calibration technique.

1.1.5 Digital Error-Correction and Digital Self-Calibration

Digital error-correction refers to methods of correcting comparator errors that occur in
pipeline subranging ADCs. These error-correction schemes do not account for ratiometric
errors. Error-correction schemes for pipeline subranging ADCs generally assume certain
errors that can occur due to comparator errors and then correct for those errors digitally,
without measuring any errors. As a result, it is important to dissociate error-correction
schemes, which do not measure errors, from self-calibration schemes, which involve measure-
ment of errors. Some self-calibration schemes involve the use of error-correction principles
so that both ratiometric and comparator errors are removed. The digital self-calibration
presented in this thesis accounts for ratiometric errors and is tolerant to comparator errors,
without additional action needed.

1.2 Application Realms

1.2.1 General High-Accuracy High-Speed Data Acquisition

Video Applications

With the advent of powerful, and cheap, integrated circuits that perform a variety of analog
and digital functions, the electronic subsystem of a video camera oriented for television use
has evolved into an efficient structure, in terms of physical size, power consumption and
function. Even with these advances, video cameras still retain a substantial amount of
complexity because of the frequent requirement for image transmission in natural color
[8]. The reduction of user controls and the corresponding increase of automatic systems
in consumer oriented video cameras has spawned an increase in electrical and mechanical
complexity [9, 10]. However, the image sensor systems remains at the center of the camera
complexity.

Semiconductor image sensors have evolved on a slower path compared to semiconductor
circuits [11, 12]. However, advances in Very Large Scale Integration (VLSI) technology,
combined with Charge Coupled Device (CCD) circuits, have resulted in practical imple-
mentation of silicon based image sensors for video cameras. The use of solid-state CCD
image sensors, combined with VLSI circuit techniques, has permitted the overall cost of
manufacture of video cameras to drop to the point where mass consumer production is
viable [8].

Digital signal transmission, storage and processing schemes for television systems moti-
vates the need for high-performance ADCs to digitize the output signal of the CCD imager.
Since the data is already zero-order held, delta-sigma approaches are not appropriate. High-
volume production of such systems requires low overall cost and high-performance simul-
taneously. Other digital video applications include high-speed electronic shuttering CCD
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imager based cameras for motion analysis. In order to provide accurate data analysis for
such an application, the resolution and speed requirements for the ADC are substantially
higher compared to television applications. Overall, the use of monolithic ADCs in solid-
state imager based digital cameras is important when the size, weight and power dissipation
of the camera systems are critical.

Medical Applications

The medical advantages of noninvasive imaging techniques motivates the use of DSP to per-
form complex imaging functions. The use of X-Ray Computer Axial Tomography (CAT)
requires that high-performance ADCs are used to digitize the output of the crystal and pho-
tomultiplier tube detector system [13]. ADC artifacts can impair the analytical capabilities
of CAT [14].

The use of nuclear Magnetic Resonance Imaging (MRI) techniques has been motivated
from the desire to avoid ionizing radiation for patient evaluation. The use of MRI requires
high-sensitivity receivers and high-performance ADCs to digitize the attenuated RF signals
after passing through tissues. Because of the extremely large dynamic range requirement
of MRI techniques, the receiver and ADC design is particularly challenging. Even more
challenging is to perform real-time imaging of tissues [13].

One advantage of ultrasonic imaging compared to CAT or MRI is the absence of ionizing
radiation or powerful magnetic and RF fields [13]. Another advantage of ultrasonic imaging
is that the stimulus and analysis hardware is intrinsically simpler and less costly than either
CAT or MRI systems. However, the tomographic techniques used to reassemble the image
are similar among ultrasound, CAT and MRI. The use of DSP to analyze the receiver
transducer output requires a high-performance ADC for analytical capabilities. In order
to produce a low cost, high-performance, portable ultrasound imaging instrument, low cost
techniques for high-performance ADCs are required.

1.2.2 Transducer Based Signal Processing Systems

An important signal processing structure frequently used involves the use of a transducer
and an ADC system to quantize the electrical signals so that digital processing can be uti-
lized. The transducers derive electrical signals in response to physical quantities including,
but not limited to, pressure, temperature, acceleration and position. Since manipulation
of analog signals is challenging from a packaging viewpoint, it is desirable to perform the
ADC function as close to the sensor as possible. The combination of silicon micro-machined
sensors with ADCs and signal processing capabilities results in a more versatile system. The
use of efficient ADC structures is important with silicon micro-machined sensors because of
the additional constraints imposed by the host sensor process and the sensor design itself.
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i.2.3 Communication Systems

The advantages of digital communication techniques are well established and are increas-
ingly prevalent in high-capacity telecommunication and personal communication links. The
combination of communication systems and transducer systems is powerful because once
the transducer data is quantized, complex arrangements of transducers can be employed in
a network. The ability to use large numbers of sensors to perform wide-area monitoring of
physical phenomenon at low cost means that the ADC must be included with each sensor.

The use of ADCs in radio systems presents several potential advantages. Reduction of
analog circuitry in combination with advanced DSP algorithms is increasingly important
to allow design flexibility in chief radio system parameters such as modulation methods,
transmitter power and antenna design. One use of ADCs in superheterodyne based radio
systems is to convert the IF signal to digital by sampling at the IF frequency. An ADC
used in this capacity can be thought of as a digital demodulator in the radio system.
The ability of networked radio systems to change transmitter power depending on node
distance is important to minimize interference effects for close proximity nodes yet achieve
communication at long distance. As a result, the dynamic range of radio signals can be
large and demand high-performance ADCs.

1.2.4 Control Systems

The use of DSP and algorithmic based signal processing methods for control systems pro-
vides an impetus for high-performance ADCs used to quantize wide dynamic range analog
signals present in such systems. The use of a pipeline architecture presents advantages for
realizing high-resolution ADCs used in such applications. As described above, flash ADCs
present unfavorable hardware growth for increased resolution, regardless of speed. One of
the disadvantages of a pipeline architecture used in control systems is that the latency of
the pipeline presents delay. This delay may add excessive phase shift in a control system
loop. However, the total delay depends on the number of stages employed so a pipeline
architecture has design flexibility to reduce latency to comparable or lower level than suc-
cessive approximation ADCs, for example. The use of delta-sigma ADCs for high-resolution
applications in control systems normally presents greater latency than a pipeline ADC used
in a high-performance environment. This latency originates from the long impulse response
present in the high-order FIR filter used in the decimator.

1.2.5 Ranging Systems

Both RADAR and SONAR systems present challenging applications of DSP and algorithmic
based signal processing. This setting demonstrates another application of high dynamic
range ADCs. The use of hybrid construction techniques may be sufficient for traditional
applications primarily oriented towards aerospace applications. However, the potential use
of sophisticated ranging techniques for automotive collision avoidance systems would likely
require a lower cost ADC solution.
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1.3 Organization of the Thesis

This thesis is organized in a top-down fashion, overall. Chapter 1 presents the introduction
to this thesis. The description of the problem will be stated and the direction of this thesis
will be motivated. With this established, the design methodology that the digital self-
calibration provides will be outlined. The scope of applications that rely on high-accuracy,
high-speed ADCs will be presented.

Chapter 2 discusses the background in this research area. A summary of common ADC
techniques, and the relative merits of each approach, are discussed with the focus placed
on high-accuracy, high-speed ADCs. Previous studies relating to pipeline ADC calibration
techniques are then covered. This includes both analog and digital calibration methods.
The advantage of the digital self-calibration presented in this thesis concludes this chapter.

The specific pipeline architecture used in the ADC presented in this thesis is discussed
in Chapter 3. The errors present in the pipeline architecture are discussed for 1-bit and
multi-bit pipeline ADCs.

Chapter 4 is the central focus of this thesis and will present the digital self-calibration
principle. The properties of the digital self-calibration will be discussed including a discus-
sion of the design methodology that the digital self-calibration provides.

A discussion of the simulator used to evaluate the digital self-calibration is discussed in
Chapter 5. Simulation results obtained from the simulator are presented.

The SC system design used to implement the Radix < 2 ADC is presented in Chapter
6. Limitations to the SC circuits are discussed.

The analog IC design is shown in Chapter 7. The op-amp, pre-amp and latch circuits
are principally discussed.

The layout design is important for achieving a high-performance system and is discussed
in Chapter 8.

The overall design of the test system is presented in Chapter 9. The test system de-
sign principally reflects the need to maintain signal integrity in the evaluation of a high-
performance ADC.

Experimental results are shown in Chapter 10. The sine-wave Fast Fourier Transform
(FFT) results are presented. The Differential Nonlinearity (DNL) and Integral Nonlinearity
(INL) results are then shown.

Observations derived from this work are presented along with future directions in Chap-
ter 11.

Various appendices follow to discuss specific, detailed issues arising in this thesis. Ap-
pendix A presents a detailed SC noise analysis for a pipeline ADC, Appendix B shows
the PGA package employed for the ADC, Appendix C shows the digital self-calibration
simulator C code programs and Appendix D shows the test system C code programs.



Chapter 2

Background

In this chapter, various ADC techniques are presented in order to establish a context for
comparison and contrast to pipeline subranging ADC techniques. With this context es-
tablished for pipeline subranging ADCe, prior studies in calibration schemes are discussed.
The advantages of the proposed digital self-calibration technique are then outlined.

2.1 Summary of ADC Techniques

2.1.1 Flash ADCs
Full Flash ADCs

One of the most direct ADC approaches is the flash ADC [15]. Fig. 2.1 shows that a
comparator is assigned for each decision level in the flash ADC. All of the comparator inputs
of the same polarity are connected in parallel to the analog input V;,. A reference voltage
ladder is used to provide the decision level spacing which each comparator compares against.
The flash ADC operates by strobing all of the comparators simultaneously. The resulting
output codes are usually termed a thermometer code because ideally all the comparator
results above the analog signal level will result in 0 and below the analog signal level will
result in 1. Combinational logic is then used to translate the thermometer code into a linear
binary output, or other desired digital cutput form. Sophisticated logic error-detection
schemes can be used to correct for various error scenarios that may occur.

The advantage of the flash ADC architecture is speed. In principle, no op-amps or SHAs
are required. Only a single clock cycle is needed for a conversion cycle. Flash ADCs are
used when conversion rate is a primary design consideration {16, 17, 18]. As a result of
this architecture, for N bits of resolution, 2V — 1 comparators are required. Since each
comparator must have a resolution that is consistent with the full converter accuracy, the
comparator design dictates the priraary complexity of the flash ADC. A primary limitation
of this structure to high-accuracy is the exponential growth of hardware with resolution
because the number of comparators required is proportional to 2. Related to this limita-
tion, the input capacitance, the number of ladder taps, the size of the combinational logic
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Figure 2.1: Flash ADC architecture.
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and the total power dissipation increase exponentially for increased resolution. In practice,
8-bit resolution, corresponding to 255 comparators, is frequently a practical limit based on
these collective considerations. The direct approach of the flash ADC leads to high-speed
but not high-resolution for practical ADCs.

Folding and Interpolating Flash ADCs

A method for alleviating the comparator requirement in the flash ADC is the use of folding
and interpolating structures [16, 19, 18, 20, 21, 22]. The main objective of these structures is
to arrive at an ADC that has comparable speed to a full lash ADC, uses less power and area
than a full lash ADC and avoids the speed limitation of subranging ADCs. Unfortunately,
the hardware growth for folding and interpolating structures is still an exponential function
of the number of bits needed, however the proportionality constant is reduced.

2.1.2 Subranging ADCs

The basic principle of a subranging ADC is to divide the quantization into ranges, beginning
with an upper MSB section. Progressively lower bit weight sections are then quantized by
succeeding stages [15]. This quantization in any particular stage may be performed using a
variety of ADC methods. Once the upper MSB section bits are determined, a reconstruction
level is produced using a DAC and a residue is produced corresponding to the difference
between the analog input and the DAC output. This residue is then processed by another
subranging stage. If desired, the subranging stages may be pipelined. When pipelining is
not employed, interstage SHAs are eliminated but the throughput usually suffers as a result.
The subranging structure is illustrated in Fig. 2.2 for a particular subranging stage.

A commonly used arrangement is a 2-step subranging ADC where 2 subranging stages
are used in cascade [23, 24, 25, 26]. Medium resolution, high-speed ADCs typically employ
a 2-step subranging architecture. For low-to-medium resolution, usually in the range of
8-bit to 10-bit, component mismatch properties in modern analog IC processes are favor-
able enough so that self-calibration is not required. In some cases, laser trimming can be
used to calibrate the unit once. However, comparator errors can limit resolution. A digital
error-correction algorithm can be used to correct the comparator errors, but not any ratio-
metric errors [27, 28, 29]. Thus, the final accuracy will be limited by the process matching
properties.

2.1.3 Pipeline ADCs

Pipeline ADCs are special types of subranging ADCs where clock phases of adjacent stages
are opposite. In this fashion, each stage processes the input to that stage and the result
is sampled to the next stage. The throughput is improved, because each stage can process
new input every two clock phases.

A generalized pipeline structure is shown in Fig. 2.3. The overall approach of a pipeline
ADC is to provide a cascade of stages for processing the analog input signal V;,,. Once the
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first stage has processed a particular analog input, the result is passed to the next stage. A
pipeline ADC is a sampled-data system so means for storing intermediate analog and digital
results are necessary. This usually entails interstage SHAs and latches. As a result, the first
stage can then acquire a new analog input. Because the data must pass through all of the
stages before the answer is complete, the digital results need to be stored intermediately
for final time alignment. A shift register function can be used in hardware, or sofiware,
in order to perform the time alignment. Once the pipeline and shift register functicns are
initially filled, the pipeline throughput is limited by the delay of a single processing stage,
assuming each stage has the same delay. In sharp contrast to the flash ADC structure,
pipeline ADCs only require linear growth in hardware for increasing resolution. Notice that
adding another stage to the pipeline will increase the resolution by at least 1-bit, depending
on the resolution of the stage. The latency of the pipeline is the summation of all of the
processing stage delays. Notice that the latency only grows linearly for increased resolution.
Many applications are not sensitive to latency that is on the order of N times larger than
the throughput time. However, control systems are one example where latency may be
important to consider. This is because of stability concerns arising from the increased
phase shift in the loop transmission attributed to the latency.

Pipeline ADCs offer high-speed capability because the throughput of the ADC is de-
termined by the delay of a single stage. The pipeline ADC architecture is general and
various methods may be employed within the stages. A 1-bit-per-stage pipeline subranging
ADC offers the combination of simplicity and speed in the circuit design for each stage
(30, 31, 32, 33, 34, 35]. Multi-bit per stage pipeline subranging ADCs have been demon-
strated [36, 37, 27, 28, 29]. This thesis will outline in Chapter 4 an all-digital self-calibration
technique that is particularly amenable to pipeline subranging ADCs structures in general
and will present a 1-bit-per-stage pipeline ADC with all-digital self-calibraticn technique
implementation [31, 32].

2.1.4 Successive Approximation ADCs

The basic principle of a successive approximation ADC is to arrange a DAC circuit in a
feedback system so that the error signal composed of the difference of the analog input and
the DAC output is minimized [15]. A digital control system is used to schedule operations
that lead to minimization of the error over a number of sequential operations. As the
system state evolves, the output resolution improves, assuming that the error is reduced at
each sequential operation. The overall structure of this ADC is shown in Fig. 2.4. Notice
that this a feedback structure and is thus subject to stability concerns. For instance, the
monotonicity of the DAC is very important. If the DAC output decreases for increasing
input, then the digital controller will continue incrementing the DAC input until the error
is minimized. This results in missing codes. Depending on the digital controller algorithm,
limit cycles are possible if the DAC is not monotonic.

Successive approximation ADCs have been traditionally used for medium-resolution,
medium-speed ADCs [38]. Digital error-correction schemes which employ faster settling
strategies have been reported [39]. The successive approximation ADC is amenable to either
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factory calibration [40, 41] or self-calibration resulting in a high-accuracy ADC [42, 43, 44].
The primary disadvantage to successive approximation ADC is that many clock cycles are
needed to complete a single conversion. This presents a disadvantage when high-speed,
high-accuracy ADCs are desired.

2.1.5 Delta-Sigma Oversampled ADCs

Delta-Sigma oversampled ADCs have been used successfully for high resolution signal con-
version at low frequencies, such as in audio applications {45]. However, a large class of
signals that need to be quantized are zero-order held. This includes video data signals orig-
inating from CCD imaging systems and multiplexed data signals. Delta-sigma oversampled
ADCs can not be employed for these important classes of high-speed signals that in many
cases require quantization at high-accuracy.

Fig. 2.5 shows a delta-sigma oversampled structure. A large oversampling ratio is
employed in order to achieve high resolution when using low resolution quantizer and re-
construction circuits in a delta-sigma modulator. However, the use of such a delta-sigma
modulator to accomplish high-resolution, high-speed with a low resolution quantizer in the
delta-sigma results in unacceptably large oversampling ratios, and thus unacceptably large
clock rates. In order to relax the oversampling ratio required, a multi-bit quantizer and
reconstruction circuits in the delta-sigma modulator can be used. However, the advantages
of 1-bit delta-sigma ADCs are less pronounced when multi-bit quantizer and reconstruction
circuits are needed, thus limiting the attainable accuracy. The use of self-calibration tech-
niques on the low resolution quantizer and reconstruction circuits is promising for medium
to high-resolution at high-speed [46]. Even with a lower oversampling ratio compared to
1-bit delta-sigma ADC designs, the sampling rate required can becomes prohibitively high
for present silicon implementations.

In addition, a decimatior: filter is required to attenuate the out-of-baseband quantization
noise resulting from the delta-sigma modulator. One advantage of the oversampling and
subsequent decimation approach is that the analog anti-alias filter requirements are relaxed.
This advantage of oversampling and decimation can be exploited by any ADC by sampling
at super-Nyquist. The particular need for a sharp anti-alias filter function, whether largely
accomplished in the analog or digital domain, depends on the application. In situations
where input filtering is not required, the delta-sigma oversampled ADC presents the disad-
vantage of requiring oversampling and decimation to attenuate out-of baseband quantization
noise. In a limited set of situations that can tolerate the elevated sampling rate and the
resulting data redundancy, the decimation can be waived. If the resulting data needs to
be stored in memory or recorded on to media of finite size, then decimation is required,
regardless of ADC type.

2.1.6 Cyclic ADCs

These ADCs are a class of algorithmic structures [15] similar to subranging ADCs except
the same stage is reused. The digital self-calibration technique can be applied to a cyclic
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ADC resulting in a compact structure capable of high-resolution. An advantage of the
cyclic ADC is that the analog and digital hardware required is reduced. Thus, the digital
self-calibration logic requirements collapse to a single accumulator, small memory and con-
troller for the cyclic ADC. The cyclic ADC technique can potentially replace delta-sigma
structures because of the simplicity of the digital self-calibration technique. If oversam-
pling is elected to relax the input filtering requirements, then the comparison to be made
is between the cyclic ADC employing digital self-calibration and a high-order delta-sigma
modulator. If decimation is needed, then either approach would require the same decimator
structure. The cyclic approach, with digital self-calibration applied, decouples the achiev-
able resolution from oversampling ratio. Thus, if oversampling is chosen to relax the input
filtering requirements, the oversampling ratio can be chosen independent of the resolution.
In many cases, oversampling ratios between 2 and 8 are sufficient to greatly relax the input
filtering requirements.

2.2 Previous Studies in Pipeline ADC Calibration Tech-
niques

2.2.1 A 12 bit 600 kS/s Digitally Self-Calibrated Pipelined Algorithmic
ADC

This paper [33] discusses a digital self-calibration scheme for a radix-2, 1.5-bit per stage
pipeline ADCs. This scheme employs 2 comparators per stage in order to resolve 1.5 bits per
stage. A digital ecror-correction scheme is used so that the pipeline ADC is tolerant to large
comparator error. In the design presented, +0.25 Least Significant Bit (LSB) comparator
offset can be tolerated per stage. This is an important advantage for high-speed, low cost
implementation in MOS based processes.

Digital Error-Correction

Two comparators are used to determine which of three contiguous regions the residue output
is within. The output of each stage is Vour = 2Vin(i) — D(3)Vres where i is the stage index
and where D(i) = -1, 0, +1. The operation of this scheme is outlined in detail in [47].
The basic idea is to use a redundant coding scheme so that multiple digital output words can
represent the same analog input, even in the presence of large comparator errors. Digital
logic is then used to derive the correct digital output.

Digital Self-Calibration

The basic approach used is to measure the offset and gain error resulting from each stage by
applying certain analog inputs to each stage and observing the digital output that results.
In this scheme, each stage in the pipeline is measured without using results from stages
deeper in the pipeline. The scheme depends on the offset and gain error being relatively
small. However, one disadvantage of this digital self-calibration scheme is that it measures
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the calibration data under different conditions in the calibration mode compared to the
actual run mode so that the achievable accuracy is more limited compared to the digital
self-calibration technique presented in this thesis [34].

2.2.2 Digital-Domain Calibration of Multistep Analog-to-Digital Con-
verters

This work [48, 49] outlines a digital self-calibration technique for multi-step ADCs. Digital
error-correction is used to relax comparator offset requirements. This digital error-correction
makes use of 1-bit of overlap between the first and second stage of a two-step, subranging
ADC. This scheme avoids the use of external DACs used for calibration in traditional
approaches. As a result, only digital logic needs to be added to the basic, digital error
corrected two-step ADC described in this paper.

Multi-Step Architecture

The primary disadvantage of this technique is that it employs a capacitor array in order
to obtain accurate closed loop gain for the two-step implementation shown in this work.
For pipeline ADCs with many stages, capacitor arrays consume large area and present
large load capacitance to high-speed op-amps. The digital-domain calibration here also
introduces accumulation of truncation error leading to interstage gain error for many stages
employed in pipeline ADCs.

Segmented Transfer Characteristic

The principle used in this work is to consider the ADC transfer characteristic as a synthesis
of segments. Ideally, the segments are collinear. However, for a two-step ADC, errors in the
DAC reconstruction levels leads to disjoint segments. The calibration must span the entire
transfer characteristic and the number of calibration points needed depends on how many
segments are desired. It is desirable to use as many segments as possible in order to relax
the linearity required for each segment. This is a disadvantage for high-resolution ADCs
based on the large number of segments that would become necessary. A competing concern
is the digital truncation error that this scheme introduces, which is minimized when the
number of segments is minimized.

2.2.3 A 13 bit 2.5MHz Self-Calibrated Pipelined A/D Converter in 3um
CMOS

In this work [50, 37, 51], a self-calibrating pipeline ADC is described. This approach utilizes
digital error-correction to account for comparator errors. Binary weighted capacitor arrays
are used to correct for gain stage errors. This scheme avoids the use of external data
converters for the calibration.
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Analog Calibration

The basic idea in this work is to make use of binary weighted capacitor arrays employed in
the interstage gain amplifiers. A search algorithm selects the correct capacitor value needed
for the ADC. This procedure is followed for each of the interstage amplifiers used. After this
calibration is completed, the ADC can then be used in the run mode, with the digital error-
correction used to account for the comparator errors. One of the difficulties with this scheme
is that the calibration data is obtained under different conditions than the run mode. This
presents an ultimate limit to the resolution achievable with this scheme. Another difficulty
is that capacitor arrays consume excess die area and present excess capacitive loading when
calibrating many stages.

Digital Error-Correction

This work uses a digital error-correction scheme to account for errors in decision levels in
the sub-ADCs in each of the stages. The digital error-correction scheme has been used in
other subranging ADC contexts. The basic idea is to provide one extra bit of redundancy so
that the residue output of a stage does not overrange the succeeding stage. Since increasing
the range of the second stage is not practical, the gain of the next stage is reduced, instead.
The digital result from the second stage is then incremented or decremented by one.

2.2.4 Self-Calibrating Pipelined Subranging Analog-to-Digital Converter

The authors in [52] present a scheme for improving the linearity of an ADC that is based
on the piecewise linear approximation of the ADC transfer function. The scheme presented
is not truly self-calibrating. The gain errors in the unity-gain buffers used between stages
are not corrected. A high-precision “gold standard” converter is required for calibration; a
delta-sigma ADC is employed for this purpose. Since there is no stage gain in this pipeline,
the total noise-power referred to the input is the total noise power generated by the circuits
used in the pipeline. The piecewise linear approximation method described in [52] can be
applied to other types of ADCs.

System Philosophy.

In the Background of the Invention section, this technique identifies the pipeline ADC
structure as a good candidate for potential high-speed and high-resolution. The technique
states that the extreme gain matching requirement is identified as a principal linearity
error source. Bulk CMOS processes present component matching limitations which limit
the accuracy of SC pipeline ADC implementations. The technique further states in the
Summary of the Invention section that high-resolution, low-speed ADCs can be used in
combination with pipeline ADCs to arrive at a high-resolution, high-speed ADC through a
calibration means.



34 CHAPTER 2. BACKGROUND

Limitations of Piecewise Linear Approximation.

The calibration principle of this technique is to make use of a piecewise linear approximation
of the pipeline ADC transfer characteristic. This method uses 2"! segments, where nl is the
number of bits resolved by the first stage of the pipeline ADC. Typically, n1 will be limited to
8 or 9 because of process limitations. The error between the piecewise linear approximation
at the turning-points and the external reference ADC transfer characteristic is measured
for a given analog input. These errors are measured for each turning-point of the piecewise
linear approximation and stored in memory for computation in accordance to an algorithm.
The algorithm used requires multiplication. With nl = 8, a 256 segment approximation
is used. For a 12-bit ADC target resolution, each segment spans 16 codes. For a 16-
bit ADC target resolution, each segment spans 256 codes. As a result, this technique
becomes increasingly less effective for ADCs beyond the 12-bit level. This is because the
approximation becomes increasingly coarse for high-resolution ADCs resulting in increased
INL. This situation could be relieved by increasing n1 but that would then require an n1-bit
accurate ADC in the first pipeline stage.

Calibration Mode Limitations

It is desirable to calibrate the entire output span of the ADC to eliminate dependence on
input signal properties. The ADC in this technique can be run in a distinct calibration mode
to accomplish this task. In this case, some means for spanning the entire converter input
range must be provided. Thus, additional circuitry must be provided to generate a ramp or
other suitable training signal. This training signal must not exhibit any momentary glitches
or else some codes may not be calibrated. Because of the long calibration time for the ADC
in this technique, a method for generating a slow ramp is necessary. This can prove to
be difficult to accomplish using monolithic analog circuits because of the small capacitor
values available without consuming enormous chip area. The use of a DAC to generate the
ramp would only further compound the disadvantages of this technique in requiring both a
high-precision ADC and DAC for calibration.

2.2.5 Architecture for High Sampling Rate, High Resolution Analog-to-
Digital Converter System

The authors in [53] present an all digital self-calibration scheme for pipeline ADCs. The
approach presented in [53] is specific to pipeline ADCs while the approach presented in [52]
is more general and can be applied to other types of ADCs. The scheme in [53] makes
use of a “gold standard” converter, namely a delta-sigma ADC. The authors claim that
high-accuracy pipeline ADCs are not feasible because present day comparator circuits do
not have sufficient precision to resolve against 1 LSB at high-precision. This particular
scheme makes use of both the high-precision, low-speed ADC and the low-precision, high-
speed pipeline ADC to arrive at calibration data needed to determine a high-precision,
high-speed ADC. However, as with [52], the authors in [53] do not provide a method for
synthesizing an intrinsically high-precision pipeline ADC.
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System Philosophy.

In the Background of the Invention section, this technique identifies the pipeline ADC
structure as a good candidate for potential high-speed and high-resolution. The technique
states that the comparator resolution requirement of a pipeline is seen as one of the principal
errors that cannot be addressed with present day technology. The technique further states
in this section that high-resolution, low-speed ADCs, such as delta-sigma and integrating
ADCs, typically do not have the comparator offset problem. Thus, while ignoring the
properties of subranging pipeline ADCs, the notion that high-resolution, low-speed ADCs
are required is reinforced, as was in [52]. The execution of the calibration method using a
high-resolution, low-speed ADC in this technique results in a long calibration time because
each output code of the pipeline ADC must be calibrated to the high-resolution, low-speed
ADC.

Limitations to Calibration Mode

This technique can perform calibration using the input signal as the training signal. How-
ever, it is desirable to calibrate the entire output span of the ADC to eliminate dependence
on input signal properties. In this case, some means for spanning the entire converter input
range must be provided. Thus, additional circuitry must be provided to generate a ramp or
other suitable training signal. This training signal must not exhibit any momentary glitches
or else some codes may not be calibrated. Because of the long calibration time for the ADC
in this technique, a method for generating a slow ramp is necessary. This can prove to
be difficult to accomplish using monolithic analog circuits because of the small capacitor
values available without consuming enormous chip area. The use of a DAC to generate the
ramp would only further compound the disadvantages of this technique in requiring both a
high-precision ADC and DAC for calibration.

2.2.6 Digital Error Correction System for Subranging Analog-to-Digital
Converters

The use of an all-digital self-calibration scheme is applied to a pipeline ADC described in
[54]. The digital self-calibration system incorporated in this technique involves the use of a
Least Mean Squared (LMS) algorithm together with a look-up table to arrive at a calibrated
output. In this scheme, a “gold standard” ADC or DAC is required with accuracy near
an order of magnitude higher than the intended accuracy. An extra 2-bits is mentioned as
sufficient to arrive at 12-bits resolution using 14-bit converters. The calibration data for
this approach is typically determined at the factory and then the data is stored in a Read-
Only-Memory (ROM). This calibration method in this scheme is not a true self-calibrating
approach. The approach cannot be used to address the issue of how to arrive at the “gold
standard” ADC. Because of the external data converters used, the ADC in this technique
operates in the calibration mode under different conditions than during the run mode.
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System Philosophy

In the Background of the Invention section, this technique identifies the pipeline ADC struc-
ture as a good candidate for potential high-speed and high-resolution. The technique states
that practical circuit nonidealities such as component mismatching, nonlinerity and offset
are some of the principal errors that afflict pipeline ADCs. In the Summary of Invention
section, the technique describes that a LMS adaptation calibration algorithm is used to
accommodate practical circuit nonidealities. In the Preferred Embodiment section, “gold-
standard” data converters are used to derive the “exact” output for the LMS adaptation
algorithm. Thus, while ignoring the properties of subranging pipeline ADCs, the notion
that additional high-resolution data converters required is reinforced, similar to the notion
that high-resolution ADCs were required in [52, 53]. Thus, the techniques [52, 53, 54] each
use the same basic premise of requiring external high-resolution data converters for cali-
brating pipeline ADCs. The school of thought in this technique is to disregard properties
of the pipeline ADC and to instead treat the calibration as an optimization problem.

Limitations to Calibration Mode

The LMS algorithm is an iterative algorithm that must converge in order to obtain accurate
updates. The chief pacing element in the iterations needed for convergence is the slow, ex-
ternal reference data converter. To calibrate the entire output span of the converter in view
of a pipeline with arbitrary errors, every code must be accessed. This is necessary because
the LMS algorithm described is a computational procedure that is generally independent
of principles involved with the ADC that is to be calibrated. However, the calibration
time requirement can be reduced if certain errors can be parameterized. One limitation to
the LMS algorithm from the point of view of low cost monolithic implementation is that
multiplication is required for the update equation. The LMS scheme described incurs addi-
tional cost when using a digital or analog random signal generator to provide the necessary
calibration training signals, as suggested.

2.3 Advantages of the Proposed Digital Self-Calibration

The digital self-calibration technique presented in this thesis presents an entirely different
approach compared to the digital self-calibration schemes in [54, 53, 52] as a true self-
calibration technique for pipeline ADCs. The digital self-calibration presented here does
not require matching better than 7-bit of any components used in the ADC system. This
is in sharp contrast to systems which require “gold standard” converters.

The chief advantage of the digital self-calibration technique presented here is that it
permits high-resolution, high-speed pipeline ADCs without requiring high component toler-
ances that are incompatible with low cost MOS processes. Since nc external data converters
are required, the digital self-calibration technique achieves higher accuracy at lower cost.
Only simple calibration input signals are needed, namely analog ground. This eliminates
the cost of building circuits that generate special calibration training signals. An efficient
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calibration algorithm permits much shorter calibration times enabling the ADC to be used
in environments that do not tolerate long calibration delays. The digital processing required
does not require complex processors or large memories. Thus, the digital processing circuits
can be made smaller resulting in reduced die area and thus reduced cost.

The digital self-calibration technique presented here may be applied to pipeline or cyclic
ADC architectures. The digital self-calibration technique can be used to synthesize a fam-
ily of ADCs spanning a wide range of resolutions and speeds through the basic use of a
pipeline or cyclic structure with subranging stages. Design effort, and hence cost, can be
reduced by first designing a variety cf subranging stages appropriate for the speed desired.
By cascading a certain number of stages, a particular resolution is achieved. As an example,
for pipeline ADCs, when higher resolution is desired, more stages are used and when less
resolution is desired, fewer stages are used. The digital self-calibration logic construction
shares this modular property. This modular property of the analog and digital hardware
is not displayed in most other ADC architectures, although delta-sigma ADCs have mod-
ular attributes. In the remaining ADC cases, significant redesign for different resolution
combinations is required. Finally, the digital self-calibration technique does not depend on
any particular technology used for circuit implementation. This is an important property
because the economics of a particular technology can be determined first and then the ADC
can be implemented in that technology. With other ADC approaches, the reverse case is
more typical, leading to high cost custom IC processes necessary for implementation.

The application of digital self-calibration to cyclic ADCs results in a family of high-
resolution and low-to-medium speed ADCs. This ADC approach may improve overall
performance with lower cost and less design effort compared to delta-sigma or successive
approximation ADCs. Such ADCs are typically used in consumer applications. Digital
self-calibrating cyclic ADCs exhibit much less analog complexity and much less digital
complexity compared to delta-sigma ADCs while attaining similar or greater resolution.
This is an important advantage for cost sensitive applications, such as consumer products.

This thesis presents a digital self-calibration technique based on a radix 1.93 and a
one-comparator-per-stage conversion algorithm. A nonradix 2 conversion algorithm was
previously employed in a successive approximation converter [40]. That technique required
a precise external calibration source and hence could be factory-calibrated only. The tech-
nique described here is self-calibrating, simple and tolerant to comparator errors. The
nonunity gain resulting from the approach here can be easily compensated elsewhere in the
system.

The key advantage of the digital self-calibration technique reported in this thesis is
that the errors at the carry transitions are directly measured under the same condition as
during the normal conversion. Therefore, this technique offers potentially higher calibration
accuracy than other calibration techniques [42, 49, 37] which measure the error at different
conditions than the actual conversion. Another important aspect of this design is that the
calibration is performed in the digital domain so no extra analog circuitry, siuch as weighted
capacitor arrays, are needed and no extra clock cycles are needed during the conversion
[65, 42]. The digital self-calibration technique reported here automatically accounts for
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capacitor mismatch, capacitor nonlinearity leading to DNL, charge injection, finite op-amp
gain and comparator offset. The nominal offsets of the op-amp and comparator are reduced
by standard offset cancellation and subsequently eliminated with digital self-calibration
techniques.

Unlike analog calibration, digital calibration does not correct or create analog decision
levels. Therefore, the uncalibrated ADC must provide decision levels spaced no greater than
1 LSB at the intended resolution. In one-bit-per-stage pipeline ADCs, missing decision levels
result when the input of any of the stages exceeds the full scale due to capacitor mismatch,
capacitor nonlinearity, charge injection, finite op-amp gain and comparator offset. The
missing decision levels cannot be removed by digital calibration alone. Missing decision
levels can be eliminated, however, by using gain less than 2 and 2-3 more stages of pipeline
which gives enough redundancy in the analog decision levels. With gain less than 2, missing
codes are introduced rather than missing decision levels. The missing codes that result with
a gain less than 2 are eliminated by the digital calibration. In contrast to an elaborate
calibration reported previously using gain less than 2 [55], the calibration reported here is
much simpler and more accurate. No multiplication is needed in the calibration algorithm
and only a small digital memory is needed.
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Pipeline ADC Architecture

3.1 General Pipeline Subranging Structure

A general pipeline subranging structure is a cascade of stages, as shown in Fig. 3.1. The
analog input V, is first presented to the SHA stage. The output of the SHA stage then
drives the remaining pipeline stages. Notice that each pipeline stage uses a SHA. Each stage
resolves M(i) bits where 1 is the stage index, 0 < i < J — 1. There is one SHA stage and
J — 1 Multiply-by-2M(9) stages. The total number of bits resolved is N = M(0) + M(1) +
--++ M(J —1). An ADC and a DAC of M(i) bits each are used for each Multiply-by-
2M(9) gtage. An ADC of M(0) bits is used for the SHA stage. The output of each SHA
in the Multiply-by-2M(9) pipeline stages is amplified by A; (¢). The output of the DAC is
then amplified by A,() and subtracted from the output of amplifier A;(z). The subtractor
output is then passed on to the nexi stage. In addition, the subtractor output is quantized
by an ADC in stage i and the digital output is also passed on to the next stage.

The cyclic subranging ADC structure is shown in Fig. 3.2. An input switch toggles
between the sample and convert connections. The switch is first set to the sample mode.
The analog input V;, is then sampled by the SHA stage. The switch is then set to the
convert mode. The output of the Multiply-by-2M(?) stage is then passed back to the input
SHA stage. This process repeats for a total of J — 1 cycles. The total number of bits
resolved is N = JM(9).

Table 3.1 shows the values assumed by Ag, A; and A for a given stage as a function of
the number of bits resolved per stage. The gain A is typically 1 for the pipeline or cyclic
ADC structures. Table 3.1 assumes that M bits are resolved in the SHA and Mnultiply-by-
2M stages for either the pipeline or cyclic ADC structures.

3.2 Radix 2 1-Bit-per-Stage Pipeline Subranging ADC Al-
gorithm

A radix 2 pipeline ADC is of interest because of the simplicity of the components needed
in the pipeline stages. The radix of a pipeline refers to the interstage gain that is used.
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Figure 3.1: General pipeline subranging ADC.
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Table 3.1: Gain parameters A9, A; and A, for pipeline and cyclic ADCs as a function of
the number of bits resolved per stage, M.

In the context of the generalized pipeline structure, the radix refers to gain A;. Thus, a
radix 2 pipeline ADC uses an interstage gain of 2 and utilizes a 1-bit-per-stage architecture.
Fig. 3.3 shows the basic architecture of such a pipeline. For the radix 2 pipeline ADC, the
ADC and DAC in each pipeline stage each have a 1-bit resolution. A 1-bit ADC is simply
a comparator providing one decision level. A 1-bit DAC is simply a pair of switches to
~onnect to two different reconstruction levels.

The algorithm used for the radir 2 pipeline ADC is discussed next. Fig. 3.4 illustrates
stage i in the sample mode. Notice that the 1-bit ADC, or comparator, in stage 7 is reset
during this time and is not connected to other circuits. The analog signal V;,(Z) is presented
to the sampling capacitors of stage 7 with an op-amp in the unity gain connection. The top-
plates of the capacitors are connected to the op-amp. A 1-bit ADC, or comparator, from
the previous stage i — 1 monitors the analog input V;,(¢). The digital input bit Dis(2) = 1
if Vin{i) > 0 and D;, (i) = 0 if Vi, < 0. Fig. 3.5 illustrates stage ¢ during the amplify mode.
The op-amp in stage i is now connected in an inverting amplifier configuration. The kottom
plates of one of the capacitors is connected to the op-amp output and the ciher bottom
plate is connected to either +V,.s or —V,.¢, depending on the state of the input bit D;n (7).
'The pair of switches to +V,.s and to —V,s performs the 1-bit DAC function. The op-amp
output is 2V (i) — Vees if Din(i) = 1 and is 2Vip + Viey if Din(i) = 0. The comparator in
stage i monitors the output V,,(¢) and provides the bit decision to the next stage.

The algorithm that each stage i follows is now summarized. The quantities D;n(2) and
D gyt(1) refer to the digital input and output, respectively, of stage i. The quantities Vi, (%)
and V(i) refer to the the analog input and output, respectively, of stage 1.

Vout(d) = 2Vin(i) + Vres, if Din(i) =0, (3.1)
Vout()) = 2Vin(3) — Viess if Din(i) =1, (3.2)
Dout(i) = 0, if Vour(d) <0, (3.3)
Dout(i) = 1, if Vous(i) > 0 (3.4)

A residue plot showing Vo,(2) plotted as a function of V;,(2) is shown in Fig. 3.6 for the
cases D;,(i) = 0 and D;,(i) = 1. Each stage i follows this algorithm on the data that the
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Figure 3.3: Radix 2 1-bit-per-stage pipeline subranging ADC.
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Figure 3.5: Radix 2 1-bit-per-stage ADC algorithm in the amplify mode.
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Vout = 2Vin — Vrefs 'f D, =1 (3‘6)

Figure 3.6: Residue plot of a MX2 stage in a radix 2 1-bit-per-stage pipeline ADC.
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stage is presented and presents the output to the succeeding stage. As the data progresses
through the pipeline, additional LSBs are determined. Once a pipeline stage has performed
its function on a given set of input data, new data can be accepted subsequently. Thus,
the throughput of the pipeline is the processing time T' of a single stage while the latency
of the pipeline is JT. This property of a pipeline permits high-speed and high-accuracy
simultaneously.

Fig. 3.7 shows a residue plot of a 2-bit-per-stage MX4 stage. The output Vpy(7) is
plotted as a function of V;,(%) for the cases D;n(i) = 0, Din(2) = 1, Din(2) = 2, Din(i) = 3.

3.3 Radix 2 1-Bit-per-Stage Pipeline ADC Error Sources

Fig. 3.8 shows the ideal residue plot and the effects of principal errors on the residue
plot. The dashed box represents the reference boundary that passes through coordinates
+V,es along the Vo, axis and +V,.s along the V;, axis. Charge injection offset causes
a vertical shift of the residue plot. Near the major carry transition point, the residue
exceeds the reference boundary resulting in missing decision levels. This is because the
remaining pipeline section is saturated so that the output code does not change for the
corresponding range of analog input. Near the major carry transition point, the residue
minimum does not extend to —V,.s resulting in a gap from the minimum to the reference
boundary. As a result, missing codes result. This is because the full input range of the
remaining pipeline section is not accessed. Comparator offset causes a shift of the major
carry transition point. This leads to the residue exceeding the reference boundary as well
as leading to a gap to the reference boundary. Again, missing decision levels and missing
codes result, respectively. Finally, capacitor mismatch as indicated causes the residue to
exceed the reference boundary near the major carry transition point resulting in missing
decision levels. Capacitor mismatch could also lead to a gap from the residue extrema to
the reference boundary near the major carry transition point resulting in missing codes.

3.4 Radix < 2 1-Bit-per-Stage Pipeline ADC Motivation

As discussed above, when the output of any stage in a radix 2 pipeline ADC exceeds V¢,
missing decision levels occur, which cannot be eliminated by digital calibration alone. The
key is to use a nominal gain less than 2 such that the output of each stage never exceeds
+V;es. For the case of radix < 2, the principal errors affect the residue output in a similar
manner as with the case of radix 2. Since the residue is maintained within the reference
boundary, no missing decision levels result. The missing codes that result, due to the gaps
from the residue extrema to the reference boundary, are eliminated with digital calibration.
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Figure 3.7: Residue plot of a 2-bit-per-stage MX4 stage.
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Figure 3.8: Errors in radix 2 1-bit-per-stage ADCs. Missing codes and missing decision
levels are present.
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3.5 Radix < 2 Pipeline ADC Properties

In order to synthesize a digital self-calibration scheme, some properties of a radix < 2
pipeline ADCs will be noted. It is important to view the pipeline ADC from the standpoint
of producing output numbers that are not necessarily related by a power-of-2. The task
of correct output code assignment is relatively simpler than the task of correct decision
level assignment. The most important property of the radix < 2 pipeline ADC is that the
decision level spacing is automatically maintained even though missing codes result. This
will be seen in the next section. The digital self-calibration removes the missing codes. The
resulting converter then has a transfer characteristic that may have a simple gain error. This
can be compensated for in the analog domain, digital domain or both. In situations where
the converter is used in a DSP system, multiplication of the ADC data by an appropriate
constant is easily performed, if needed.



Chapter 4

Digital Self-Calibration

4.1 Introduction

The goal of the digital self-calibration technique is to establish a means for a high-accuracy,
high-speed pipeline ADC. The digital self-calibration technique for pipeline ADCs incorpo-
rates several important concepts simultaneously. The essential structure of the individual
ideas and the collective digital self-calibration technique will be presented in this chapter.
The key points in this chapter are outlined first.

First, the primary function of an ADC is temporal and amplitude quantization of the
analog input signal. An ideal ADC samples the analog input signal in equal time steps and
in equal amplitude steps. Provision of equal decision level spacing in an ADC is one of the
most difficult tasks for a high-accuracy, high-speed ADC. Ratiometric accuracy limitations
of component values, charge injection and offsets can contribute missing decision levels.
Thus, missing decision levels reflect analog circuit imperfections. Decision levels cannot be
created by digital techniques alone. Provision of decision levels must be accomplished by
the analog circuit design. In the previous chapter, a radix < 2 pipeline ADC structure
was shown to have no missing decision levels but resulted in missing codes. In general, an
important principle of digital self-calibration is that although digital techniques cannot be
used to eliminate missing decision levels, such techniques can be used to eliminate missing
codes. The task of eliminating missing codes is equivalent to code reassignment.

Second, the total number of decision levels that an ideal ADC provides is a nonzero,
positive integer that may be based on a power-of-2, but not necessarily. Removing the
restriction of a power-of-2 number of decision levels is a powerful concept because this then
permits the use of a radix < 2 pipeline ADC structure. As was seen in the last chapter, a
radix < 2 pipeline ADC can eliminate missing decision levels. The digital self-calibration
removes missing codes that result from the radix < 2 pipeline ADC and is tolerant to
comparator error. These properties will be shown in detail.

Third, since digital operations on the ADC outputs do not create or eliminate decision
levels, the decision level spacing from the calibrated ADC must be no wider than 1 LSB
at the intended resolution. By using a redundant number of output bits, this can be
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guaranteed. With a redundant number of output bits, and hence a redundant number of
decision levels, the decision level spacing from the calibrated ADC will be smaller than 1
LSB at the intended resolution.

4.2 Basic ADC Metrics

4.2.1 Scalar Quantization

An ideal ADC assigns outputs to a finite set of intervals determined from the analog input.
This process is called scalar quantization [56, 57]. The analog input v is considered to be
divided into intervals spaced by decision levels d(z). Thus, the intervals r(z) are:

r(i) e {d(i) <t < di+1)}, 0<i<2V -1 (4.1)

where N is the number of bits that the ADC resolves. Thus, there are a total of 2 intervals.
There are 2N —1 decision levels not including d(0) and d(2¥) which are used to delineate the
input range of the ADC. Thus, Vps = d(2") — d(0). Uniform quantization occurs when the
decision levels are spaced equally along the amplitude axis. Fig. 4.1 illustrates an example
of uniform decision level locations and Fig. 4.2 illustrates an example of nonuniform decision
level locations.

4.2.2 Coding

The intervals 7(i) are each mapped to outputs w(z). A binary coding scheme for w(3) is
desired. The simplest binary coding scheme results in:

w(i) =14, (L<i<2V -1 (4.2)

Other binary coding schemes may be used depending on system constraints. For some
applications, a Gray-code scheme is employed where only one bit changes at one time.

An N-bit binary word can be used to represent up to 2V outputs. Notice that the total
number of outputs, and consequently the total number of intervals and decision levels, does
not necessarily have to be a power-of-2.

4.2.3 Differential Nonlinearity

Differential Nonlinearity (DNL) is a measure of how uniform decision levels are spaced in
an ADC. A tedious method of showing how uniform the decision levels are spaced would
be to plot the transfer characteristic of an ADC. The resulting staircase waveform would
quickly become unreadable for a large number of decision levels. A simpler method is to
express the difference between the actual decision level spacing and the ideal decision level
spacing:

DNL(i) = A(i) - A@), 0<i<2VN -1 (4.3)
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k+1 k+2 k+3 k+4 k+5
/f—t f(+): l’(+): l'(+): f(+): "(+): 1=
d(k) d(k+1) d(k+2) d(k+3) d(k+4) d(k+5) v
Figure 4.1: Example of uniform decision level locations.
, Hk+1) - r(ks2) r(k+3) r(k+4) = r(k+5)
17— i } i } ——>
d(k) d(k+1) d(k+2) d(k+3) d(k+4) d(k+5) v

Figure 4.2: Example of nonuniform decision level locations.
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where A(3) is the actual decision level spacing and A(3) is the ideal decision level spacing,
in general. As a result:

A(D)=d(i+1)—d(5), 0<i<2V -1 (4.4)
For a uniform quantizer, the ideal decision level spacing is constant:
A=A, 0<i<2V -1 (4.5)

where A = Vgs/2VN is the ideal decision level spacing for a uniform quantizer with Full-
Scale (FS) range Vgs. For an ideal ADC, DN L(z) = 0 for all i. Notice that DN L(z) > 0
when the decision level spacing is larger than ideal and DN L(z) < 0 when the decision level
spacing is smaller than ideal. A DN L(i) of —1 corresponds to a missing code.

4.2.4 Integral Nonlinearity

Integral Nonlinearity (INL) is a measure of how uniform the decision level spacings are over
long ranges of the transfer characteristic. The INL characterizes the transfer characteristic
completely to within a scale factor. The quantity I N L(z) is the cumulative DN L(3):

i
INL(i)=Y_ DNL(k), 0<i<2¥ -1 (4.6)
k=0
The INL reflects the deviation of the actual ADC transfer characteristic from the ideal

transfer characteristic. Notice that the INL is derived from the DNL. However, the DNL
could also be derived from the INL. Thus, it is seen that:

DNL(i)=INL(i+1) - INL(i), 0<i<2¥N -1 (4.7)

4.2.5 Examples of DNL and INL

Fig. 4.3 shows an example of DNL and Fig. 4.4 shows an example of INL. The DNL
and INL are derived from the nonuniform decision level locations shown above. The ideal
decision level spacing is derived from the uniform decision level locations shown above.

4.3 Principles of Digital Self-Calibration for Pipeline ADCs

4.3.1 Introduction

The pipeline synthesis of the digital self-calibration described here represents an important
departure from other self-calibration techniques. The idea here is to use the pipeline itself
during the self-calibration mode. This arises from the observation that any consecutive
subsection of a pipeline ADC can be viewed itself as an ADC. The result is an all-digital
self-calibration technique that requires no analog trimming, no external data converters and
no special calibration signals.
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Figure 4.3: Example of DNL.
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Figure 4.4: Example of INL.
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The synthesis procedure begins with a last section of pipeline of K stages. Assuming
that this last section is monotonic with no missing codes over K bits, this section can be
used to measure the preceding stage during the calibration mode. This last K bit section is
then combined with the preceding stage to yield a K + 1 stage ADC. The total number of
decision levels is almost doubled since the stage that was calibrated had a gain less than 2.
The digital self-calibration aligns “he transfer characteristic of the K bit section together at
the major carry transition point. As a result, if the decision levels were correctly positioned
in the K bit section, they will be correctly positioned in the K + 1 bit section as well.

4.3.2 MX2 Stage with G =2

Fig. 4.5 shows an ideal pipeline section of K stages at the end of the pipeline with an ideal
MX2 stage that has a gain G = 2. This idealized structure is instructive in understanding
the operation of the digital self-calibration. The ideal MX2 stage is shown with an analog
input Vj,, a digital input D;,, an analog output V,,; and a digital output Dg,:. The output
bit D,,,; has the K bits concatenated to result in the quantity X. This quantity X represents
the quantization of the residue V,,;. The digital input D;, has the quantity X concatenated
to result in the quantity D;, : X. This quantity D;, : X represents the quantization of
the input V;i,. The residue plot is shown for the two cases D;, = 0 and D;;, = 1. The
transfer characteristic is also shown with D;, : X plotted against V;,,. In this ideal pipeline
ADC, the transfer characteristic is perfectly linear. In reality, the Dy, : X axis assumes
only discrete values but the transfer characteristic is drawn continuously for simplicity in
illustration.

4.3.3 MX2 Stage with G > 2

The same structure as before is now shown with a gain G > 2 in Fig. 4.6. The residue plot
clearly indicates that the residue V,,; exceeds the rzference boundary box. The transfer
characteristic is composed of two linear regions, corresponding to D;, = 0 and D;, = 1,
respectively, that are disjoint near V;, = C. Notice that the wide range of analog input near
Vin = 0 results in no change of the output code. As a result, missing decision levels result in
this region. The missing decision levels cannot be eliminated with digital calibration alone.

4.3.4 MX2 Stage with G < 2

The same structure as before is now shown with a gain G < 2 in Fig. 4.7. The residue
plot clearly indicates that the residue V,,, is contained within the reference boundary box.
The transfer characteristic is composed of two linear regions, corresponding to D;, = 0 and
D;,, = 1, respectively, that are disjoint near V;,, = 0. Notice that there is a sudden change
in code near V;,;, = 0. As a result, missing codes result in this region. The missing codes
can be eliminated with digital self-calibration.
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Figure 4.5: Ideal residue and transfer characteristic of a pipeline ADC.
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Figure 4.6: Residue and transfer characteristic of a pipeline ADC with missing decision
levels.
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Figure 4.7: Residue and transfer characteristic of a pipeline ADC with missing codes.
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4.3.5 MX2 Stage with G < 2 and Digital Calibration Applied

The same structure as before is now shown with a gain G < 2 and with digital calibration
logic applied in Fig. 4.8. In this figure, the MX2 stage identified is the eleventh stage and
the last section of pipeline is six stages, as actually used in the pipeline ADC. Thus, K = 6.
The digital calibration logic accepts inputs D;, and X. The output Y is the calibrated
output. The digital calibration logic accepts two inputs S; and S which are digitized
res‘due extrema indicated in Fig. 4.8. These parameters are shown on the residue plot also.
It will be seen later that these parameters correspond to X when the pipeline ADC shown
in Fig. 4.8 is used with certain input conditions. The transfer characteristic is shown with
no missing codes, as desired.

4.3.6 Interpretation of the Last K Stage Pipeline Section

The last K stage pipeline section was shown to measure the preceding reduced radix MX2
stage. The resulting ADC has a resolution that is somewhat less than a radix 2 pipeline
ADC of K + 1 stages because fewer decision levels are available due to the reduced radix.
As the calibrated pipeline is synthesized, the current last section of calibrated pipeline has
an analogous role of measuring the next preceding reduced radix MX2 stage. This follows
from the key concept that any contiguous section of a pipeline ADC is itself a pipeline ADC
which can be used for calibration.

For a reduced radix stage, the maximum possible input range may extend beyond 1V,
without exceeding the input range of the remaining pipeline section. However, the actual
input range of a given reduced radix stage may be less than its maximum possible input
range. This constraint originates from the last K stage section of pipeline that uses radix 2
stages. In order to avoid missing decision levels, the input to the last K stage section must
not exceed +V,.s. As K is decreased, the maximum permissible input range of a given
reduced radix stage increases. However, as K is decreased, the total number of decision
levels decreases since there are then more stages with reduced radix, assuming a fixed total
number of stages. Notice that the total number of decision levels that can be accessed is
set by 2V where N is the total number of stages. The actual number of decision levels
accessible will always be less than 2V for a radix < 2 pipeline ADC.

4.4 Calibration Algorithm

4.4.1 Introduction

One of the goals in arriving at a digital self-calibration algorithm was to avoid the need for
complicated numerical operations, large look-up tables or specialized calibration training
signals. The origins of the algorithm begins with the previous ADC pipeline structure used
to introduce digital self-calibration.



4.4. CALIBRATION ALGORITHM 61

Vin Vout
MX2 MX2
Din Sggezﬂ Dout StageGS =1§ ->17
4 1 46
1
Din W X
digital calibration logic I E S1(11)
s2(11)
Vv
Y
AN vout (+Vref, +Vref) N
V
/ = Vin = vin
s2
(-vref,-Vreh) hin=0 | Din=1 Din=0 | Din=1

missing codes eliminated

Figure 4.8: Pipeline ADC with digital calibration applied to the eleventh stage.
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I Vin IVout ID;n|X |Din:Xl

FVoes | +Vee | 1 | 127] 255
. . 1 126 254

1 1 129

0 | Vs | L | O | 128
0 | +Veeg | 0 |127| 127

. . 0 126 126

0 1 1

—Veef | = Vref 0 0 0

Table 4.1: Parameters of a pipeline section as a function of V;,,. G =2, K = 6.

4.4.2 Derivation of Algorithm

One of the first observations to be made is to examine the various quantities such as D;,,
X, D;p, : X and Y as a function of V;,, as appropriate.

Pipeline Section with MX2 Stage G = 2

Table 4.1 illustrates the output parameters of an ideal pipeline section with G = 2 as a
function of V;,. This Table corresponds to Fig. 4.5 with G = 2 and K = 6. Notice that
X repeats for D;, = 0 and D;, = 1. This is because X represents the quantization of the
residue V. The key point is to notice that the output D;, : X has no missing codes and
counts from 0 to 28 — 1 = 255.

Pipeline Section with MX2 Stage G < 2

Takle 4.2 illustrates the output parameters of a pipeline section with MX2 Stage G < 2 as
a function of V;,. This Table corresponds to Fig. 4.7 with G = 1.93 and K = 6. In this
case, it is seen that X does not reach the maximum or minimum value possible because the
gain is reduced in the leading MX2 stage. Thus D;, : X has missing codes at the major
carry transition point.

This observation is central to the digital self-calibration scheme. The quantity D;, : X
can be remapped to eliminate the missing codes without affecting decision levels. The
interpretation of the output D;, : X is that the MX2 stage structure joins the two halfs of
the residue plot together. Thus, the decision level spacing is essentially not affected. The
reduced gain of the MX2 stage means only that fewer than the maximum possible number
of decision levels are accessed.
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[ Vin I Vout ID.‘nIX IDin:X,

AVies | < +Veeg | 1 | 125] 253
: : 1 |124| 252
: : 1 | 3 | 131
0 [>-Veg| L | 2 | 130
0 |<+Ves| O |125] 125
. . 0 124 124
: : 0 | 3 3

“Vees | > Vees | 0 | 2 |2

Table 4.2: Parameters of a pipeline section as a function of V;,. G < 2, K = 6.

Pipeline Section with MX2 Stage G < 2 and Digital Calibration System

Table 4.3 illustrates the output parameters of a pipeline section with MX2 Stage G < 2
and digital self-calibration system employed as a function of V;,. This Table corresponds
to Fig. 4.8 with G = 1.93 and K = 6. Notice that the calibrated output ¥ has no missing
codes. This is performed by arranging the output Y to count with X for D;, = 0 and to
continue counting for D;, = 1. This eliminates the missing codes.

4.4.3 Algorithm
The digital self-calibration algorithm can now be simply stated as:

Y = X, if Din=0 (4.8)
Y = X+51-S8,, ifDin=1 (49)

It is important to point out that no explicit digital multiplication is needed for calibration.
Using the example shown in Table 4.3, it is seen that S; = 125 and that S = 2. As a result,
S; -- S = 123. With D;, = 0, the output Y counts from 2 to 125. When D;,, = 1, the
output Y becomes X + 193 which begins at 125. The output continues to 248. If desired,
the offset can be removr.d at this stage by determining Sp = 2 and subtracting Sp from Y.
This would result in a1 ortput ranging from 0 to 246.

The decision levels from a succeeding pipeline section are mapped from the residue
output of a MX2, or equivalently the input to the pipeline section, to the input of the MX2
stage. Fig. 4.9 shows the case where the decision levels d(i) and d(i + 1) were mapped
from the V,,,; axis to the V;,, axis of the MX2 stage in this manner. The ideal decision level
spacing along the V;, axis is A. The decision level spacing and MX2 gain are exaggerated
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A Vout

+Vref

~Vref

~Vref

Figure 4.9: Residue plot of a MX2 stage in a 1-bit-per-stage radix < 2 pipeline ADC with
d(i+ 1) - d(i) = 2A.
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"thl Vout |Dtn|X|D$nX|Y|

Vies | < +Vies | 1 | 125] 263 | 248
. . 1 | 124 252 247
. 1 3 131 126
0 |> Vier| 1 | 2 | 130 |1%
0 <+4+Vies| 0 | 125 125 125
. 0 124 124 124
0 3 3 3
—Vref > —I,ref 0 2 2 2

Table 4.3: Parameters of a pipeline section as a function of V;,. Digital calibration applied.
G<2,K=6.

for illustration purposes. It is assumed that the decision level spacings from the succeeding
pipeline section are uniform. Also, it is assumed that the MX2 offset is zero so that the
decision level magnitudes about the origin are equal:

|d(i + 1)[ = |d(3)| (4.10)

This assumption is for determining the extreme cases. The decision level spacing across the
major carry transition point is d(i + 1) — d(i) = 2A for the case shown. If the gain of the
MX2 stage were incremented a small amount, then new decision levels would be accessed
and d(i + 1) — d(i) would become approximately zero.

Fig. 4.10 shows the case where the decision level spacing d(i+1)—d(z) = 0. If the gain of
the MX2 stage were decremented a small amount, then the decision levels d() and d(i 4 1)
indicated would no longer be accessible and the new decision level spacing d(i + 1) — d(3)
would become approximately 2A.

The actual width depends on the precise gain and offset of the current MX2 stage and
the decision level spacing of the succeeding pipeline stages. The average expected value of
d(i + 1) — d(z) = A, the ideal decision level spacing. As a result, a single code should be
mapped to this range, as indicated above. The digital self-calibration algorithm maps the
interval d(i 4+ 1) — d(i) to a single code with an average decision level spacing of A. For
instance, Table 4.3 illustrates how code 125 spans the major carry transition crossing, as
desired. This property of the digital self-calibration algorithm is maintained in the presence
of comparator offset.
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A Vout

+Vref
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Figure 4.10: Residue plot of a MX2 stage in a 1-bit-per-stage pipeline ADC with d(i 4 1) —
d(i) = 0.
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4.5 Comparator Offset

As discussed above, comparator offset of a iraditional pipeline ADC is a primary limitation
to accuracy. The digital calibration is tolerant to comparator offset. Fig. 4.11 shows a
residue plot of a MX2 stage with comparator offset from the previous stage. For the first
MX2 stage in the pipeline ADC, the comparator offset may originate from the comparator
in the SHA stage. The key feature of this residue plot is the equation:

S1—-8,=51-5; (4.11)

What this means is that the difference in the constants S; — S, dces not change so that
the calibrated residue output is unchanged when there is comparator offset from any cause,
whether static or dynamic in nature [58). This remains true as long as the effective com-
parator offset maintains the residue within the reference boundary box.

This is an important result that distinguishes the digital self-calibration presented in
this thesis from other digital calibration schemes applied to pipeline ADCs.

4.6 Pipeline Synthesis

The pipeline synthesis procedure is derived from the property that any contiguous pipeline
section within a pipeline ADC is an ADC itself. The calibrated K + 1 stage pipeline section
described up to this point is now used as an ADC to measure the next preceding MX2
stage. The number of decision levels is almost again doubled. The synthesis procedure
is repeated in the manner described above until all of the pipeline stages are calibrated.
Fig. 4.12 illustrates the calibration being applied to stage 10 with K = 6. The digital self-
calibration aligns the transfer characteristic arising from the K + 1 stage pipeline section
at the major carry transition point for the K + 2 stage pipeline. Notice that viewing the
pipeline from a given stage, the decision level spacing is derived from the succeeding pipeline
section since the digital self-calibration ensures that the transfer characteristic is connected
together corrcctly.
The total number of decision levels accessible in general is F:

N-1
F=2 ] GG) (4.12)
i=1

where G(i) is the gain of MX2 stage i and N accounts for the total number of MX2 stages
and the SHA stage. It is important to notice that the digital self-calibration permits G(z)
to be different among the MX2 stages. This remains true as long as G(z), for a given MX2
stage i, is reduced sufficiently so that missing decision levels do not occur. In the simplified
case where the MX2 stages in the K stage pipeline section each have gain of 2 and the MX2
stages to be calibrated each have gain of G, the total numb-r of decision levels accessible is

described as:
F~oGN-K-12K (4.13)
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Figure 4.11: Residue plot of a MX2 stage with comparator offset Vos.
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Figure 4.12: Digital calibration of higher level stages.
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The synthesis procedure can be used to synthesize a radix < 2 pipeline with K = 1, if
desired. Since fewer decision levels result in this case, it is desirable to use as large a value
of K as is feasible. In this thesis, N = 18, K = 6 and G = 1.93 resulting in F' = 177150.

4.7 Determination of the Calibration Constants S; and S

The calibration constants S; and S; are each obtained by operating a pipeline section with
specific inputs forced at the input of the section. In order to obtain S; for a particular
stage, the analog input is grounded and the input bit is forced to be 0 and the residue from
the stage is quantized using the successive pipeline stages. Fig. 4.13 shows how calibration
constant S; is obtained. In order to obtain S, for a particular stage, the analog input is
grounded and the input bit is forced to be 1 and the residue from the stage is quantized uning
the successive pipeline stages. Fig. 4.14 shows how calibration constant S, is obtained. The
digital data output is averaged without truncation to avoid truncation errors. Since only
the difference S; — S5 is of importance, the analog input during measurement of S; and S,
does not have to be precisely ground. The key is that S§; and S, are measured with the
same input voltage near the comparator threshold so that overranging of the succeeding
pipeline stages does not result.

Typically, S, and S are determined during a calibration mode. Once determined, the
ADC is then used in the run mode. Since the calibration constants are averaged quantities,
it is possible to determine samples of S; and S, continuously with interruption in the
sampling periodicity. Several analog input samples can be skipped to permit determination
of one sample of a calibration constant. Over a long period of time, a long term average of
S1 and S, for each stage can be assembled to maintain calibration over varying conditions.

Once determined, the calibration constants are stored in a digital memory. Since only
51— S is needed in the digital calibration algorithm, a 132-bit memory suffices for a pipeline
ADC with one SHA stage and 17 MX2 stages.

4.8 Extension to Multi-Bit-per-Stage Pipeline ADCs

The digital self-calibration was presented from the standpoint of a 1-bit-per-stage implemen-
tation. The concept can be extended to multi-bit-per-stage pipeline ADCs. The concept
is based on providing additional calibration constants Sj, Sa, S3, S4, -+, Sk, Sk+1 such that
differences Sy — S, S3 — S4,55 — Se, - - - Sk — Sk+1 are maintained when sub-ADC decision
levels or when sub-DAC reconstruction levels are different from ideal.

Fig. 4.15 shows the residue plot of a 2-bit-per-stage MX4 stage with sub-ADC and
sub-DAC errors. The sub-ADC error is caused by a decision level location error in the
sub-ADC. The sub-DAC error is caused by a 1 construction level error in the sub-DAC. As
an example, comparator error can contribute to sub-ADC error and a nonuniform resistor

string used to assign reconstruction levels can contribute sub-DAC error. In Fig. 4.15,
51—55251—52,55—3‘;:53—54 andSé—Sé:Ss—Se.
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Figure 4.13: Determination of calibration constant S;.



72

CHAPTER 4. DIGITAL SELF-CALIBRATION

MX2 Vout o
Stage glp‘:!'"e
p ection
G<2 Dout
P 1 & P
X =S2

A Vout (+Vref, +Vref)

= Vin

..................

(~Vref, -Vref)

Figure 4.14: Determination of calibration constant S5.
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Figure 4.15: Residue plot of a 2-bit-per-stage MX4 stage. Sub-ADC and Sub-DAC errors
are indicated.
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4.9 ADC Digital Output Reduction

The digital self-calibration does not create or eliminate decision levels. Thus, the decision
level spacing from the calibrated ADC must be no wider than 1 LSB at the intended
resolution. By using a redundant number of stages, this can be guaranteed. In some cases,
reduction of the redundancy in the digital output data is desired. By reducing the number
of output codes produced, fewer corresponding decision levels are accessed. The final ADC
resolution is lower but the linearity of the ADC at the lower resolution improves. The
linearity of the ADC at the original resolution is not changed.

The concept of digital output reduction is illustrated in Fig. 4.16. A reduction factor of
L = 4is shown. The ideal unreduced and actual unreduced decision level locations are shown
first. The actual unreduced decision level locations are characterized by DN L(k). The ideal
reduced and actual reduced decision level locations are shown next in Fig. 4.16. Notice how
the actual reduced decision level spacing is more regular than the actual unreduced decision
level spacing. The actual reduced decision level locations are characterized by DN L'(k).
The quantities DN L'(k) and IN L'(k) are related to DN L(k) and IN L(k) as follows:

1(l=+1)L—1

DNL'(k) = I Y. DNL(3) (4.14)
i=kL

INL'(k) = %INL((Ic+ 1L -1) (4.15)

Notice that DN L'(k) averages DN L(k) over L codes. The quantity 7N L'(k) reduces the
peak value of IN L(k) by a factor of L. It is not necessary for the reduction factor L to be
a power-of-2.

4.10 Properties of Digital Self-Calibration

This thesis outlines a digital self-calibration technique that establishes a general method for
digital self-calibration of high-accuracy, high-speed pipeline subranging ADCs. The thesis
addresses the traditional limitations of high-resolution ADCs including ratiometric and
offset errors, among others, that in arise in monolithic IC processes. The technique presents
a novel pipeline architecture, not described in previous techniques, which disconnects the
pipeline at a stage to be calibrated and permits special calibration inputs to be applied
to the selected stage input. By first applying the calibration inputs at the input of an
end section of the pipeline, a calibrated pipeline section is synthesized which in turn is
used with the preceding pipeline stage to synthesize a higher resolution calibrated pipeline
section. This hierarchical process is repeated until the beginning of the pipeline is reached,
and thus the entire pipeline is calibrated. Tle result is an efficient digital self-calibration
algorithm. The digital self-calibration can be applied to an arbitrary number of stages,
each resolving an arbitrary number of bits. With a certain resolution ADC of any type
provided, subranging stages can precede this ADC and then digital self-calibration can be
used to arrive at a higher resolution ADC. The technique is amenable to cyclic ADCs as
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Figure 4.16: Comparison of decision level locations for the cases of unreduced and reduced
ADC digital output. Ideal and actual locations are shown for the respective cases.
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well as pipeline ADC structures. Cyclic ADCs tradeoff hardware reduction with decreased
throughput relative to a pipeline. Thus, the advantage of cyclic ADCs is that they are small
but require more clock cycles for a conversion. The digital self-calibration hardware scales
down with cyclic ADC hardware reduction. Thus, the digital self-calibration can be used
with a pipeline, cyclic or combination of these architectures with other ADC architectures
to attain high-resolution ADCs at a wide range of conversion speeds.

The articulation of fundamental calibration principles of pipeline architectures permits
direct synthesis of the digital self-calibration algorithm. One of the major outcomes of the
articulation of these principles is that the pipeline converter itselfis used in the calibration
mode. Thus, no external reference data converters are needed in the technique. No high-
precision components are required. The digital self-calibration can attain 15-bits of linearity
from component matching no better than 7-bits. Thus, the scheme represents a true self-
calibration. The errors are directly measured under the same condition as during the run
mode. The calibration data is obtained by use of a simple set of d-c calibration inputs
that are indistinguishable from a previous stage output. The calibration data is obtained
with the pipeline ADC operating at full speed. A small digital memory is used to store
the calibration data. The calibration data is combined with the run mode raw data, in
accordance with the digital self-calibration algorithm, to arrive at the calibrated output.
The digital self-calibration performs a simple calibration algorithm in the digital domain
alone. As a result of the algorithm simplicity, no multipliers, microprocessors or other
complex arithmetic systems are required. Since the calibration algorithm is all digital, no
extra analog hardware is required for calibration mode or run mode.



Chapter 5

Digital Self-Calibration Simulator

5.1 Software Strategy

A simulator program was developed in order to test various digital self-calibration algo-
rithms and to specifically explore the radix < 2 pipeline ADC algorithm. An important
feature of this program is that it is modular in nature. As a result, the program modules
can also be used for the test system program used during evaluation of the pipeline ADC
IC. In the case of the test system program, the core of the simulator program is used for
the digital self-calibration evaluation with measured calibration data and measured run
mode data provided from the actual ADC. An advantage of this program approach is that
software development and debugging effort for the simulator and test system program is
concurrent. This is an important strategy for minimizing test system development time and
resources.

5.2 Simulator Structure

The goal of the simulator program is to provide a tool that can be used to determine the
efectiveness of different digital self-calibration techniques. The present simulator accom-
modates a 1-bit-per-stage pipeline ADC design. Each stage of the pipeline is essentially
modeled using a function. This permits each stage to be called for a result in a modular
manner. For example, to determine a conversion in simulation, a SHA function call and
N — 1 MX2 function calls are needed for a total of N bits. A compact program can be
devised by taking advantage of recursion present in the digital sclf-calibration synthesis pro-
cedure. However, the resulting code is then more complex and more difficult to modify. The
simulator program here is structured so that the stages of the pipeline can be used in any
desired order through simple modification of the code. As a result, the present simulator
program is not optimized for minimum code size.
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5.3 Simulator Description

The digital self-calibration scheme synthesizes the pipeline ADC by calibrating a given
stage with the pipeline section thet follows. This is a recursive concept which can be
easily accommodated in the software using function calls. First, the calibration constants
are determined for the entire pipeline ADC. Next, an analog input signal is presented to
the input of the ADC. The analog input is then processed by each stage of the pipeline
as the analog data propagates down the pipeline. As this occurs, the raw digital data is
determined along the way. When the analog wavefront reaches the end of the pipeline, then
the digital self-calibration algorithm, and the calibration constants determined above, can
be used to determine the calibrated output beginning with the last pipeline section and
then propagating back towards the SHA.

The analog signals are modeled using floating point variables and the digital signals are
modeled using integer variables. The main simulator program output is DNL and INL.
This data is determined by scanning the input with an analog ramp that increments by an
amount much smaller than the LSB of the converter under consideration. This is important
to make sure that the simulator program captures the correct decision level locations.

Various pipeline ADC nonidealities are modeled. These include primarily gain and
offset error for the SHA and MX2 amplifiers and offset for the comparators. If desired,
nonlinearity can also be modeled in the SHA and MX2 stages.

As mentioned above, the number of calibrated output codes is n«t necessarily a power-
of-2. The actual ADC output can be determined by a simple division of the ADC output
by a reduction factor. In the case where tke reduction factor is a power-of-2, the division
is especially simple to perform. In this case, a right-shift of the digital output data, by
the appropriate number of bits, would perform the digital output data reduction. It is
important to note that since many signal processing algorithms are not sensitive to a scale
factor, digital output reduction may not be necessary.

The digital self-calibration simulator C code programs are shown in Appendix C.

5.4 Simulation Results

A pipeline ADC with 1 SHA stage, 11 G < 2 MX2 stages and 6 G = 2 MX2 stages was
simulated for various values of G. The simulator was run to determine the DNL and INL
using the digital self-calibration technique. For the cases shown, the DNL is within £+0.25
LSB at 15-bits and the INL is within +0.75 LSB at 15-bits. The DNL and INL are plotted
on the same respective scales for comparison. As G is decreased, the number of decision
levels available decreases. No missing codes are present before the data reduction is applied.
The output reduction factor is L = 5 for all of the cases shown.

5.4.1 MX2 Stage Gain G = 1.9704

Fig. 5.1 shows the DNL after calibration and Fig. 5.2 shows the INL after calibration for
G = 1.9704. Notice that the DNL appears to have mostly negative excursions. The decision
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levels near the major carry transition point for a MX2 stage are relatively close together,
compared to 1 LSB, resulting in the negative DNL excursions. It should be pointed out
that these negative excursions are balanced by positive DNL over longer calibrated output
code duration. As a result, the INL does not deviate excessively.

5.4.2 MX2 Stage Gain G = 1.9550

Fig. 5.3 shows the DNL after calibration and Fig. 5.4 shows the INL after calibration for
G = 1.9550. Notice that the DNL appears more balanced in this case. The decision levels
near the major carry transition point for a MX2 stage are nearly 1 LSB apart in this case.

5.4.3 MX2 Stage Gain G = 1.9324

Fig. 5.5 shows the DNL after calibration and Fig. 5.6 shows the INL after calibration
for G = 1.9324. Notice that the DNL appears to have mostly positive excursions. The
decision levels near the major carry transition point for a MX2 stage are relatively far
apart, compared to 1 LSB, resulting in the positive DNL excursions. It should be pointed
out that these positive excursions are balanced by negative DNL over longer calibrated
output code duration. As a result, the INL does not deviate excessively.
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Chapter 6

Switched-Capacitor System Design

This chapter will ouiline the SC system design for the 1-hit-per-stage digitally self-calibrated
pipeline ADC. SC techniques are used in combination with MOS based technologies. This
permits the synthesis of low cost sysiems for a variety of purposes. The use of BICMOS
provides additional design capability for building high-performance SC systems. Fully dif-
ferential circuit topology is used to permit good high-frequency power supply rejection in
addition to improving the dynamic range.

6.1 SC Pipeline ADC

6.1.1 Basic Structure

The SC pipeline ADC is shown in Fig. 6.1. As discussed above, the pipeline ADC is a
cascade of processing stages. The pipeline begins with a SHA stage that is then followed
by a succession of N — K — 1, G < 2 MX2 stages and K, G = 2 MX2 stages. The
analog differential output of a MX2 stage is connected to the analog differential input of
a succeeding stage. In addition, the digital output of a stage is connected to the digital
input of a succeeding stage. As can be seen from Fig. 6.1, provision for disconnecting the
pipeline at che input of a G < 2 MX2 stage is present. This permits calibration of each
G < 2 MX2 stage, as desired. When a stage is to be calibrated, the differential analog
signal V,; and Vj, is connected to the input of the desired stage. As described above, the
necessary analog signal needed for calibration is ground. Thus, V31 = 0 and Vp2 = 0 are
used. The digital input Dp; is connected to the stage to be calibrated to force the input
bit of the selected stage. In general, provision of Vp; and Vp, as potentials different from
ground permits determination of other calibration constants, nemely So and S3, when the
program input difference is —V;¢; or +V,.¢, respectively. Since only one stage is calibrated
at one time, the signals Vp, V32 and Dy, are bussed. The provision of external Vp; and Vpa,
or program inputs, provides flexibility for testing. Although the last section of G = 2 MX2
pipeline is accessible at each stage input, the calibration data for these stages is not used.
As discussed above, the digital calibration can synthesize a calibrated pipeline by beginning
from the last stage of the pipeline, if desired.
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Figure 6.1: SC Pipeline ADC.
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6.1.2 Timing

Fig. 6.2 shows the timing diagram for the pipeline ADC. Notice that the pipeline timing
relies essentially on two nonoverlapping clocks ¢, and ¢3;. There is an even and odd set of
clocks used. Also, there is logical redundancy in the clocks shown, namely that ¢;; = @3,
and ¢3; = ¢12. The redundancy is present because the clocks shown are independent,
which is important for testing flexibility. The clocks ¢y;, @32 and @3y, ¢12 can be merged,
respectively, to reduce the total number of clocks, but at the expense of testing flexibility.
The basic timing of the pipeline ADC is now described. The analog input is connected to
the SHA input capacitors during the time that ¢,;; is high. The input is sampled on the
high-to-low transition of ¢;;. A delayed clock ¢3; is used to minimize charge injection in
the SHA and will be discussed further later. When the clock ¢3; is high, the SHA is put
into the amplify mode to hold the sampled analog input. During this time, ¢;5 is high
as the first MX2 stage samples the SHA output. A delayed clock ¢,; is used to minimize
charge injection in the MX2 and will be discussed further later. When the clock ¢3; is high,
the MX2 stage is put into the amplify mode. A analog input is again presented to the SHA
when ¢;; becomes high again. As the clocks progress, the analog inputs presented to the
SHA stage propagate down the pipeline.

6.2 SC SHA

6.2.1 Sample Mode

The SHA employs SC networks, a fully differential op-amp and a fully differential compara-
tor. Fig. 6.3 shows the SC SHA in the sample mode. The top plates of capacitors C; and
C are connected to the op-amp inputs. The SHA function begins by sampling the analog
input on to the bottom plates of the capacitors during the sample mode. During this mode,
the op-amp is configured in a unity-gain connection. The differential input charge sampled
is:

Qi = —(C1 + C2)(Vin — Vou) + C3Vo, (6.1)

Thus, when ¢, goes low, the analog input is sampled. The sampling occurs with a
constant gate-source voltage applied to the switch because the top plate of the capacitors
are connected to the op-amp which is in the unity gain feedback connection during the
sample mode. This is enforced by having ¢; zo low first. Once this is accomplished, the
top-plate capacitor charge cannot be changed as this node is a cut set of capacitors. The
clock ¢, then disconnects the capacitors from the analog input.

6.2.2 Amplify Mode

Once the analog input is sampled, the SHA function continues to the amplify mode. Fig.
6.4 shows the SHA in the amplify mode. The capacitors are placed around the op-amp
during this mode resulting in a held output. This occurs when ¢3 is high. The charge for
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the amplify mode is written as:
Q.f = _(Cl + C2 + C3)(Vout - Voa) (62)

The capacitors C; and C; are nominally equal. The mismatch is represented through a
parameter a; such that:

Cz = (1 + a1)6'1 (6.3)
The capacitor Cj is a small fraction of either C; or C; and is expressed as:
Ca = C!zCl (64)

The purpose of the capacitor Cj is to obtain a gain that is slightly less than 1. The purpose
of the SHA gain slightly less than 1 is to prevent the SHA output from overranging the
succeeding stages so that the SHA can be calibrated. In this design, a; = 0.035.

Using charge conservation, @; = @Q¢. The presence of charge injection must be accounted
for so the charge balance is then written as:

Qi-Q5=0Q. (6.5)
As a result, the output V,,, can be solved in terms of V;;, and the SHA closed loop gain is
found to be: v 0
Viue = L + ad 6.6
T 14+Cs/(C1+C3)  C1+Ca+Cs (6:6)
Using the expression for C; and Cj3 in terms of C, it is seen that:
Vi e
Vout = : Q (6.7)

1+ az/(«+ a1) + Ci(2+ a1 + ag)

During the amplify mode, the comparuior is connected to the op-amp output. At the
end of the amplify mode, the comparator will make a decision as to the sign of the op-amp
output. The analog data and the digital data is presented to the succeeding stage at this
time. When the analog input is being sampled to the SHA, the comparator is put into the
reset mode.

It is important that the residual offset is minimized to the point where the residue of
a MX2 scage to be calibrated does not exceed the reference boundary. The extrema of the
residue plot occur when V;,, = —V,.y and V;,, = V,.4. The extrema are denoted respectively
as So and 533

SO — - ref(2 + al) + "'Qe/Cl (6,8)
2+ a1+ a 2+ a1+ a
Ss = 12/;-.;!(2 + al) + —Q,/C’l (6.9)
tar+a;  2+a;taz
The digital self-calibration requires that the extrema of the transfer characteristic to be
within £V;.;:

So > - ref (6.10)
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The constraints can now be expressed as:

Qe > —CiViesaz (6.12)
Qe < CiViesa (6.13)

Combinirg the constraints above, a constraint can be simply written as:

1Qe/C1| < azVres (6.14)

6.3 SC MX2

6.3.1 Sample Mode

The MX2 employs SC networks, a fully differential op-amp and a fully differential compara-
tor. Fig. 6.5 shows the SC MX2 in the sample mode. The MX2 function begins by sampling
the analog input on to the bottom plates of one of the capacitors during the sample mode.
During this mode, the op-amp is configured in a unity-gain connection. The differential
input charge sampled is:

Qi = —(C1+ C2)(Vin — Vou) + C3Vo, (6.15)

Thus, when ¢, goes low, the analog input is sampled. The sampling occurs with a
constant gate-source voltage applied to the switch because the top plate of the capacitors are
connected to the op-amp which is in the unity gain feedback connection during the sample
mode. This is enforced by having ¢; go low first, as before. Once this is accomplished, the
top-plate capacitor charge cannot be changed as this node is a cut set of capacitors. The
clock ¢, then disconnects the capacitors from the analog input.

6.3.2 Amplify Mode

Once the analog input is sampled, the MX2 function continues to the amplify mode. Fig.
6.6 shows the MX2 in the amplify mode. One capacitor is placed around the op-amp during
this mode resulting in a held output. The other capacitor is connected to either +V;.; or
~V,es, depending on the previous bit. The amplify mode thus performs the gain function
and 1-bit DAC function needed. This occurs when @3 is high. The charge for the amplify
mode is written as:

Q,f = "'CIV;'ef - (02 + CS)(Vout - Voa) (616)

The capacitors C; and C, are nominally equal. The mismatch is represented through a

parameter a; such that:
Cz = (1 + al)Cl (6.17)

The capacitor Cj3 is a small fraction of either Cy or C; and is expressed as:

Cs = azcl (6.18)
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The purpose of the capacitor Cj is to obtain a gain that is slightly less than 2 required in
the radix < 2 pipeline ADC. In this design, a; = 0.035.

Using charge conservation, @; = Q. The presence of charge injection must be accounted
for so the charge balance is then written as:

Qi - QI = Qe (619)

As a result, the output V,, can be solved in terms of V;, and V,.s using the expression for
Cs, and C3 in *cms of C:

V. — (2 + al)Vin - I/rcf Qe
out 1+a; +as Ci(1 + a3 + a3)

During the amplify mode, the comparator is connected to the op-amp output. At the
end of the amplify mode, the comparator will make a decision as to the sign of the op-amp
output. The analog data and the digital data is presented to the succeeding stage at this
time. When the analog input is being sampled to the SHA, the comparator is put into the
reset mode.

It should be pointed out that the G < 2 MX2 amplifier can be easily modified to a
G = 2 MX2 amplifier by disconnecting Cj.

It is important that the residual offset is minimized to the point where the residue of
a MX2 stage to be calibrated does not exceed the reference boundary. The extrema of
the residue plot occur when Vi, = —Vief, Din = 0; Vin = 0, Din = 0; Vi = 0, Dy = 1
Vin = Vzef, Din = 1. The extrema are denoted respectively as Sp, S3, Sz and S3:

Qe/Cr — Veeg(1 + ai1)

(6.20)

So = 6.21

0 1+ a1+ az ( )
Qe/Cl + Vref

S = ——M————= 6.22

! 1+a)+ as ( )
Qe/Cl - Vrcf

Sy = ——— —~= 6.23

2 14+ a1+ az ( )

Sy = Qe/C1 + Vees(1 + a1) (6.24)

1+a;+a

The digital self-calibration requires that the extrema of the transfer characteristic to be
within +V;.4:

So > —Vieg (6.25)
S1 < +AVies (6.26)
S2 > Vi (6.27)
S3 < AVies (6.28)

The constraints can now be expressed as:

_CIVrcfa2 < Q< CIVref(al + az) (6-29)
—CIV,.,f(al + az) < Qc < ClV,,faz (630)
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Notice that as > 0 in all cases while a; can be zero or nonzero. It is needed to have
ay + az > 0. This can be accomplished by choosing a; to be large enough to swamp out a,
so that a; + as remains positive. Combining the constraints above, a worst case constraint
can be simply written as:

[Qe/C1| < Vreg(las| + az2) (6.31)

6.4 Limitations to the SC SHA and MX2

6.4.1 Nonlinearity

Nonlinearity contribuied by capacitors and transmission gates will contribute INL, but
not DNL. This is because the digital self-calibration measures the pipeline ADC during
the calibration mode under the same condition as during the run mode. As a result, the
transfer characteristic is aligned at the maj - carry transition point at each MX2 stage that
is calibrated.

Voltage Coeflicient of Capacitors

Voltage coefficient of capacitors in the SHA and MX2 stages is an important limitation
to the INL of the ADC. Voltage coefficient from the capacitor occurs because of depletion
layer depth changing due to applied potential for a given doping. In the case of a double
polysilicon capacitor, there are two depletion layers, one for each capacitor plate, to be con-
cerned with. One advantage of fully differential circuits is that even order terms of a power
series expansion representing a nonlinearity can be canceled [59]. Since the third order,
and higher, terms are typically much smaller in the representative power series expansion,
linearity can be improved.

Transmission Gates

Another important source of nonlinearity is signal dependent charge injection. It is shown
in [60, 61, 62] that the charge injection is a function of the device geometry, external
impedance, and applied device potentials.

The sampling switch in the SHA is the feedback reset switch connected around the op-
amp. The op-amp reset switches must usually have a small aspect ratio in order to help
minimize charge injection. However, decreasing the aspect ratio increases the impedance of
the reset switch and this can degrade settling characteristics of the op-amp. It is important
to reduce charge injection in an effort to not only reduce the offset as much as possible but
to also lessen the magnitude of any nonlinear charge injection originating from the sampling
switctes. Although the charge injection is nominally canceled by virtue of the differential
circuit operation, the charge injection from the positive branch is different from the negative
branch when the ADC input voltage is significantly different from zero.
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The dominant external impedance connected to the MOS device terminals is the input
capacitor and transmission gate branch. As a result, it is important that a large aspect ratio
is used for nonsampling transmission gate switches which are used to access the switched
capacitors. Large aspect ratio transmission gates provide low impedance.

Since the mobility and threshold voltages of NMOS and PMOS are usually different, the
conductance in the ohmic region will differ for these devices when used in a transmission
gate with a widely varying voltage. In one case, the conductance of the NMOS device will
dominate while in the other case, the conductance of the PMOS device will dominate. Since
the device parameters are different, it is important to scale the device widths such that the
nominal impedance of a transmission gate is as small and constant as possible.

6.4.2 Residual Offset

The digital self-calibration removes the effects of amplifier offsets. It is important that the
offset does not cause the residue output of a radix < 2 MX2 stage to exceed the reference
boundary. An advantage of fully differential sampling is that offsets are reduced. In some
cases, it is desirable to minimize the overall input referred offset of the ADC. Input referred
offset may be canceled by applying zero ADC input and then digitally subtracting the result
from the ADC output.

Charge Injection

Charge injection represents the dominant residual offset component. Offset in the SHA
contributes to ADC input referred offset.

The MOS charge injection above was modeled as .. This parameter needs to now be
discussed in terms of MOS device parameters. The channel charge of a transmission gate
used for the op-amp reset switch can be written as:

Qtrg = (W L)ern,e£1Coz(Von = Vi)l + (W L)erp,e 1 £Coa(Vep — Vi) (6.32)

The source potential is assumed to be zero in this expression. This is a worst case scenario
for Q¢ry because there is a partial canceliation of offset between n-channel and p-channel
devices . This cancellation is difficult to predict because of the complexity in the terminal
impedances looking out of the source-drain of the MOS devices [60]. The differential charge
injection @. is modeled as:

Qc = Qtrg6a6trg (633)

where §, represents the splitting of charge to drain and source and 6,4 is the mismatch
between the upper and lower transmission gates in a differential circuit. Thus, as a result:

Qe = BuBurg(W L)ermess + (W L)erpeg 11Coz(Vy — Vi) (6.34)

where Vy — Vi = |Vgn = Vi = |Vgp — Vi
It is desirable to use a single MOS device for the reset switch in order to reduce the
total amount of parasitic coupling present on an op-amp input node. The above analysis
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will handle this case as it is a subset of using a transmission gate for the reset switch. Thus,
for a single NMOS device used in each reset switch:

Qe = 615trg(WL)trn,cffCoz(Vg - Vt) (635)

For the Harris HBC-10 process, the effective dimensions are calculated as W.sy = W—3.2
and L.sy = L —0.6 with units of um. The NMOS reset switch is drawn with an aspect ratio
60/2.4. For this process, the gate-oxide thickness is 200 A. As a result, Coz ~ 2x10~7F/cm?.
The threshold voltage V; = 0.7 V and the gate potential is assumed to be 5 V. Notice that
the source potential is near 0V because the common mode feedback holds the common mode
level near 0V. With the channel charge splitting assumed to be equal between source and
drain, §, = 0.5. Thus, Q. is determined to be:

Qe = 4.4744 x 107136, (6.36)
With C; = 1 pF and V;.5 = 2.5 V, the constraint above is evaluated as:
dirg < 5.5878a, (6.37)

where it is assumed that a, will swamp out ;. Assuming a worst case of 10% charge
injection mismatch, §;,, = 0.1. Thus, as > 0.0179. Notice that for lower V,.s, as must
be increased in order to tolerate the same charge injection mismatch. For this design, a,
is set to 0.035 in order to provide sufficient design headroom for lower operating voltage
conditions.

Op-Amp Input Referred Offset

Since the SHA and MX2 function performs correlated double sampling of the op-amp input
referred noise and offset, offset contributed from nominal op-amp component mismatch is
canceled.

6.4.3 Noise
Direct and Sample-and-Held Thermal Noise

Thermal noise represents one of the ultimate limits to the achievable resolution of the ADC,
regardless of input frequency. Thermal noise is contributed by the op-amp input stage, re-
set switch and SC networks. Thus, it is important that the op-amp thermal ncise Power
Spectrum Density (PSD) is minimized. It is also important to use as large capacitors as
possible to reduce the kT'/C noise. However, this requires a quadratic increase in capaci-
tance in order to make impact. In order to maintain speed, this results in increased power
dissipation.

Complete charge transfer in SC circuits implies that the amplifier time constants are
much smaller than the period T'. As a result, severe aliasing occurs in the sample-and-held
thermal noise when wide-band thermal noise is undersampled. It is shown in [63, 64, 65]
that even slight undersampling causes aliased thermal noise to appear white. A detailed
analysis of the SC thermal noise for the SHA, MX2 and ADC is shown in Appendix A.
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Flicker (1/f) Noise

Flicker or 1/ f noise is largely contributed in the SHA and MX2 by the PMOS transistors
from the op-amp. The SHA and MX2 performs correlated double sampling which reduces
the PSD magnitude of the 1/f noise. Since the sampling rate of the ADC is > 1 MHz,
considerably higher than the corner frequency of most 1/f thermal noise processes, the
correlated double sampling is effective.

6.4.4 Settling Time and Accuracy

Achieving low settling time to high-accuracy requires a high unity-gain frequency op-amp
with good magnitude and phase characteristics near crossover. The use of BICMOS provides
the ability to achieve high unity-gain frequency by virtue of the bipolar devices used in the
op-amp. Sufficiently high slew-rate is needed from the op-amp output in order to meet the
settling requirements of the pipeline ADC design.

The settling behavior of the SC networks is important. As a result, the use of large
aspect ratio, nonsampling transmission gates helps to ensure that the SC networks are not
dominating the settling time.

The op-amp d-c gain contributes to the final settling accuracy of the SHA and MX2
stage outputs. Although the digital self-calibration accounts for finite op-amp d-c gain,
the op-amp d-c gain can drift due to environmental changes such as ambient temperature
change. Large op-amp d-c gain is used to obtain the desired desensitivity to change in the
d-c gain [66].

6.4.5 Aperture Jitter

The aperture jitter of the SHA primarily affects the aperture jitter properties of the pipeline
ADC. Aperture jitter represents one of the ultimate limitations to the resolution of an
ADC for high-frequency input signals. Notice that once the analog data is sampled into
the pipeline ADC, then the aperture jitter of succeeding stages is not important. This is
because the burden of obtaining the zero-order hold samples of the analog input rests with
the SHA.

The extrinsic component of the aperture jitter arises primarily from the clock circuits
and clock generator used external to the ADC chip. To a large extent, these components can
be reduced through appropriate use of high-precision clock circuits. The intrinsic component
of the aperture jitter may involve thermal noise of digital gates in the sampling clock signal
path.

In this design, direct metal connection is established from the bond-pad to the gate of
the MOS reset switch. Thus, no digital gates are used that can add aperture jitter. This
scheme also permits a simple RC filter to be used at the SHA clock pin allowing the SHA
clock waveform to be controlled externally, if desired.
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6.5 SC Comparator

6.5.1 Basic Structure

The comparator employs SCs, pre-amplifiers and a latch. The system operates as an offset
canceled pre-amplifier system that is then used to drive a latch with sufficient drive [67].
Offset cancellation is used in the pre-amplifiers to reduce the nominal offset of the pre-
amplifiers so that the dominant comparator offset is the pre-amplifier input referred latch
offset. The pre-amplifier system design employs two offset canceled pre-amplifiers so that
the input referred offset is less than 1 LSB at the intended resolution. The reason for this
is that the original digital self-calibration scheme corrected for ratiometric errors but not
for comparator errors.

The comparator function begins by connecting the analog input to the first pre-amplifier.
At the end of this mode, the pre-amplifiers have amplified the input so that a fraction of
an LSB input can drive the maximum expected latch offset.

6.5.2 Reset Mode

Fig. 6.7 shows the comparator structure in the reset mode. During the reset mode, the
analog input is disconnected and the inputs to each pre-amplifier are grounded. The offset
referred error is then stored on the capacitors [68]. This performs correlated double sampling
as well as offset cancellation. One concern of this approach is that the output referred voltage
AV,,. It is important that this output voltage does not exceed the linear operating range of
the pre-amplifier in order to ensure that complete offset cancellation is accomplished. For
a given offset and linear operating range, an upper limit on the gain A is implied. Because
of this constraint, two offset canceled pre-amplifier stages are employed in order to achieve
the desired gain without leading to excessively large AV,, for each pre-amplifier stage.

6.5.3 Amplify Mode

Fig. 6.8 shows the comparator structure in the amplify mode. The offset canceled pre-
amplifiers drive the latch which in turn is used to hold the state of the comparator.

6.5.4 Latch

The latch design is a cross coupled inverter CMOS latch. This structure is relatively simple
and uses small area and power. The relatively high offset of the basic latch design may
require at least one pre-amplifier for the 1-bit-per-stage digital self-calibration presented
in this thesis. Optimization of the latch design can reduce the latch offset and thus relax
overall pre-amplifier gain requirements.
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6.6 Limitations to the SC Comparator

6.6.1 Residual Offset
Charge Injection

Offset in the comparator should be minimized so that the maximum dynamic range of the
MX2 stage can be used. Charge injection represents the dominant residual offset component.
The digital self-calibration can tolerate comparator offset which relaxes the comparator
offset requirement.

Component Mismatch

Since the comparator function performs correlated double sampling of the pre-amp input
referred noise and offset, offset contributed from nominal pre-amp component mismatch is
canceled.

6.8.2 Noise

Noise in the comparator appears as a dynamic offset which is removed by the digital self-
calibration. Since the calibration tolerates static or dynamic comparator error, comparator
noise is unimportant.

Frequency Response

Achieving low settling time to high-accuracy requires a high-speed pre-amplifier design.
The use of BiCMOS provides the ability to achieve high-frequency response by virtue of the
bipolar devices used in the pre-amplifier.

The settling behavior of the SC networks is important. The use of large aspect ratio
transmission gates helps to ensure that the SC networks are not limiting the settling time.



Chapter 7

Analog Integrated Circuit Design

7.1 Operational Amplifier

7.1.1 Op-Amp Overview

BiCMOS is used to provide n-p-n bipolar devices for high-speed, high-gain analog capability
while providing CMOS devices for a SC environment. The operational amplifier is shown
in Fig. 7.1. The op-amp is a 2-stage, fully-differential design with a 100 MHz unity-gain
bandwidth and a 125 dB d-c gain [69, 70]. The main signal path is indicated in bold. A
PMOS differential input stage, composed of devices M; and M,, is used for lower 1/ f noise
and lower threshold voltage relaxation, compared to NMOS [6]. Focus will be placed on the
right half of the remainder of the op-amp signal path. An n-p-n bipolar second stage @,
is used to achieve a high-frequency nondominant pole. The second stage is cascoded with
device (I3 and then actively loaded with a cascoded current source, composed of devices
Mg and Mj, to obtain the high output resistance used to help achieve large op-amp d-c
gain. This large d-c gain is desirable to avoid the need for recalibration due to gain drift
arising, for instance, from a temperature change. Device @, is used as an emitter follower to
prevent the second stage from excessively loading the first stage output and thus reducing
the d-c gain. Compensation capacitor C, is used for pole-split compensation of the op-amp
(71).

7.1.2 Frequency Response Issues
Pole-Splitting

The root locus of the feedback system present in the 2-stage op-amp is considered. With
an ideal two-stage design, the root contour of the poles for the op-amp, as a function of the
compensation capacitance C,, will traverse a path that is along o axis in the left-half s-plane
[71, 72]. Thus, as C. is increased from zero, a dominant pole moves towards the origin in
the s-plane while a nondominant pole moves along the negative o axis, hence pole-spliiting.

One of the difficulties with a 2-stage op-amp design is that there is potential for failure
of pole-splitting [71]. When additional poles are present in the op-amp second-stage, then
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Figure 7.1: Operational amplifier.



7.1. OPERATIONAL AMPLIFIER 107

the root contour no longer is confined to the o axis. The addition of a third high-frequency
pole results in a root contour that has a dominant pole evident but with two nondominant
poles that split off of the & axis. As is shown in [71], these two nondominant poles can
approach the jQ axis. The use of an emitter follower (); between the first and second
stages of the op-amp is one source of a high-frequency pole that can contribute to failure
in pole-splitting. The presence of parasitic base resistance in the common-emitter amplifier
@ in the second stage is yet another potential source that can contribate to failure in pole
splitting.

When failure of pole-splitting occurs, the op-amp frequency response can exhibit gain
peaking which can cause instability in closed-loop amplifiers using the op-amp. This is
caused by the nondominant poles approaching the j axis, as discussed above. The manner
in which the peaking effect is reduced is to degenerate the transconductance of device Q.
Resistor Rg is used for this purpose. This permits a reduction of the loop transmission
magnitude in the minor loop while maintaining the current level in the second stage needed
to meet slew-rate requirements. One of the difficulties of introducing Rg is that increasing
the emitter potential can result in saturation when the temperature is increased. As a result,
the cascode device @3 is biased with a diode stack composed of three diode connected bipolar
devices, @13, @14 and Q5. This is necessary in order to retain device @, out of saturation
under the conditions of expected operating temperature and increased emitter potential due
to Rg. It is important to point out that the large transconductance of the n-p-n device is
still needed to obtain the high-performance in the op-amp. However, the method described
here decouples current level issues from stability issues.

Input Stage MOS Device Qr

The input stage employs MOS devices which appear in the signal path of the op-amp. The
Q7 of the MOS devices needs to be considered in order to achieve good phase-margin for a
high-performance op-amp. This is because the phase response of the op-amp depends on the
phase response of the MOS device. The phase response of the small-signal transconductance
generator is of importance, as a result. It is shown in [73] that a nonquasi-static analysis
of the MOS transistor is necessary in order to predict high-frequency response. The y-
parameter description of the transconductance generator is shown to be:

9m
AL — 7.1
S I P (1)
where the time constant 7; is determined to be:
4 1
z P 02
¥ 150, (7:2)

Physically, this result reflects the fact that the inversion layer of the MOS device lags behind
the change in the gate-source voltage Vgs.
The Qr of a MOS device is derived from first principles as [73]:

v
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An important consequence of this result is that Vpgs sar should be as large as possible.
Another important consequence of this result is that short channel length devices should be
ernployed in the input stage as there is approximately quadratic dependence on the channel
length L.s¢. It is important to take the nonquasi-static analysis into account because some
SPICE based circuit simulators do not account for this effect in the AC Analysis.

First Stage Miller Capacitance

The high d-c gain of the op-amp is partially due to the gain of the first stage. Because
of the Miller effect in the first stage, the effective input capacitance contribution from the
drain-gate overlap capacitance is magnified:

Crm = (14 | 41])Cpe (7.4)

where A; is the gain of the first stage. When the op-amp is used in a closed loop-amplifier,
the increased input capacitance at low frequencies reduces the available d-c loop transmis-
sion magnitude. The simulated d-c gain for this design is 135 dB determined by driving
the op-amp with voltage sources connected to the op-amp input terminals. However, the
actual op-amp design will never be used in this manner. Thus, the available d-c gain of the
loop transmission for the MX2 in the amplify mode is approximately 125 dB.

7.1.3 Transient Response Issues
Slew Rate

In order to meet settling time requirements, the op-amp slew rate must be sufficiently high.
One of the disadvantages of a two-stage op-amp design is that the op-amp is biased Class-
A meaning that bias current is always present. As discussed above, the use of relatively
large second-stage current and the associated potential instability caused by failure of pole-
splitting is combated through the use of degeneration resistor Rg.

Emitter Follower Collector Current

When the differential input pair is steered strongly during slew rate limiting conditions, the
emitter follower J; may temporarily experience a large base current drive. The resulting
emitter current can exceed the collector current from current source Q1;. The resulting
current difference is sustained by @, and then passes out towards Ay gg. The large emitter
current in @), originates from the collector of @;. The emittcr follower collector is supplied
by a separate power supply, EFypp. This power supply is joined to Aypp externally
to the chip where a lower source impedance is possible than from on-chip power supply
connections. In this manner, any large current spikes from the op-amp emitter followers in
the ADC system are kept out of sensitive power supply paths, such as Aypp.
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Bias Network Splitting

Since the slew-rate of the op-amp outputs can be large during amplifier settling or during
reset operation, it is desired to separate the second-stage bias network from the first-stage
bias network. As can be secen in the op-amp schematic, Irgr; and devices My7_24 provide
bias current for the differential mode and common mode feedback differential pairs. In
addition, Irg s and devices My_1¢ provide bias current for the second stage and other less
sensitive bias needs. Thus, when the op-amp outputs have sharp changes, the relatively
slow settling gate bias rails in the input stage bias network are not affected. This is an
important strategy to help decouple second-stage transients from the sensitive first-stage
bias. Another advantage of separate bias networks is that it provides the ability to change
the op-amp operating conditions should process parameters differ from simulated values.
This strategy is helpful from the standpoint of testing the ADC research vehicle.

7.1.4 Common Mode Feedback Network

A dynamic common mode feedback scheme is used to sense the output common mode level
of the op-amp [70, 74]. The common mode feedback circuit is shown in 7.2. The voltage Vo
represents the output common mode level. A differential pair composed of devices M3 and
My, is used to steer common mode current to the first stage of the op-amp. This completes
the common mode negative feedback loop that tends to drive Voar equal to VemrEF, thus
stabilizing the output common mode level. The voltage VocpmrEF is set between the power
supply rails, or ground, for a positive and negative power supply scheme. Devices Mys
and Myg are used to avoid a start-up difficulty in the output common mode level when
the power supply is turned on. If the output common mode level is near the Ay pp power
supply rail, then the input differential pair bias current source Mg could be cutoff and the
op-amp output common mode level could remain at the Ay pp power supply rail. However,
Mjs and M, turn on in this condition to drive the output common mode level away from
Aypp, as desired. Once the output common mode level is stabilized, devices M5 and Mg
remain cutoff for normal op-amp operation.

7.2 Comparator Pre- Amplifier

The comparator pre-amplifier is shown in Fig. 7.3. A 2-stage, open loop design is used.
The main signal path is emphasized in bold. A PMOS differential input pair, composed of
devices M; and My, is used for analogous reasons as for the op-amp. Focus will be placed
on the right half of the remainder of the pre-amp signal path. Emitter follower @, is used
as a buffer between the first stage output and the second stage input. A bipolar differential
pair, composed of devices @3 and @4, is principally used to achieve the gain in the pre-amp.
Emitter follower Q¢ is used to prevent loading of the second stage output. Devices Q7_10
are used to establish sufficient common mode input level to bases of ¢, and @, so that Vgp
for @13 remains positive. The comparator uses 2 pre-amplifiers in cascade, connected using
coupling capacitors, which then drive a simple CMOS cross-coupled latch. Open loop offset
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cancellation [68] is used to reduce the input referred offset of the pre-amplifiers well within
the calibration range. The gain of each pre-amplifier is approximately 60. Since passive
loads are used in the pre-amplifier design with low gain, a common mode feedback scheme
is not required.

7.3 Dynamic CMOS Latch

The dynamic CMOS latch design used to hold the state of the comparator is shown in
Fig. 7.4. The latch operates on nonoverlapping clocks ¢; and ¢3. In order to minimize
“kickback” to the second stage SCs, source followers Mg and M are used as buffers. When
@1 is high, the source follower outputs are connected to the drains of the latch core devices
M;_4. Thus, the latch core is pre-charged to the input voltage during this time. The
input switches M7 and Mg are turned off when ¢, becomes low. When ¢3 becomes high,
the latch core activates in positive feedback causing each of the outputs V,; and V,; to
rapidly diverge to Dypp or Dygg, depending on the input pre-charge. The advantage of
the dynamic CMOS latch design is overall circuit simplicity as well as easy generation of
CMOS logic levels.

7.4 Bias Distribution Network

The bias distribution network has the major task of providing the necessary bias currents
to various points cn the IC. Since the pipeline ADC contains a multitude of op-amps and
comparators, the bias network also provides a means to merge the large number of total
bias currents needed down to a convenient number for interfacing at the IC pads. Fig. 7.5
illustrates the basic concept of the bias distribution network.

The basic design of the bias distribution scheme is to establish a low impedance voltage
Vpst which can be distributed by a metal wire across the IC and tapped at any point
where current will be needed. A simple voltage-to-current conversion is provided locally.
The motivation for this approach is manifold. First, the low impedance drive of Vpgr
provides a means to diminish errors contributed by parasitic capacitance coupling high-
frequency clock signals. Second, the use of a linear distribution wire reduces the amount of
layout area needed io route bias wires. Third, the modularity of the layout is maintained
with a linear distribution scheme since the linear distribution wire can be accessed wherever
convenient, even if cell placement is altered.

The Widlar current mirror in the circuit begins with reference device Q,. An emitter
follower @3 is used to drive the distribution wire Vpsr. This emitter follower also sustains
the bias currents accumulated from remote access points along Vpsr. Device Q3 is biased
at a similar currant level to Iggr in order to maintain reasonably high device fr. An
emitter resistor R; is used with the reference device ;. The emitter resistor voltage is
chosen to be large compared to AVpg originating from device mismatch or environmental
change. Thus, the current ratios are primarily determined by resistor ratios. The thermal
tracking between input and output devices cannot be assured due to the relatively long
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distances that the devices are separated by. The use of emitter resistors to degenerate the
common-emitter gain helps to ensure thermal stability.

The distribution wire is itself accessed with an emitter follower at the desired access
point. This helps reduce coupling of noise between access points along the linear distribution
wire. The return currents are in By gg which is intentionally separate from Ay gg on chip.
This is an important consideration because the large d-c currents and transient current
present in Ay g can adversely affect the bias network otherwise. The potentials By gg and
Ay EgE are joined externally where a lower source impedance is possible than from on-chip
power supply connections.

7.5 Digital Output Buffer

The digital output buffer design is shown in Fig. 7.6. This design employs a simple inverter
structure but uses separate power supplies Vi and V. This permits the digital output
level to be adjusted only as large as necessary. This helps to reduce noise coupling from the
digital outputs to other parts of the system.

7.6 Simulation Results

The op-amp performance is summarized in Table 7.1. The comparator pre-amplifier per-
formance summary is shown in Fig. 7.2. The latch performance is summarized in Table
7.3.
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7.6. SIMULATION RESULTS

I Parameter ] Simuiated Value l
d-c gain 135 dB
unity-gain frequency 100 MHz
phase-margin 68°
differential slew rate 400 V/pus
14-bit settling time < 50 ns
cap. loading per output 5 pF
input thermal noise PSD 129 nV/VHz
positive PSRR > 80 dB at 1 MHz
negative PSRR > 80 dB at 1 MHz
power supply 5V
power dissipation 90 mW

Table 7.1: Op-amp performance summary.

| Parameter | Simulated Value |
d-c gain 36 dB
—3 dB frequency 80 MHz
14-bit offset cancel time < 50 ns
cap. loading per output 2 pF
input thermal noise PSD 9.5nV/ VHz

positive PSRR

> 50 dB at 1 MHz

negative PSRR

> 50 dB at 1 MHz

power supply

5V

power dissipation

30 mW

Table 7.2: Pre-amp performance summary.

| Parameter | Simulated Value |
cap. loading per output 0.2 pF
latch acquire time 10 ns
latch reset time 20 ns
power supply 5V

Table 7.3: Latch performance summary.
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Mixed-Signal System Layocut Design

8.1 Overall Layout Strategy

The goal of a layout strategy for a mixed-signal IC is to provide efficient connection of
signals without severely compromising signal integrity. This requires separation of signal
types so that interference is minimized. It is desirable to have as many signals accessible
as possible for a research vehicle. The relatively large pin count of the IC makes a Pin
Grid Array (PGA) package attractive. The PGA package offers essentially four groups of
pins, one for each side of the package. The pins nearest the corners are most susceptible to
corruption between two adjacent groups. The goal of the layout strategy for the ADC in
this thesis is to exploit the partial signal segregation offered by the PGA package. Another
important goal is to accomplish as many digital functions as possible external to the ADC
IC. This permits the most flexibility, and the shortest circuit and layout design time, while
deliberately placing focus on the analog function of the IC.

The design of a large mixed-signal system, such as a pipeline ADC, requires that a
hierarchical layout scheme is used to manage the design effectively. An advantage of the
pipeline ADC is that it is amenable to hierarchical layout design. Once a single MX2 stage
layout is complete, the pipeline ADC layout can proceed rapidly. In this thesis, the layout
for the ADC IC uses 18 total stages. There are three types of stages, by function: SHA,
G = 1.93 MX2 and G = 2 MX2. These are all based on a single stage design with minor
changes made to convert to the desired function. Another important feature of the design
that is exploited in the layout is the fully differential topology. This permits one half of
the core op-amp or pre-amp circuit to be laid out. This saves effort and helps guarantee
a symmetrical core layout for an op-amp or pre-amp. Thus, much of the layout effort is
expended in the design of one stage.

The floor-plan arrangement of the pipeline ADC is largely guided by external constraints.
Each pipeline stage is large enough in this design to prevent a linear cascade from being
practical for an IC with less than 1 cm x 1 cm dimensions. As a result, the 18 stages for
this design are laid out in a serpentine manner with each leg being 6 stages long. This
results in an overall layout that fits inside of a 9.3 mm X 8.3 mm die area.
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8.2 SHA and MX2 Layout

The SC circuits require attention in order to minimize clock noise. Fig. 8.1 shows the
basic arrangement of circuitry in the SHA and MX2. Recall that minor circuit changes are
accomplished in order to derive the SHA, G = 1.93 MX2 and G = 2 MX2 circuits. Notice
that the clock lines are arranged so that the clock lines never cross op-amp summing nodes.
This is very important because parasitic capacitive coupling to the op-amp summing node
during the amplify mode, for the respective stage, will cause a clock noise error to appear
at the residue output of that stage. The bias sections are laid out separate from the op-amp
and comparator cores in order to keep the op-amp and comparator interstage wiring as
simple as possible. Thus, a line of symmetry is maintained for the signal handling parts of
the stage. The layout design of the stage permits relatively easy hierarchical concatenation
of stages at the root layout level. This way, any changes made in a stage are immeadiately
propagated to the entire ADC. The analog signals are daisy chained from stage to stage.
Notice that the analog signals are as far away as possible from the clock lines.

8.3 ADC Layout

The ADC layout is shown in Fig. 8.2. The basic organization of the ADC is to provide 3
rows, each row with 6 stages. The arrows indicate the direction of the data propagation
along the rows. The goal is to arrive at an IC with reasonable aspect ratio in order to ease
packaging requirements. As can be seen from the floor-plan, the actual circuits within each
section are surrounded with a multitude of distribution signals including: power supply,
reference, pipeline control clocks, calibration control clocks and digital outputs. The goal
of the layout design was to distribute these signals parallel to the sections so each section
can obtain easy access. The second level metal layer (M2) in the Harris HBC-10 process
has lower capacitance to substrate and is thicker than the first level metal (M1) . Thus, M2
is preferred for the east-west signals. The north-south access wires are in M1 as a result.
Notice that the east-west clocks lines terminate at the western side of the layout in order to
permit the western bias lines to be free from clock crossings. The pipeline ADC uses a total
of 94 pads. Approximately 20% of these pads are dedicated for power supply and analog
ground. The pipeline ADC PGA package is discussed in greater detail in Appendix B.

8.4 Layout Verification

The layout verification is an important process of the layout design. The use of layout
verification tools is intended to compare the layout net-list to a schematic net-list. However,
in order to have a useful verification, it is necessary to establish the validity of the schematic.
The circuit simulation is a powerful tool for this purpose as it permits evaluation of basic
circuit function. Successful simulation, and correct interpretation of the simulation results,
is critical to establish validity of the mixed-signal system schematic. The entire pipeline
ADC transient response was simulated with power supply voltages and bias currents ramped
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LAYOUT VERIFICATION
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up from zero to normal values in order to determine correct power-up operation. With
different d-c inputs applied to the ADC, the residue outputs and digital outputs were
carefully examined to ensure that data correctly propagated down the piveline. It was
desirable to evaluate the ADC with more extensive test input signals, such as sine-waves.
However, prohibitively long simulation time with such input signals limited the input test
signals to d-c cases only. However, simulation of the SHA with a wide variety of test input
signals was accomplished in significantly less time. The combination of careful physical
layout design, schematic layout design, simulation and layout verification resulted in a
single design cycle for the pipeline ADC IC in the Harris HBC-10 process.
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Test System

9.1 Overall Test System Strategy

The main purpose of the test system is to provide a means for evaluating the pipeline ADC
under various test conditions. The test system is part of the ADC and requires extensive
design and careful implementation to insure that performance of the ADC chip is not limited
by the test system, to the extent that this is possible.

The strategy used in the test system is to accomplish as many functions with software as
is possible since an ADC produces digital data as the primary output. The use of software
functions permits rapid reconfiguration of digital self-calibration algorithms. This flexibility
is particularly important for a research vehicle. In addition, the use of software control in
the laboratory permits automation of experiments that may require tedious manipulations
otherwise.

In an effort to minimize software development needed, the simulator program for the
digital self-calibration is used to derive the test system program that performs the digital
self-calibration for measured data. This provides a powerful tool in the laboratory for
comparing the results of a simulation with measured data. The use of the C programming
language adds additional power because of the wide availability of C libraries for different
computer platforms.

An important strategy used in the test system is to store us much real time data as
is reasonable. This is important because the real time data acquired from the laboratory
is then easily recalled at a later time. All data acquired is compressed and backed-up to
insure that it uses a minimum of disk space and that it is available at all times.

9.2 Test System Structure

The structure of the test system used to evaluate the performance of the pipeline ADC is
shown in Fig. 9.1. The goal of the test system is to provide a platform for providing all
necessary test signals needed for the ADC. A 4-layer Printed Circuit Board (PCB) is the
central part of the test system. The ADC IC is inserted into a Zero Insertion Force (ZIF)
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Figure 9.1: Test setup for the pipeline ADC.
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socket. Power supply, clock, bias, input and output signals all converge to the PCB. The
ADC voltage reference signals are generated on the PCB to insure minimum corruption of
these signals.

A Personal Computer (PC) is used to control the test system. Once the ADC operating
enviroument is establisted, the PC is used to acquire calibration mode data and then to
acquire run mode data while different test input signals are provided to the ADC. All data
obtained from the ADC is at a higher data rate than the PC is able to easily acquire.
This requires that high-speed data is first acquired using a bank of Static RAM (SRAM)
memory. As a result, a memory system is constructed to act as a buffer between the ADC
and the PC. After the data is acquired by the memory, it is then loaded up to the PC.

The PC in this test setup is not convenient for large file and memory manipulations
and does not employ a high-speed CPU. Thus, the data is then loaded up from the PC to
networked workstations which provide a much more flexible environment for data processing.
Another advantage of this approach is that data can then be accessed in the laboratory and
processed on any computer on the network that is convenient. Once the data is located
on a workstation platform, the data can be stored on disk drives with larger capacity and
with back-up schedules. Also, a powerful workstation does not need to be located in the
laboratory.

Pipeline ADCs require digital shift registers to perform a time alignment of the data.
This is necessary because the analog data must propagate to the end of the pipeline before
the conversion is complete. Thus, the bits determined along the way must be stored. The
test system performs this operation in software to avoid the need for additional hardware
on the research vehicle IC or PCB. If the entire digital self-calibration system is to be
performed in hardware on the IC, then the shift registers would be necessary on the IC.

The test system C code programs are shown in Appendix D.

9.3 PCB

9.3.1 Overall Design

The PCB layout is shown in Fig. 9.2. The PCB was designed using the P-CAD PCB
layout system. The general location of circuitry on the PCB is designed with consideration
of signal types on the ADC IC pads. A four layer board design is chosen in order to obtain
an effective ground plane while using component and solder side only for signals. A difficult
design aspect of the PCB is the ground plane layout. Ideally, a single ground plane would
be used for the entire system. A competing design approach would employ a star-ground
approach. For high-accuracy, high-speed ADCs, design experience has favored a ground
plane based design [75]. In either approach, it is important to identify where currents are
present in the ground plane and what signal type they belong to. The use of surface mount
ceramic bypass capacitors is important in order to provide a low impedance return current
path to the ground plane. These capacitors are connected within several millimeters from
the PGA pin in order to minimize impedance. All BNC connectors on the PCB are bypassed
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with large tantalum capacitors. The use of BNC cable to connect power supplies is helpful
to shield transients in the power supplies.

9.3.2 Ground Plane Design

The ground plane design chosen is based on the principle that the ratio of copper con-
ductivity to insulator conductivity is extremely large. As a result, it is possible to guide
current by notching out the ground plane where it is not desirable to have a current path.
The shaded regions in Fig. 9.3 indicate the copper ground plane and the light colored re-
gions indicate the ground plane notches. Instead of relying on thin wires to connect digital
and analog ground planes, a common ground is intended to occur underneath the ADC
by using the ground plane layer itself. In this manner, analog and digital return currents
always pass through relatively wide regions of ground plane, and thus through relatively
low impedances. Observe that the analog input return currents are kept away from the
reference, bias and calibration control clocks. The digital output return currents are kept
away from the digital power supply and calibration control clocks. The analog power supply
return currents are kept away from the pipeline control clocks, bias and reference. Thus,
this design uses principles of star grounding techniques but employs wide ground plane
material in order to be effective at relatively high-frequencies.

9.4 Analog Inputs

The analog input circuit used for the pipeline ADC is shown in Fig. 9.4. The use of an XLR
connector cable permits a shielded and balanced cable to transmit the sine-wave from the
sine-wave generator to the ADC. Although coaxial cable could be used, it has much higher
capacitance per unit length than the XLR connector cable. This is an important consid-
eration because the harmonic distortion of the sine-wave generator is adversely affected by
excessive generator load capacitance [76]. For the relatively low frequencies of operation,
the transmission line impedance seen at the generator side will appear primarily capacitive.
A one-pole R;,C;, filter is used at each ADC input. The use of high-quality components,
such as mica, polystyrene or polypropylene capacitors and metal-film resistors, is essential
to prevent the input filter from generating significant harmonic distortion. The metal-film
resistor R;n is chosen with a mica capacitor C;, =~ 1000 pF so that the cutoff frequency of
the filter is near the input sine-wave frequency.

9.5 Pipeline Control Clocks

The pipeline control clock driver circuit employed is shown in Fig. 9.5. The pipeline ADC
uses a split power supply, nominally +5 V. The approach chosen to drive the pipeline control
clocks is to provide an external circuit which derives the clocks needed for the ADC. The
clock driver circuit employs a TTL level input. This is convenient as TTL corapatible logic
can then be used to derive the logical clocks before driving the pipeline ADC.
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Figure 9.3: Ground plane design for the PCB.
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The signal path of the clock driver begins with a p-n-p transistor to accomplish level
shift of the TTL input logic level to lower potentials. An open collector TTL logic gate is
used to provide an easy means for generating up to 4:5 V output with relatively high current
drive. This clock driver circuit is suitable for operating near 10 MHz. In this design, @, is
a 2N3906 p-n-p transistor, U; is a TTL 7407 open collector gate, R; = 470 2, R, = 470 2,
Rz = 220 Q.

A crystal clock generator is used to derive the pipeline control clocks used in the ADC.
The SHA clocks are passed through a minimum of logic circuitry before being passed to
a clock driver circuit. This helps minimize extrinsic contribution of aperture jitter to the
SHA clock waveform.

9.6 Calibration Control Clocks

The calibration control clocks are normally static during the run rnode operation of the
ADC. They are active only one at a time during the calibration mode. Since calibration
data is averaged, a particular calibration clock signal is active for a relatively long period of
time. With a 1 MHz clock and 2048-pt averaging, a calibration control clock would remain
active for 2.048 ms. Since these clocks operate at a low frequency, the external calibration
control clock driver circuit is not critical.

The calibration control clocks are derived from a clock driver circuit based on a single
p-n-p inverter. The clock driver circuit used for this purpose is shown in Fig. 9.6. Since
high current drive is not needed for these clocks, the p-n-p inverter alone suffices for this
case. The clock driver circuit employs a TTL level input. The TTL level calibration control
clocks are derived from the PC. In this design, @, is a 2N3906 p-n-p transistor, R; = 470 (2,
Ry, = 4.7TkQ.

9.7 Reference Voltage Circuit

The reference voltage circuit used to derive the reference voltages for the pipeline ADC is
shown in Fig. 9.7. This reference voltage circuit is critical to the accuracy of the ADC.
The basic idea of this circuit is to make use of a widely available band-gap voltage reference
[77] that is then buffered by low-noise op-amps. Thermal noise from the band-gap refer-
ence circuit is filtered by a low-pass filter before the buffer. The buffer circuit permits a
low impedance drive capability over a wide frequency range. The voltage reference PGA
pins are bypassed with surface mount ceramic capacitors, located in close proximity to the
PGA pins, for good high-frequency bypassing. These bypass capacitors are important be-
cause the SC circuits in the pipeline ADC need sharp impulses of current in the reference
distribution system for short periods of time. Thus, it is critical that the reference poten-
tial does not change significantly during this time. In addition, large tantalum capacitors
are located nearby for lower frequency bypassing of the voltage reference PGA pins. The
voltage reference circuit shown in Fig. 9.7 is primarily derived from [78]. The values used
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for the reference voltage circuit are Ry = 10 k2, R; = 10 kQ (20T), R3 = 20 k2 (20T),
R4 = 47 kﬂ, Rs =1 kﬂ, Re = 22 Q, Cl =10 pF, Cg =10 [lF, Ca =0.01 [lF, 04 =10 [LF.

9.8 External Bias Circuit

There are three external bias currents needed for each row in the pipeline ADC. Each row
has a comparator, first-stage op-amp and second-stage op-amp bias current. Thus, there
are a total of nine bias signals that are needed. The external bias circuit design is shown in
Fig. 9.8 The bias signals are arranged to be driven from 3 different power supplies V41, Vi
and V3, one for each pipeline ADC row. These means are convenient for setting the bias of
each row independently. The resistor network can easily be configured to derive all 9 bias
currents from a single bias supply Vi;. The Vi potential is set sufficiently above Aygg so
that the external cascode p-n-p transistors are not saturated. The bias input pins on the
ADC IC are bypassed with capacitors to Aygg because the bias inputs are referenced to
Ay Egg in the bias current mirror circuits in the ADC. Surface mount ceramic capacitors of
value 0.1 pF are employed on the PCE for these bypass capacitors. The transistors used
are p-n-p 2N3906. The resistors R;_g are chosen to result in the desired bias currents for
given operating voltages Vi, Vb1, Vb2 and Vi3. The designed bias currents are 0.3 mA for
the comparator, 0.5 mA for the op-amp first stage and 1.5 mA for the op-amp second stage.
Typical values of resistors for the first row are: R; = 11.3 k2, R, = 6.8 kQ, R3 = 2.3 k.
For the second row: R4y = 11.3 k2, Rs = 6.8 k2, Rg = 2.3 k2. For the third row:
R; =11.3kQ, Rg = 6.8 k2, Rg = 2.3 k.

9.9 Analog and Digital Power Supplies

Separate analog and digital power supplies are used to operate the pipeline ADC. The use
of multiple power supplies helps minimize corruption that may arise from digital transient
currents interfering with the analog power supply. Another advantage of separate power
supplies is to maintain flexibility desirable for testing purposes. All power supplies are
heavily bypassed with tantalum and ceramic capacitors as close as possible to the ADC.
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Experimental Results

The prototype ADC uses external logic circuits and software to perform the addition, sub-
traction and data storage for the digital self-calibration algorithm. The Matlab program
was used to perform all DSP analysis. In order to operate the ADC, calibration data is first
obtained. The converter is then run at the maximum possible speed. Calibration mode
data and run mode data are obtained at 1 Ms/s. The chip was designed for a maximum
sampling rate of 8 MS/s. However, the present experimental set-up is limited to 1 MS/s. It
is surmised that the inductance and capacitance associated with the 121-pin PGA package
utilized is the primary source of circuit settling degradation.

10.1 Total Harmonic Distortion

10.1.1 Overview

In order to evaluate the Total Harmonic Distortion (THD) performance, a sine-wave is
presented to the ADC using an Audio Precision System One. The sine-wave data from
the ADC is then acquired by the test system. A Blackman window is used to window the
calibrated sine-wave data prior to performing the FFT [79]. The FFTs are computed with
data lengths of 128K-pts. The indices are identified for the Fundamental (FND) sine-wave
and Harmonic Distortion (HD) spectral components by examining the FFT magnitude
about a local maximum and selecting the index corresponding to the local maximum. The
THD is then computed from the FFT by evaluating the ratio of the total HD power related to
the FND, not including the FND itself, to the FND power. The total HD power considered
extends from d-c to the Nyquist rate, or half of the sampling rate, which is 500 kHz. For the
harmonic analysis, all HD amplitudes are measured with respect to the FND amplitude.

10.1.2 Sine-Wave Input, 9.87560 kHz, —2 dB FS

Fig. 10.1 shows the FFT of the measured output data with a 9.87560 kHz sine-wave input
at —2 dB FS input. The THD in Fig. 10.1 is measured as —90.5 dB. Table 10.1 presents
the harmonic analysis for the FFT.
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10.1.3 Sine-Wave Input, 98.7560 kHz, —2 dB FS

Fig. 10.2 shows the FFT of the measured output data with a 98.7560 kHz sine-wave input
at —2 dB FS input. The input frequency of 98.7560 kHz is close to the limit of the sine wave
generator, which is rated at approximately —85 dB THD+N up to 100 kHz. The THD in
Fig. 10.2 is measured as —89.5 dB. Table 10.2 presents the harmonic analysis for the FFT.

10.1.4 Sine-Wave Input, 198.7560 kHz, —2 dB FS

Fig. 10.3 shows the FFT of the measured output data with a 198.7560 kHz sine-wave input
at —2 dB FS input. The THD in Fig. 10.3 is measured as —83.19 dB. Table 10.3 presents
the harmonic analysis for the FFT.

10.1.5 Sine-Wave Generator Distortion Test

The Audio Precision System One sine-wave generator was measured independently with a
Hewlett-Packard HP3585B spectrum analyzer. Typically, a notch filter is needed in this
test to remove the sine-wave so that the residual can be analyzed without exceeding the
Spurious-Free Dynamic Range (SFDR) of the spectrum analyzer [76]. The Audio Precision
System One provides an internal, self-tuning notch filter and measures the THD with an
on-board DSP analyzer. However, the DSP unit in the Audio Precision System One has a
maximum sampling rate of 192 kHz so an external spectrum analyzer is needed to examine
the notch filter output beyond 96 kHz. The sine-wave generator distortion test described
here is consistent with the Audio Precision System One THD analysis for frequencies less
than 96 kHz.

The sine-wave generator output was set to the same amplitude used in the ADC FFT
tests for all frequencies of interest. The HP3585B was then used to examine the spectral
content of the Audio Precision System Ope notch filter output. To determine the harmonic
amplitudes, the notch filter gain is accounted for as specified by Audio Precision [76]. A
measured HD3 magnitude of —118.7 dB was dominant for a 9.87560 kHz FND. A measured
HD3 magnitude of —97.76 dB and a measured HD2 magnitude of —97.31 dB were dominant
for a 98.7560 kHz FND. A measured HD3 magnitude of —84.62 dB was dominant for a
198.7560 kHz FND. Notice that this magnitude is close to the —84.34 dB HD3 peak seen
in the ADC FFT for the 198.7560 kHz FND.

10.2 DNL and INL

The DNL and INL were obtained using a sine-wave code density test [80] with a FS sine-
wave input at 9.87560 kHz. The Audio Precision Systen One sine-wave generator was used
to provide the input sine-wave for the DNL and INL tests. The sine-wave code density test
was run for approximately 8 hours collecting a 32 million sample histogram.

Fig. 10.4 shows the plot of the measured DNL. The peak DNL is within +0.25 LSB at
15-bits. Fig. 10.5 shows the plot of the measured INL. The peak INL is within +1.25 LSB
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Figure 10.1: Measured FFT plot, 9.87560 kHz sine-wave input, —2dB FS.



MAGNITUDE dB

138

CHAPTER 10. EXPERIMITNTAL RESULTS

T

0.5 1 1.5 2 2.5 3 3.5 4 4.5
FREQUENCY Hz xi05

(3]

Figure 10.2: Measured FFT plot, 98.7560 kHz sine-wave input, —2dB FS.
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[ Parameter I Frequency kHz [ Magnitude dB ]

FND 9.88 0
HD3 29.64 —96.83
HD4 39.52 —-95.80
HD7 69.14 —95.96
HD9 88.90 —99.60
HD11 108.65 —102.51
HD13 128.40 —101.30
HD21 207.41 -101.12

Table 10.1: Harmonic analysis, 9.87560 kHz sine-wave input, —2 dB FS.

| Parameter | Frequency kHz | Magnitude dB |

FND 98.76 0

HD3 296.28 —93.06
HD7 308.74 —94.98
HD4 395.03 —99.49
HD5 486.15 —97.48

Table 10.2: Harmonic analysis, 98.7560 kHz sine-wave input, —2 dB FS. HD7 is aliased into
the baseband.

| Parameter | Frequency kHz | Magnitude dB J

HD5 6.20 —-98.29
FND 198.78 0

HD4 204.96 —100.46
HD19 223.52 -97.43
HD7 391.36 —-93.65
HD2 397.54 -91.67
HD3 403.73 -84.34

Table 10.3: Harmonic analysis, 198.7560 kHz sine-wave input, —2 dB FS. HD5, HD4, HD19,
HD7 and HD3 are aliased into the baseband.




10.3. INPUT REFERRED NOISE 141

at 15-bits. The measured INL shown in Fig. 10.5 reflects contribution from cumulative drift
of the calibrated transfer characteristic over the 8 hour period. In addition, the measured
INL reflects contribution from the capacitor voltage coefficient of 62 ppm/V.

10.3 Input Referred Noise

The input referred noise of the ADC was measured as approximately 1.25 LSB Root Mean
Square (RMS) at 15-bit resolution. Due to reduced power supply operation and a capacitor
voltage coefficient of 62 ppm/V, the differential reference voltage was limited to 4 V.

The power supply of +5 V is reduced to 4 V on some parts. This is because of changes
to the Harris HBC-10 ground rules made after the IC design was submitted for fabrication.
For a &5 V power supply, the differential input range was designed to be 10 V. With a
reduction in power supply voltage to +4 V, the permissible input range drops to 6 V. The
input range drops further to 4 V in order to accommodate capacitor voltage coefficient. An
increased input range leads to increased SNR, but at the expense of increased THD.

10.4 Dielectric Relaxation

The effects of capacitor dielectric relaxation were investigated by examining the real time
calibration data before averaging. The calibration parameter S3 was examined, correspond-
ing to Vi, = V;.¢. The prior calibration parameter S, was obtained with V;,, = 0. The
calibration data is taken in sequence so that the data for S3 is obtained shortly after the
data for S, was collected. No slow settling components, indicative of a dielectric relaxation
process, were detected.

10.5 Ambient Temperature

The ambient temperature of the ADC IC package was measured as 25 C. The ambient
temperature was dropped to 7 C to investigate the change in calibration constants S; — Ss.
At 25 C, S; — S3 was measured for MX2 stage 1 as 122392.53. At 7 C, S; — S; was measured
for MX2 stage 1 as 122387.86. Thus, the change in $; — S5 is —4.67. With a reduction
factor of 5 in the output data, the misalignment in the transfer characteristic due to the
measured change in S; — S5 would amount to less than 1 LSB INL contribution at 15-bit.

The ambient temperature was also raised to 43 C. At this temperature, the change
in calibration constants was observed to be large, on the order of ~ 1000, indicating IC
malfunction. It is surmised that the reduced power supply introduces op-amp biasing
difficulties at elevated temperature.
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Figure 10.4: Measured DNL plot.
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Parameter ] Measured Value
Resolution 15-bits
Conversion Rate 1 MS/s
THD —-90.5 dB
DNL < £0.25 LSB
INL < +1.25 LSB
Input Referred Noise 1.25 LSB RMS
Input Range 4V
Power Supply 4V
Power Dissipation 1.8 W
IC Dimensions 9.3 mm X 8.3 mm
Component Count 5955
Process 11 V, 4 GHz, 2.4 um BiCMOS

Table 10.4: Chip performance.

180.6 Power Dissipation and Die Area

The power dissipation reflects two design parameters. First, the ADC operates on a +4 V
power supply. Second, to achieve high-accuracy at high-speed, large capacitors and large
aspect ratio transmission gates are used, resulting in over 7 pF of loading for each operational
amplifier. To settle to greater than 14-bit resolution at the target sampling rate of 8 MS/s,
relatively high power is necessary for the operational amplifier. Although capacitance and
amplifier power can be scaled down for later stages of the pipeline, identical designs are
employed for the SHA stage and all 17 MX2 stages for simplicity. No attempts were made
to optimize the die area. The summary of performance parameters is listed in Table 10.4.
Fig. 10.6 shows the die photograph of the ADC.
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Figure 10.6: Pipeline ADC die photograph.
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Conclusions

11.1 Thesis Summary

The digital self-calibration techniques described in this thesis provide a methodology for de-
signing high-accuracy, high-speed ADCs. The combination of simplified analog and digital
hardware design provides a potentially powerful technique for synthesizing high-performance
ADCs compared to other ADC approaches. Because of the flexibility present in the dig-
ital self-calibration scheme, a family of high-performance ADCs can be synthesized. This
technique may be applied to pipeline or cyclic ADC architectures. A 1-bit-per-stage or
multi-bit-per-stage design may be employed with either ADC architecture. The digital
self-calibration permits flexibility in the desired resolution by simply adding or subtracting
stages from the pipeline ADC or by modifying the number of cycles per sample in the cyclic
ADC. These modular attributes of pipeline and cyclic ADCs are powerful concepts for the
system designer because of the potential for the ADC to be quickly modified to suit the
needs of a given application.

This thesis has demonstrated a digital self-calibration technique that is applied to a radix
< 2, 1-bit-per-stage pipeline ADC. The digital self-calibration reported here automatically
accounts for capacitor mismatch, capacitor nonlinearity leading to DNL, charge injection,
finite op-amp gain and comparator offset. The errors are directly measured under the same
conditions as during the run mode. Thus, DNL is not contributed by circuit nonlinearity. A
15-bit, 1 Ms/s pipeline ADC prototype was demonstrated utilizing an 11 V, 4 GHz, 2.4 pm
BiCMOS process. No component matching or offsets better than 7-bit accuracy are needed
to attain 15-bit linearity with this technique. The digital celf-calibration algorithm requires
only addition and subtraction arithmetic functions and small data storage.

11.2 Future Work

This thesis has shown that the proposed digital self-calibration is viable for a high-accuracy,
high-speed pipeline ADC employing a radix < 2, 1-bit-per-stage architecture. An important
direction for future work is further exploration of the performance limits of high-accuracy,
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high-speed pipeline ADCs that employ digital self-calibration concepts. Another important
direction is examination of cyclic ADCs with digital self-calibration applied. This is because
of the potential for cyclic ADCs with digital self-calibration to improve ADC performance
compared to other high-accuracy ADC approaches, such as delta-sigma ADCs, at lower
power, less area and reduced complexity. A further direction to expand this work is in
the realm of high-speed ADCs operating at moderate resolution with digital self-calibration
applied. An optimization study of pipeline ADCs in a digital self-calibration context may
yield insight for scaling such ADCs to meet particular accuracy and sampling rate goals
while satisfying other design constraints.

An important result from this thesis is that digital self-calibration provides the poten-
tial to decouple accuracy issues from speed issues. This identifies an important strategy for
employing algorithmic techniques to permit independent optimization of speed. Low-power
and low-voltage operating environments are likely to continue placing analog design -om-
plexity issues at the forefront of mixed-signal design. In general, exploring how algorithmic
techniques can be leveraged to alleviate analog design complexity muy be important for
realizing high-performance ADCs in such environments.



Appendix A

Switched-Capacitor Thermal Noise
Analysis

The analytical procedures for SC thermal noise applied to the SHA and MX2 are reviewed in
this Appendix. The analytical procedures shown in [63] use a SC integrator to motivate the
procedure. Results derived from [64, 65] are used in [63] and these results will be reviewed
to further strengthen the theoretical basis for the analytical procedure given in [63] when
applied to the SHA and MX2 in question.

The goal of the analytical procedure is to arrive at a reasonably straightforward ana-
lytical expression that can be used to design for specific thermal noise requirements. The
analysis considers thermal noise contributed by the op-amp and by the MOS devices used
in the SC network.

A.1 Noise Analysis Overview

The goal of the noise analysis is to arrive at the RMS value o2 of the noise power of a
random noise signal z(t). It is shown in [81, 56, 82] that the mean-square power is found

by evaluating the integral of the Power Spectrum Density (PSD) S(j9):
1 [
2 _ 4
0z = 5 j_ S:(79)dQ (A.1)

The PSD 5.(j2) is the Fourier Transform (FT) of R.(), the autocorrelation of z(t). Hence,
the autocorrelation is the convolution:

R (7) = (1) x z(—7) (A.2)
Thus, the FT of the autocorrelation is:
Sx(79) = X(7Q)X (-5 ) (A.3)

Since the random signal is real, the FT is conjugate symmetric so that X (jQ) = X*(—jQ).
Thus,

1 [ ]
ot = o / _IX(j)fdn (A.4)
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Linear filtering of a PSD S,(jQ2) by a filter H(jQ2) results in an output PSD S,(59) [81]:
5y(79) = |H(jQ)*S2(50) (A.5)

A.2 Direct and Sample-and-Held Thermal Noise

The thermal noise sources in the SC network present direct and sample-and-held thermal
noise components. The direct component arises from the continuous nature of the SC
network and the sample-and-held component arises from the discrete time nature of the SC
network.

It is desirable that SC systems accompl’ h nearly complete charge transfer between
specific time slots in the system timing. For many systems, this means that the sampling
rate f, = 1/T of the system is significantly lower than the bandwidth of the circuits used
in the 5C network, 1/7,.. This means that in terms of the noise autocorrelation function,
the correlation time constant is much smaller than the sampling period T'. Thus, it can be
assumed that the broad-band and sample-and-held noise components in different time slots
are decorrelated. Hence, their contribuiions can be evaluated separately.

Because the time constant 7, < T, the sampling rate 1/T < 1/7,.. Thus, the noise
signals will be undersampled because of the frequent need for nearly complete charge transfer
in SC systems.

A.3 Direct Noise Analysis

The goal of the direct noise analysis is to determ.ne an equivalent input referred noise
resistance to model a weighted sum of white noise sources present in an amplifier network.
The op-amp equivalent resistance is denoted R,,. The direct noise analysis proceeds in an
identical manner to classical analog circuit noise analysis as presented in [72, 1]. Thus, the
particular procedure is not reviewed here.

It is shown in [1, 63] that the sample-and-held noise component is dominant in SC
networks. As a result, the computation of R,, is important primarily for evaluating the
sample-and-held noise component that has dependence on R,,.

A.4 Sample-and-Held Noise Analysis

A.4.1 Power Spectrum Density of a Discrete Time Stochastic Signal

Consider a continuous time stochastic signal v(t). A discrete time stochastic signal z(t) can
be written as:

z(t) = v(t)br(t) (A.6)
where 67(t) is a Dirac comb [64]. Thus, §7(t) can be expressed as:

s7(t) = f: §(t — nT) (A.T)

n=—oo
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Applying properties of Dirac unit impulse [83):
z(t) = Z v(nT)8(t — nT) (A.8)

n=—oo

The autocorrelation R.(7) of the discrete time stochastic signal is of interest:
Ro(7) = Elg(7)q"(t + )] (A.9)

Since g(t) is real, and since v(t) and é7(t) are independent, R.(T) is expressed as:

Ro(1) = E[v(r)v(t+ 7)6r(7)br(t + 7)] (A.10)
Ev(r)v(t + 7)) E[67(7)67(t + 7)) (A.11)
This result is written as:
Ro(7) = R,(7)Ry(T) (A.12)
It is shown in [83] that:
Re(r) = %611(1') (A.13)
As a result, R.(7) becomes:
Re(r) = 2br(r)Ry(r) (A.14)
Now the FT 5:(jf2) can be considered:
S:(i0) = [ Zor(r)Ru(r) exp(~jr)ar (A.15)
= [_: %"_ij:w R, (nT)é(7 — nT) exp(—jQr)dr (A.16)

Interchanging the order of integration and summation [83], the desired result emerges:
. 1 & .
S:(j@) =7 D Ru(nT)exp(-jOnT) (A.17)
n=-00

It is interesting to observe the FT of the sampled version of R,(7) which can be expressed
as:

3 nemesimn-1 3 sfi(e-20)]
Thus: ) N )
5.(39) = %nzz_:w s, [i(e-22)] (A.19)

which is the result found in [1]. Fig. A.1 shows |S,(jQ)| and |S,(jQ)| plotted with the
Su(7 ) replicas scaled and shifted in frequency.
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Figure A.1: |S,(j92)| and |S-(79)| plotted with the S,(j) replicas scaled and shifted in
frequency as a function of Q.
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A.4.2 Undersampled Broad-Band Noise FT

The sample-and-held noise analysis relies on consideration of the undersampled broad-band
noise FT. The goal is to express a PSD that results when broad-band noise is filtered by
a one-pole filter and then sampled periodically. In [64], the PSD in consideration is of the
form:

SnO

5.(i) = 1T /0 (A.20)

where S,¢ is the two-sided PSD of the broad-band noise and €2, is the 3 dB-frequency of

the one-pole filter. It is shown in [63] that the autocorrelation corresponding to the PSD
above is:

Q.
Ry(7) = 5~ Sno exp(—|7]) (A.21)
When the filtered noise v(t) is sampled, the sampled autocorrelation becomes:
Q.
R,(nT) = 5 Sno exp(—|n|Q.T) (A.22)

Using equation A.17, the FT of R (nT) is:

. 1 & Q .
S:(79) = T z > 'no €xp(—|n|Q.T) exp(—jQUnT) (A.23)

n=—oo

Enumerating this summmation yields:

S(j0) = Q.Sno ( sinh Q. T )

2T cosh Q.T — cos QT (A.24)

Since SC systems involve zero-order hold signals, the output PSD is a linear filtered
version of Sz(j€2). The linear filtered output S,(j) is determined to be:

S5y(39) = |H(jQ)|*S2(3 Q) (A.25)

where in the case of a SC system:

() = [SR04/ 2)2 (A.26)

02

The parameter A is the duty-cycle of the zero-order hold pulse. Thus, 0 < A < T. For
many SC systems, A = 7'/2. Expanding and simplifying the expression fo1 S,(jQ) yields:

, Q.T\ (A\? (sinQA/2\?2 sinh s T .
5,(72) = Sno ("‘2—) ('f) ( QA2 ) (cosl' sz.,T—cosnT) (A.27)

It ;s usefs to deiine a ripple function G(€2.T') to evalzate change in Sy (792) from QT = 0
to QT = = [64]. Notice that QT = = corresponds to the Nyquist rate or half of the sampling
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rate. The quantity Q.T corresponds to the ratio of undersampling since Q.T = 2n(f./f,).
The ripple function is ncw defined as:

G(Q.T) = S"("O)S:(‘jgg"“/ T) (A.26)

Evaluating S,(j0) aud Sy(jx/T):
5,(0) = S (2£5) (%)2 () (A.29)
suimim) = 5 (%) (7) (cor ) (A3

This yields G(Q.T):

coshQ.T -1
G(QT)~1- (—-——-———cosh g 1) (A.31)
using the assumption that:
sin QA /2\?
(—Q i ) ~1 (A.32)

For the case where A = T/2 and QT = m, it is seen that QA/2 = x/4. In this case,
(sin(w/4)/(w/4))? ~ 0.8106.
Letting v = Q2.T, a binomial expansion can be written for 1 — G(u) in terms of exp(—u),

where exp(—u) < 1:
(coshu -1

coshu +1
Thus, G(2.T) is identified as:

) ~1-—4exp(—u), u>1 (A.33)

G(Q.T) =~ 4exp(-0.T) (A.34)

This demonstrates that G(2.T') changes very little up to the Nyquist rate under even
slight undersampling. For example, when f./f, = 1, which is slight undersampling, then
Q.T = 2r ~ 6.2832. Thus, G(Q.T) = 7.4698 x 103, Typically, f./f, ~ 10 or Q.T ~ 62.832
for nearly complete settling of high-accuracy SC circuits. Clearly, G(Q2.T') is vanishingly
small under this condition.

Fig. A.2 shows |S-(jQ)| and |S,(59)| plotted as a function of Q. The approximation
for 1 — G(u) is assumed. Notice that [sin(2A/2)/(Q2A/2)]? is taken into account and acts
to narrow-band Sy (592).

The reason why this result is important is becauvse the first-order filtered-and-sampled
white noise can itself be considered to be white under the condition of strong undersampling.
This greatly simplifies the general analysis of filtered-and-sampled white noise. Under the
condition of strong undersampling, S,(j) becomes approximately:

som-sa(3) (3) (522w
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Figure A.2: |S(79)| and |S,(79)| plotted as a function of Q.
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The factor sinh Q.T'/(cosh Q.T — cos QT') is near unity because both coshu and sinhu are

approximately exp(«/2) when u > 1. Since expu >> 1 in this case, cosh Q.T > cos QT.
In order to determine the RMS power, the PSD S,(j€2) must be integrated:

1 [ .
ol= o /_ 5,790 (A.36)
Thus, using the approximate PSD S,(j), the RMS power is:

2 _ _1_/SnchT) (é)’/w (sinaA/2)2
““aw\" 2 J\T) . \aap ) *® (4.37)

Letting z = QA /2, the integral in the expression above evaluates to 2r/A. The RMS power

is thus simplified as:
2 Snoﬂc é

T Ty T
With a typical duty cycle, A/T =1/2:

(4.38)

Snofd
2 _ 9In0dbc
Oy =y (A.39)
It will be seen in the next section that determining sample-and-held thermal noise is
essentially reduced to applying Equation A.39.
An instructive case arises when the one-pole filter is composed of a resistor R generating
noise and a capacitor C. In this case, Spo = 2k0R and Q. = 1/(RC). Thus, the RMS power

is found to be:

1k60

A.4.3 Enumeration of Sample-and-Held Noise in SC Networks

In order to determine the sample-and-held noise component, the SC network is examined
during the sample mode. The key is to identify the one-pole filtered noise for the switched-
capacitors in the network. Depending on the noise source, the bandwidth is limited primarily
by the op-amp or the network branches. In order to arrive at a useful result, a one-pole
op-amp and a one pole network branch is assumed for each respective noise source. In this
case, the analysis presented above can be used. Notice that the one-pole case is pessimistic
since the integrated PSD with a two-pole, or greater, op-amp would yield a smaller RMS
noise result.

It is important to observe that . is not necessarily related to each S,g source, namely
when the op-amp primarily acts as the one-pole filter. Since the loop bandwidth of the
op-amp will be proportional to g,,/C. for a two-stage op-amp design, o2, will be:

o2, « g{-ngm (A.41)
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where R,, is the op-amp equivalent input noise resistance. In the ADC presented here,
R,, is the same for each op-amp. Depending on the loop-transmission of the op-amp, the
unity-gain frequency of the loop transmission may be lower than g,,/C.. In that case, the
RMS power will then be smaller compared to the unity-gain connection case.

Finally, when differential circuits are analyzed, each half-circuit of the differential circuit
is analyzed and the PSD is then doubled to arrive at the final PSD.

A.5 SHA Sample-and-Held Noise Analysis

A.5.1 Nonsampling Transmission Gate Contribution

The op-amp is in the unity-gain connection during the sample mode and the summing node
will be assumed to be an incremental ground. This is a reasonable assumption because for
low frequencies, the d-c gain of the op-amp maintains a nearly incremental ground summing
point while at frequencies beyond the unity gain frequency, the load capacitance of the op-
amp becomes the dominant impedance. Thus, the voltage across the sampling capacitors is
actually diminished further at high-frequencies so the assumption of an incremental ground
summing node is pessimistic.

There are two capacitors in question, C; and C, used in the sample mode. Thus, the
capacitance switched is 2C, where C = C; = C,. Consider two switches, each of resistance
R, in parallel. Thus, Spo1 = k0R, Q¢ = 1/(RC). The RMS power is then:

ol = —— (A.42)

A.5.2 Op-Amp Contribution

The op-amp has a PSD with an equivalent R,,. Thus, Spos = 2k6R,,. The op-amp is in
the unity connection and filters the PSD S,q;. Thus, Q. = gn/C.. In this case, the RMS
noise power contributed by the op-amp is:

, 1ko

= Eangoa (A43)

O'yz

A.5.3 Reset Switch Contribution

For low frequencies, the op-amp loop transraission will attenuate the reset switch contribu-
tion. The contribution at high-frequencies is ignored for simplicity.

A.5.4 Total Output Referred Sample-and-Held Noise

The SHA system function magnitude is |[Hsg4(z)| = 1. Thus, the sample-and-held noise
power on the sampling capacitors is transferred to the output with |Hgg(2)|? = 1. The
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total RMS output referred power is now found:
1k0 1k6

O%HA = ac T Eangm (A.44)
The differential output power is simply twice the half-circuit power. Hence:
1k0 k6
Ohsaa = s T a*ymRoa (A.45)

A.6 MX2 Sample-and-Held Noise Analysis

The sample-and-held noise analysis of the MX2 is similar to the SHA. The primary difference
is that the MX2 system function magnitude is |Hprx2(2)| = 2. Thus, the sample-and-held
noise power on the sampling capacitors is transferred to the output with |Hprx2(2)|? = 4.
The other difference is that wide-band noise present from the previous stage needs to be
accounted for. Thus, Spoz3 = 2k0R,, where R,, represents the equivalent noise resistance
appearing at the output of the previous stage. Notice that this noise originating from
a previous stage is always low pass filtered by the op-amp in the previous stage. Thus,
Q3 = gm/C.. The contribution from R, is found to be:

1k6
ols = 5 5 ImBpr (A.46)
As a result, taking into account |Hpsx3(2)|?, the total RMS output referred power is now
found: ko ko ko
2 N _ kO KO k0 .

where the index 7 indicates the specific MX2. The differential output power is simply twice
the half-circuit power. Hence:

. k6 ko ko .
U%sz(t) = 2'0_ + 4E_ngoa + 4Fngpr(z) (A48)

The op-amp noise dominates the contribution in R,,(z). If the previous stage is a SHA,
then R,, ~ R,,. However if the previous stage is a MX2, then R,, ~ 4R,,. This is because
the input referred PSD of the previous op-amp is magnified by |Hpx2(2)|? corresponding
to the previous MX2 stage. Thus, there are two principal cases for 02, v,(3):

k6 kO
2 facead [— —_—
opmxz(l) = 2 c T 8chmRoa (A.49)
k6 k6
U%MXZ(?) = 25 +2059gmRoa (A50)
c C.
Notice that 0%, x,(%) is the same for 2 < i < N — 1. Observe further that:
k6

”E)sz(z) = "%sz(l) + 12EQmRoa (A.51)
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A.7 Pipeline ADC Sample-and-Held Noise Analysis

The total differential ADC input referred sample-and-held noise is determined as:

ol 1) ot 2 o} N-1)
OpADC = ThsHa + DMfz( ) DMI";( ) +-t Dn;);(i(;_l) (A.52)

Using the results above:

1 ko ol 2 02 i xa(2
obapc = OpsHa + 1 (‘TfJsz(2) - lz'chmRoa) + LA’%—’—(—) +oot ;);;{Tx_zl()) (A.53)

Considering the limit N — oo, the summation simplifies to:

ol 2 ko
obapc = ODsHA + Zomxs(?) 35 9mRoa (A.54)
3 C.
Thus, the ADC noise expression becomes:
TkO 14 ko
i = A o Imiloa 5~ A .55
9DADC 6C+3gR C. (A.55)

The op-amp thermal noise PSD is simulated as 12.9 nV/v/Hz. Thus, the equivalent
resistance Roq = 10.4 k2. The unity-gain frequency of the op-amp is simulated as 100 MHz.
The switched capacitor C and the compensation capacitor C, are each 1 pF. Thus, the ADC
noise is estimated to be:

obapc = 4.6667 x 107° +1.2198 x 107 V2 (A.56)

As can be seen, the op-amp contribution is dominant in the ADC noise. The RMS noise is
then 355.87 uV.

A.8 Signal-to-Noise Ratio

A differential FS sine wave with amplitude A has a peak-to-peak amplitude of 2A so Vg =
2A. Consider the operating condition of the ADC where Vpg = 4 V, A = 2 V. The signal

power is determined as:
1

obsic = '2'A2 (A.57)
The Signal-to-Noise Ratio (SNR) is defined in dB as:
SNR = 20log,q ( IDSIG ) (A.58)
oDADC

Thus, for Vs =4V, SNR = 75.0 dB. This is near the measured value of about 79.0 dB.
Notice that the designed value of the FS input range is Vs = 10 V. Thus, the SNR
predicted in this case would be 90.9 dB.
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Pipeline ADC Package

B.1 Thermal Resistance

The operating temperature of the IC depends not only on the power dissipation of the IC
but also on the thermal resistance of the package. The thermal resistance from junction to
ambient is denoted @74, with units of K/W. For the PGA package used, ©;4 ~ 35.7 K/W.
Thus, the temperature rise for 1.8 W power dissipation is expected to be approximately
64.2 K. As a result, at rcom temperature ambient of 25 C, the junction temperature would
be 89.2 C.

B.2 Wire-bond Connection Diagram

The wire-bond connection for the pipeline ADC IC is shown in Fig. B.1. This PGA package
provides a total of 121 pins. With the index mark triangle at the lower left, the 4 sides
of the PGA package are referenced counter-clockwise as south, east, north and west. The
south side is used to access the differential analog inputs at the southwest corner and the
calibration control clocks along the south side. Notice that the differential analog inputs
are kept as far away as possible from the relatively high-speed digital signals. The east side
is used to access the digital outputs and power supplies. The north side is used to access
the pipeline control clocks. The west side is used to access analog bias signals and power
supply pins. The most sensitive bias signals correspond to the first row. These bias signals
are located on the west side towards the southwest corner. Thus, these bias signals have
the most distance from pipeline control clocks. The remaining bias signals are located on
the western side with the third row bias signals located towards the northwest corner.

B.3 PGA Pin-out Diagram

Fig. B.2 shows the pin-out of the PGA package used for the pipeline ADC. Pins that are
not used are connected to analog ground.

159
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WIRE BONDING DIAGRAM
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Figure B.1: Wire-bond diagram for pipeline ADC IC.
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Figure B.2: Pin-out diagram for pipeline ADC IC.
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B.4 PGA Pin-out and Signal Table

pga pin and pad assignment
pad numbering convention:

north

90 61
91 60

v 0=
¢ n p o

120 31
01 30

south

pin and pad assignment table:

pgapin pgapad a2dpad a2dsignal pgasignal
south

c3 1 agnd

B2 2 agnd

B1 3 agnd

D3 4 1 nc agnd

Cc2 5 2 vinil vinl

C1 6 3 vin2 vin2

D2 7 4 nc agnd

E3 8 5 phic_sl phic_s1
D1 9 6 phic_s2 phic_s2
E2 10 7 phic_s3 phic_s3
E1l 11 8 phic_s4 phic_s4
F3 12 9 phic_sb phic_s5b
F2 13 10 phic_s6 phic_s6
F1 14 11 phic_s7 phic_s7
G2 15 12 phic_s8 phic_s8
G3 16 13 phic_s9 phic_s9
G1 17 14 phic_s10 phic_s10
H1 18 15 phic_si1 phic_si1
H2 19 16 phic_s12 phic_s12
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H3 20 17 phic_s13 phic_s13
Ji 21 18 phic_si4 phic_s14
J2 22 19 phic_s15 phic_s15
K1 23 20 phic_si6 phic_s16
J3 24 21 phic_s17 phic_s17
K2 25 22 phic_s18 phic_s18
L1 26 23 phii phii

M1 27 24 dvdd dvdd

K3 28 25 dvee dvee

L2 29 agnd

N1 30 die_attach
east

L3 31 agnd

M2 32 agnd

N2 33 agnd

L4 34 26 nd_si nd_s1

M3 35 27 nd_s2 nd_s2
N3 36 28 nd_s3 nd_s3
M4 37 29 avee avee

L5 38 30 avdd avdd

N4 39 31 nd_s4 nd_s4
M5 40 32 nd_s5 nd_sb

N5 41 33 nd_s6 nd_s6
L6 42 34 phil_oa_even phil_oa_even
M6 43 35 phil_oa_odd phil_oa_odd
N6 44 36 nd_s7 nd_s7

M7 45 37 nd_s8 nd_s8

L7 46 38 nd_s9 nd_s9

N7 47 39 nd_s10 nd_s10
N8 48 40 nd_si1 nd_s11
M8 49 41 nd_s12 nd_s12
L8 50 42 nd_s13 nd_s13
N9 51 43 nd_s14 nd_s14
M9 52 44 nd_s15 nd_s15
N10 53 45 avee avee

L9 54 46 avdd avdd
M10 55 47 nd_s16 nd_s16
Nit 56 48 nd_s17 nd_sl7
N12 587 49 nd_s18 nd_s18
L10 58 50 nc agnd

M11 59 agnd
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N13

north
L11
M12
Mi3
K11
L12
L13
K12
J11
K13
Ji2
J13
Bi1
H12
H13
G12
G11
G13
Fi3
F12
Fi1
E13
E12
D13
E11
D12
C13
B13
D11
C12
A13

west
C11
B12
Ai2
ci0
B11
Al1l
B10

60

61
62
63
64
65
66
67
68
69
70
71
72
73
74
75
76
77
78
79
80
81
82
83
84

r
v

86
87
88
89
90

92
93
94
95
96
97

51
52
53
54
55
56
57
58
59
60
61
62
63
64
65
66
67
68
69
70
71
72
73
74
75

-76

144
78

79
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vl

vh
phi2_oa_even
nphi3_oa_even
phicmi_even
phicm2_even
phil_pa_even
phi2_pa_even
phi3_pa_even
phi4_pa_even
phil_la_even
phi2_la_even
phi3_la_even
pbi2_oa_odd
nphi3_oa_odd
phicmi_cdd
phicm2_odd
phil_pa_odd
phi2_pa_odd
phi3_pa_odd
phi4_pa_odd
phit_l=2_odd
phi2_la_odd
phi3_la_odd
Ic

dvdd
dvee
agnd
biasoa2_r3

die_attach

agnd

agnd

agnd

vl

vh
phi2_oa_even
nphi3_oa_even
phicmi_even
phicm2_even
phil_pa_even
phi2_pa_even
phi3_pa_even
phi4_pa_even
phil_la_saven
phi2_la_even
phi3_la_even
phi2_oa_odd
nphi3_oa_odd
phicmi_odd
phicm2_odd
phil_pa_odd
phi2_pa_odd
phi3_pa_odd
phi4_pa_odd
phii_la_odd
pri2_la_odd
phi3_la_odd
agnd

agnd

die attach

agnd
agnd
agr.d
dvdd
dvee
agnd
biasoa2_r3
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c9
A10
B9
A9
c8
B8
A8
B7
c7
A7
A6
B6
C6
A5
B5
A4
Cc5
B4
A3
A2
c4
B3
Al

98

99

100
101
102
103
104
1056
106
107
108
109
110
111
112
113
114
115
116
117
118
119
120

80
81
32
83
84
85
86
87
88
89
90
91
92
93
94
95
96
97
98
99
100

avdd

avee

nc
biasoal_r3
biascp_r3
nc

efvdd
biasoa2_r2
vcmref

vpl

vp2
biasoal_r2
biascp_r2
vrl

vr2
biasoa2_ri
avdd

avee

agnd
biasoal_ri
biascp_ri

avdd

avee

agnd
biasoal_r3
biascp_r3
agnd
efvdd
biasoa2_r2
vcmref

vpl

vp2
biasoal_r2
biascp_r2
vrl

vr2
biasoa2_ri1
avdd

avee

agnd
biasoal_ri
biascp_ri
agnd
die_attach



Appendix C

Digital Self-Calibration Simulator C
Code

C.1 header.h

#include <stdio.h>
#include <stdlib.h>
#include <math.h>

#include <malloc.h>

#define VREF 5.0

typedef struct

{

int output_word;

double output_residue;

int sahold_output_word;
double sahold_output_residue;
int stage_output_word;
double stage_output_residue;
} OUTPUT;

C.2 main.c

/* === = =
Andrew Karanicolas
Microsystems Technology Laboratory
06-01-91
Program for simulating the behavior of an N-stage pipelined
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analog-to-digital converter. Variables of length double are
used to represent the analog variables.

= = s===cs == */

#include "header.h"

static int d[32];

main()

{

FILE *file_output;

int i_max, i, j, k, m, n, grain_factor, *code, code_temp, temp;
int w, y, s[32][4], level, cal;
int reduce_step. kmax_dnl, kmax_inl;
int (*proc)();

int (*run_proc)();

Jdouble vin, error[32][4], epsilon, delta, *dlevel, *diff;
double *dnl, *inl;

double *rdnl, *rinl;

double r, dnl_sum;

exterr int stage();

extern int sahold();

extern int calibrate();

extern int plev00();

extern int plev0i();

extern int plev02();

extern int plev03();

extern int plev04();

extern int plev05();

extern int plev06();

extern int plev07();

extern int plev08();

extern int plev09();

extern int plev10();

extern int plevii();

extern int plevi2();

extern int plevi3();

extern int plevi4();

extern int plevi5();

extern int ptest00();

extern int ptest01i();

extern int ptest02();

extern int ptest03();

extern int ptest04();
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extern int ptest05();
e<tern int ptest06();
extern int ptest07();
extern int ptest08();
extern int ptest09();
extern int ptest10();
extern int ptestii();
extern int ptesti2();
extern int ptesti3();
extern int ptesti4();
extern int ptesti5();
OUTPUT out;

/* memory allocation and initialization */
code = calloc(524288, sizeof(int));
dleval = calloc(524288, sizeof(double));

diff = calloc(524289, sizeof(double));
dnl = calloc(524289, sizeof(double));
inl = calloc(524289, sizeof(double));
rdnl = calloc(524289, sizeof(double));
rinl = calloc(524289, sizeof(double));

for(k=31; k>=0; k--)
for(j=3; j>=0; j--)

{

error[k][j] = 0.0;

s[kl[j] = 0;

}

/*
input description
n number of MX2 stages with G = 2.
m number of MX2 stages with G < 2.
vin (diagnostic) test analog input.

grain_factor number of steps searched per LSB.
reduce_step output data reduction factor.

d[x] (diagnostic) number of raw codes to be mapped to same output
code around major carry transition point for respective MX2
stage k.

error[k]l[j1 gain and offset errors modeled for SHA and MX2 scage k.
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scanf ("%d", &n);

scanf ("%d", &m);

scanf ("%201f", &vin);

scanf (")d", &grain_factor);
scanf ("%d", &reduce_step);

for(k=14; k>=0; k--)
scanf ("%d", &d[k]);

for(k=18; k>=1; k--)
for(j=3; j>=0; j--)
scanf ("%201f", &error[k]l[jl);

/* print out input values */
printf("n = }d\n", n);
printf("m = %d\n", m);
printf("vin = %.81f\n", vin);

printf("grain_factor = Yd\n", grain_factor);
printf("reduce_step = %d\n", reduce_step);

for(k=14; k>=0; k--)

printf("d[/d] =

%d \n", k, d(k]);

for(k=18; k>=1; k--)

for(j=3; j>=0;

printf ("error(/d] [4d] = %.81f \n", k, j, error(k][jl);

printf("\n");

/* select run_proc
switch( m )
{
case 1: run_proc
break;
case 2: run_proc
break;
case 3: run_proc
break;
case 4: run_proc
break;
case 5: run_proc

i)

based on m */

ptestO1;

ptest02;

ptest03;

ptest04;

ptest05;
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break;

case 6: run_proc = ptestO6;
break;

case 7: run_proc = ptest07;
break;

case 8: run_proc = ptest08;
break;

case 9: run_proc
break;

case 10: run_proc = ptestll;
break;

case 11: run_proc
break;

case 12: run_proc
break;

case 13: run_proc
break;

case 14: run_proc
break;

case 15: run_proc
break;

default:
{
printf ("ERROR ERROR ERROR\n");
printf("int _m_ out of range.\n");
exit( 1 );
}
3

ptest09;

ptestil;

ptesti2;

ptesti3;

ptesti4;

ptestis;

/* assign LSB size */
delta = 2xVREF/pow(2.0, (double) (n + m + 1));

/* assign increment per LSB */
epsilon = delta/grain_factor;

/* begin calibration mode */

level = 0;

proc = plevOi;

calibrate(n, level, error, s, proc, &out);

printf("/%d %d %d %d\n", s[0][0], s[0][1], s[0][2], s[0][3]);

if ((s[0][1] - s[0]l[0]) !'= (s[0][3] - s[0][2]))
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{
printf("ERROR ERROR ERROR");

printf("(s[0]1[1] - s[0]1[0]) != (s[0][3] - s[0][2]1)");
exit( 1 );
}

cal = 0;
ptestOi(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 1;

proc = plev02;

calibrate(n, level, error, s, proc, &out);

printf("%d %d %d %d\n", s[1]1[0], s[1]1[1], s[11[2], s[1](3]);

if ((s[1]1[1] - s[1]1[0]) != (s[11[3] - s[1]1[2]1))
{
printf ("ERROR ERROR ERROR");
printf("(s[1]1[1] - s[1]1[0]) != (s[1]1[3] - s[11[2])");
exit( 1 );
}

cal = 0;
ptest0Z(n, vin, error, s, cal, &out);
printf(")d\n", out.output_word);

level = 2;

proc = plev03;

calibrate(n, level, error, s, proc, &out);

printf("%d /d %d %d\n", s[2][0], s[2]1[1], s[2]1[2], s[2]1[31);

if ((s[21[1] - s[2]1[0]) != (s[2]1[3] - s[2]1[2]1))
{
printf ("ERROR ERROR ERROR");
printf (" (s[2][1] - s[2][0]" != (s[2]1[3] - s[2]1[2])");
exit( 1 );
1

cal = 0;
ptest03(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);
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level = 3;

proc = plev04;

calibrate(n, level, error, s, proc, &out);

printf("¥%d %d %d %d\n", s[3]1[01, s[3]1[1], s[3]1[2], s[31[3]);

if ((s[3]1[1] - s[3]1[0]) !'= (s[3]1[3] - s[3]1[2]))
{
printf("ERROR ERROR ERROR");
printf("(s[31[1] - s[3]1[0]) !'= (s[31[3] - s[31[2])");
axit( 1 );
}

cal = 0;
ptest04(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 4;

proc = plev05;

calibrate(n, level, error, s, proc, &out);

printf("/d %d %d %d\n", s[4]1[0], s[4]1[1], s[4][2], s[4](3]);

if ((s[41[1] - s[41[01) !'= (s[4]1[3] - s[4]1[2]))
{
printf ("ERROR ERROR ERROR");
printf("(s[4]1[1] - s[4]([0]) '= (s[4]1[3] - s[4]1[2])");
exit( 1 );
}

cal = 0;
ptest05(n, vin, error, s, cal, &out);
printf("/d\n", out.output_word);

level = 5;

proc = plav06;

calibrat..n, level, error, s, proc, &out);

printf("/d %d %d Yd\n", s[5][0], s[51[1], s[51[2], s[51[31);

if ((s[51[1] - s[51[0]) !'= (s[51(3]1 - s[5][2]))
{
printf("ERROR ERROR ERROR");
printf (" (s[5]1[1] - s[5]1[0]) !'= (s[6]1[3] - s[5]1[2])");
exit( 1 );
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}

cal = 0;
ptest06(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 6;

proc = plev07;

calibrate(n, level, error, s, proc, &out);

printf("%d %d %d %d\n", s[61[0], s[6]1[1], s[6]1[2], s[61(3]1);

if ((s[6]1[1] - s[6]1[0]) t= (s[6]1[3] - sl6]1[2]))
{
printt("ERROR ERROR ERROR");
printf("(s[61[1] - s[6]1[0]) '= (s[6]1[3] - s[61[2]1)");
exit( 1 );
}

cal = 0;
ptest07(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 7;

proc = plev08;

calibrate(n, level, error, s, proc, &out);

printf("%d %d %d %d\n", s[7]1[0], s[7]1[1], s[7]1[2], s(7]1[31);

if ((s[71[1] - s([71[01) '= (s[71[3] - s[71[2]))
{
printf ("ERROR ERROR ERROR") ;
printf("(s[7]1[1] - s{71[0]) != (s(7]1[3]1 - s[7]1[2])");
exit( 1 );
}

cal = 0;
ptest08(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 8;

proc = plev09;

calibrate(n, level, error, s, proc, &out);

printf("%d4 %4 %d %d\n", s[8][0], s[8][1], s[8]1[2], s[81[31);
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if ((s[8]1[1] - s[8][0]) !'= (s[8]1[3] - s[8]1([2]1))
{
printf("ERROR ERROR ERROR");
printf("(s[8]1[1] - s[81[0]) !'= (s[83[3] - s[81[21)");
exit( 1 );
}

cal = 0;
ptest09(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 9;

proc = pleviQ;

calibrate(n, level, error, s, proc, &out);

printf("%d %d %4 Yd\n", s[9]1[0], s[9]1[1], s[91[2], s[91[3]1);

it ((s[91[1] - s[91[0]) '= (s[91[3] - s[91[2]))
{
printf ("ERROR ERROR ERROR");
printf("(s[91[1] - s[91[0]) != (s[9]1[3] - s[91[21D");
exit( 1 );
}

cal = 0;
ptest10(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 10;

proc = pleviil;

calibrate(n, level, error, s, proc, &out);

printf("%d /d %d %d\n", s[10][0], s[10]1[1], s[10]([2], s[10]1[31);

if ((s[10]1[1] - s[101[0]) '= (s[10][3] - s[10][2]))
{
printf ("ERROR ERROR ERROR");
printf("(s[10] [1] - s[10][0]) != (s[101[3] - s[10]1[2])");
exit( 1 );
}

cal = 0;
ptestii(n, vin, error, s, cal, &out);
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printf("%d\n", out.output_word);

level = 11;

proc = plevi2;

calibrate(n, level, error, s, proc, &out);

printf("%d %d %d %d\n", s[11][0], s[11]1[1], s[11][2], s[11]1[3]);

it ((s[111[1] - s[111[0]) != (s[111(3] - s[11]1[2]))
{
printf ("ERROR ERROR ERROR");
printf("(s[11][1] - sf11]([c]) !'= (s[11][3] - s[11]1[2])");
exit( 1 );
}

cal = 0;
ptest12(n, vin, error, s, cal, &out);
printf ("%d\n", out.output_word);

level = 12;

proc = plevi3;

calibrate(n, level, error, s, proc, &out);

printf{"%d %d %d %d\n", s[12]1[0], s[12]1[1], s[12]([2], s[12]([3]);

if ((s[12]1[1] - s[12][0]) !'= (s[12]1[3] - s[12]([2]))
{
nrintf ("ERROR ERROR ERROR") ;
printf("(s[12])[1] - s[12][0]) != (s[12][3] - s[12][2]1)");
exit( 1 );
}

cal = 0;
ptest13(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word};

level = 13;

proc = plevi4;

calibrate(n, level, error, s, proc, &out);

printf("/d %d 7d %d\n", s[13]1([0], s[13]1([1], s[13]1[2], s[13]1([3]);

if ((s[13][1] - s[13][0]) != (s[13](3] - s[13][2]))
{
printf ("ERROR ERROR ERROR");
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printf("(s[13]1[1] - s[13]1[0]) != (s[13]1[3] - s[13][2]1)");
exit( 1 );
}

cal = 0;
ptesti4(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

level = 14;

proc = plevis;

calibrate(n, level, error, s, proc, &out);

printf("%d %d %d %d\n", s[14]1[0], s[14]1[1], s[141[2], s[141[3]);

if ((s[141[1] - s[141[0]) !'= (s[14][3] - s[14][2]1))
{
printf ("ERROR ERROR ERROR");
printf("(s[14][1] - s[14]1[0]) !'= (s[141[3] - s[14]1[21)");
exit( 1 );
}

cal = 0;
ptesti5(n, vin, error, s, cal, &out);
printf("%d\n", out.output_word);

/* begin linearity search */

vin = -VREF;

cal = 0;

(*run_proc) (n, vin, error, s, cal, &out);
temp = out.output_word;

i=0;

code_temp = temp;
code[i] = temp;
dlevel[i] = vin;
while (vin < VREF)
{

cal = 0;

(*run_proc) (n, vin, error, s, cal, &out);
temp = out.output_word;

if (temp != code_temp)
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{
i=1i+1,;
i_max = i;
code_temp = temp;
code[i] = code_temp;
dlevel[i] = vin;
diff[i - 1] = dlevel[i] - dlevell[i - 1];
}
vin = vin + epsilon;

}
diff[i_max] = VREF - dlevel[i_max];

/* recompute delta based on the maximum output code. */
delta = 2*VREF/(1.0 + (double) i_max);

/* now compute dnl[j], the true differential nonlinearity. */
for(j=0;j<=i_max;j++)

{

dnl[j] = (diff[j]l/delta) - 1.0;

}

/* now compute inl[j], the true integral nonlinearity. */
inl1[0] = dnl1[0];

for(j=1;j<=i_max;j++)

{

in1[j] = inl[j-1] + dnl[j];

}

r = (double) reduce_step;

/* DNL output */
printf ("DNL\n");

/* print out number of decision levels i_max */
printf("number of decision levels i_max: %d\u", i_max);

/* print cut value of code[i_max] */
printf("value of codel[i_max]: %d\n", code[i_max]);

/* reduce differential nonlinearity data length */
i=0;
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k =0;
while{i <= i_max)

{

dnl_sum = O;

for(j = i; j <= i + reduce_step - 1; j++)
{

dnl_sum = dnl_sum + dnl[j];

}

rdnl[k] = dnl_sum / r;
i = i + reduce_step;
k=k + 1;

}

kmax_dnil = k - 1;
printf ("kmax_dnl = %1d\n", kmax_dnl);

/* INL output */
printf ("INL\n");

/* print out number of decision levels i_max */
printf("number of decision levels i_max: %d\n", i_max);

/* print out value of codel[i_max] */
printf("value of code[i_max]: %d\n", code[i_max]);

/* reduce integral nonlinearity length */
i=0;
k =0;
while(i <= i_max)
{
rinl[k] = inl[i + reduce_step - 1] / r;
i = i + reduce_step;
k=k +1;
}

kmax_inl = k - 1;
printf("kmax_inl = %1d\n", kmax_inl);

/* write out DNL and INL data */
printf("begin writing dnl data \n");
file_output = fopen("dnl.adc", "w+");
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for(i = 0; i <= i_max; i++)
fprintf(file_output, "%.41f \n", dnl[il]);

fclose(file_output);

printf("begin writing inl data \n");
file_output = fopen("inl.adc", "w+");

for(i = 0; i <= i_max; i++)
fprintf(file_output, "%.41f \n", inl[i]l);

fclose(file_output);

printf("begin writing reduced dnl data \n");
file_output = 10pen("rdn1.adc", uet);

for(i = 0; i <= kmax_dnl; i‘++)
fprintf(file_output, "%.41f \n", rdnl[il);

fclose(file_output);

printf("begin writing reduced inl data \n");
file_output = fopen("rinl.adc", "w+");

for(i = 0; i <= kmax_inl; i++)
fprintf(file_output, "%.41f \n", rinl[il);

fclose(file_output);

end: exit( 0 );

Function stage(k, vin, xin, error, ptr)

This function returns an int representing the kth-stage reference
nonrestoring pipeline conversion of the input signal vin and state
xin. Error coefficients are passed with the array _error_. The
output of the pipeline section is passed to a struct referenced by
pointer ptr. Array _error_ map:

error[j][3] <-> amplifier_offset[j]

error[jl[2] <-> comparator_offset[j]
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error[j][1] <-> alpha_2[j]
error[j][0] <-> a.pha_1[j]

int stage(k, vin, xin, error, ptr)
int k, xin;

double vin, error[32][4];

OUTPUT *ptr;

{

int x;

double residue;

extern int testbit();

extern int setbit();

if (xin == 1)

residue = (2 + error[k][0])*vin / (1 + error[k][0] + error[k][i]) -
VREF/(1 + errorlk][0] + error[k][1]) + error[k][3];
aelse

residue = (2 + error[k][0])*vin / (1 + error[k][0] + error[k][1]) +
VREF/(1 + error[k][0] + error[k][1]) + error[k][3];

x = 0;

if (residue >= errcr[k][2])
x = 1;

else
x = 0;

ptr->stage_output_word = x;
ptr->stage_output_residue = residue;

}

/* =
Function sahold(k, vin, error, ptr)
This function returns an int representing a i-bit conversion of the input
signal vin with a sample-and-hold in the k-th stage of the pipeline.
Error coefficients are passed with the array _error_. The output of the
sample-and-hold is passed to a struct referenced by pointer ptr.
B - = ==== */

int sahold(k, vin, error, ptr)

int k;

double vin, error[32]1(4];




C.2. MAIN.C

OUTPUT *ptr;

{

int x;

double residue;
extern int testbit();
extarn int setbit();

x = 0;

it (vin >= error[k][2])

x =1;
else
x = 0;

residue = vin * (1 + error({k]l[0]) + error([k][3];

ptr->sahold_output_word = x;
ptr->sahold_output_residue = residue;

int calibrate(n, ievel, error, s, proc, ptr)
int n, level, s[32][4];

double error[32][4];

int (*proc)();

OUTPUT *ptr;

{

int w;

double r;

r -VREF;

w=0;

(*proc)(n, r, w, error, s, 1, ptr);
s [level]j [0] = ptr->output_word;

r = 0;
w=20;
(*proc)(n, r, ¥, error, s, 1, ptr);
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s[level] [1] = ptr->output_word;

r = 0;

w=1;

(»proc)(n, r, w, error, s, 1, ptr);
s[level] [2] = ptr->output_word;

r = VREF;

v =1;

(*proc)(n, r, w, error, s, 1, ptr);
s[level]l [3] = ptr->output_word;

int plev00(n, rin, xin, error, s, cal, ptr)
int n, xin, s[{32][4], cal;
double rin, error[32][4];
OUTPUT x*ptr;
{
int k, y, w;
double r;
r = rin;
W = xin;
y =0;
for(k=n; k>-1; k--)
{

stage(k, r, w, error, ptr);

T = ptr->stage_output_residue;
w = ptr->stage_output_word;

y = setbit(y, k - 1, w);

}

ptr->output_word = y;
ptr->output_residue = r;

}

/* 4 3ttt Sx=o=o==== 1 3 1ttt 1t 1ttt i3t 3ttt 31111
Function plev0i(n, rin, xin, error, s, cal, ptr)
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int plevO1(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;

double rin, error(32](4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

w = xin;

y=0;

stage(n + 1, r, w, exror, ptr);

r = ptr->stage_output_residue;

u = ptr->stage_ottput_word;

y = setbit(y, n, w);

plev0O(n, r, w, error, s, , ptr);
tmp = ptr->output_word + y;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[0][0];

else

tmp = tmp - s[0][2] - d[0] + s[0][1] - s[0][0] - d[0];
}

ptr->output_word = tmp;

}

/* —_——= == Bt

int plev02(n, rin, xin, error, s, cal, ptr)
int n, xin, s{32][4], cal;

double rin, error([32][4];

OUTPUT *ptr;

{

int y, w, tmp;
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double r;

r = rin;

W = xin;

y=0;

stage(n + 2, r, w, error, ptr);

r = ptr->stage_output_residue;
w = ptr->stage_output_word;
y = setbit(y, n + 1, w);

plevOoi(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[1][0];

else

tmp = tmp - s[1]1[2] - d[1] + s[1][1] - s[1][0] - d[1];

}

ptr->output_vord = tmp;

}

/* == = S==s===========

Function plev03(n, rin, xin, error, s, cal, ptr)

int plev03(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;

double rin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;
double r;

r = rin;

W = Xin;

y =0;

stage(n + 3, r, w, error, ptr);

r = ptr->stage_output_residue;
w = ptr->stage_output_word;
y = setbit(y, n + 2, w);
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plevo2(n, r, w, error, s, 0, ptr);
tmp = ptr-->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - a[2][0];
else

tmp = tmp - s[2]1[2] - d[2] + s[2][1] - s[2][C]
}
ptr->output_word = tmp;

- d[2];

int plevC4(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32]1[4], cal;

double rin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

W = xin;

y =0;

stage(n + 4, r, w, error, ptr);

r = ptr->stage_output_residue;
W = ptr->stage_output_word;
y = setbit(y, n + 3, w);

plev03(n, r, w, error, s, 0, ptr);
tnp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[3][0];

else

tmp = tmp - s[3]1[2] - d[3] + s[21[1] - s[3][0]

- d[3];

*/
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}
ptr->output_word = tmp;
}

/* = = == sSSasSsSEsE=EmE=moSssS =S

int plev05(2., rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;

double rin, error(32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

w = xin;

y=0;

stage(n + 5, r, w, error, ptr);

T = ptr->stage_output_residue;
w = ptr->stage_output_word:
y = setbit(y, n + 4, w);

plevo4(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[4][0];

else

tmp = tmp - s[4][2] - d[4] + s[4][1] - s([4]1[0] - d[4];
}

ptr->output_word = tmp;
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int plev06(n, rin, xin, error, s, cal, ptr)
int n, xin, s8[32][4], cal;

double rin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

W = xin;

y=0;

stage(n + 6, r, w, error, ptr);

r = ptr->stage_output_residue;
w = ptr->stage_output_word;
y = setbit(y, n + 5, w);

plev0o5(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[5][0];

else

tmp = tmp - s[5][2] - d[5] + s[56][1] - s[6]1[0] - d[5];
}

ptr->output_word = tmp;

}

/% =====s===== ===

Function plev07(m, rin, xin, error, s, cal, ptr)

int plev07(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32]{4], cal;

double rin, error([32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;
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r = rin;
w = xin;
y =0;

stage(n + 7, r, w, error, ptr);

r = ptr->stage_output_residue;

w = pitr->stage_output_word;

y = setbit(y, n + 6, w);

plev0o6(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[6][0];
else

tmp = tmp - s[6][2] - d[6] + s[6][1] - s[6]1[0] - d[6];
}
ptr->output_word = tmp;

}

/% == = s=========== = ===
Function plev08(n, rin, xin, error, s, cal, ptr)

int plev08(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;

double rin, error([32][4];

OUTPUT *ptr;

{

int y, w, tmp;
double r;

r = rin;

W = xin;
y=0;

stage(n + 8, r, w, error, ptr);

r = ptr->stage_output_residue;

w = ptr->stage_output_word;

y = saetbit(y, n + 7, w);

plev07(n, r, w, srror, s, 0, ptr);
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tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[7](0];
else

tmp = tmp - s[7]1(2] - d[7] + s[7]1[1] - s[7][0]
}
ptr->output_word = tmp;

}

- d[7];
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Function plev09(n, rin, xin, error, s, cal, ptr)

int plev09(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32]1[4], cal;

double rin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

w = xin;

y =0;

stage(n + 9, r, w, error, ptr);

r = ptr->stage_output_residue;
w = ptr->stage_output_word;
y = setbit(y, n + 8, w);

plev08(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[8][0];
else

tmp = tmp - s[8][2] - d[8] + s[8][1] - si8][0]
}

-~ d[8];

s=== %/
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ptr->output_word = tmp;

}

/‘ = = = ====

Function pleviO(n, rin, xin, error, s, cal, ptr)

int pleviO(n, rin, xin, error, s, cal, ptr)
int n, xin, s(32][4], cal;

double rin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

w = xin;

y=20;

stage(n + 10, r, w, error, ptr);

T = ptr->stage_output_residue;

W = ptr->stage_output_word;

y = setbit(y, n + 9, w);

plev09(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal 0)

{

if (xin == 0)

tmp = tmp - s[9][0];

else

tmp = tmp - s[9]1[2] - d4[9] + s[9]171] - s[91[0] - d[9];
}

ptr->output_word = tmp;

int plevii(n, rin, xin, error, s, cal, ptr)
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int n, xin, s(32]1([4], cal;
double rin, error[32][4];
OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

¥ = xin;

y =0;

stage(n + 11, r, w, error, ptr);
T = ptr->stage_output_residue;

W = ptr->stage_output_word;

y = setbit(y, n + 10, w);
plevio(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[10][0];
else

tmp = tmp - s[10][2] - d[10] + s[10]1[1] - s[10][0] - d[10];

}
ptr->output_word = tmp;

Function plevi2(n, rin, xin, error, s, cal, ptr)

int plevi2(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32]1[4], cal;

double rin, error[32][4];

OUTPUT =*ptr;

{

int y, w, tmp;

double r;

r = rin;
xin;

=
n
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y =0;

stage(n + 12, r, w, error, ptr);

r = ptr->stage_output_residue;

w = ptr->stage_output_word;

y = setbit(y, n + 11, w);
plevii(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[11]1[0];
else

tmp = tmp - s[111[2] - d[11] + s[111[1] - s[11]1[0] - d[11];
}
ptr->output_word = tmp;

}

/* === B e

int plevi3(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;

double rin, error[32][4];

0UTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

W = xin;

y=0;

stage(n + 13, r, w, error, pPtr);

T = ptr->stage_output_residue;

w = ptr->staye_output_word;

y = setbit(y, n + 12, w);
plevi2(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)
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{

it (xin == 0)

tmp = tmp - s[12][0];

else

tmp = tmp - s[12]1[2] - a[12] + s([12]1[1] - s[12][0] - d[12];
}

ptr->output_word = tmp;

}

/* . .
Function plevi4(m, rin, xin, error, s, cal, ptr)

int plevi4(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;
double rin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;
double r;

r = rin;

W = xin;

y =0;

stage(n + 14, r, w, error, ptr);

r = ptr->stage_output_residue;

w = ptr->stage_output_word;

y = setbit(y, n + 13, w);
plevi3(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal == 0)

{

if (xin == 0)

tmp = tmp - s[13][0];

else

tmp = tmp - s[13]1[2] - d[13] + s[13][1] - s[13]1[0] - d[13];
}

ptr->output_word = tmp;

}
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int plevi5(n, rin, xin, error, s, cal, ptr)
int n, xin, s[32][4], cal;

double yin, error[32][4];

OUTPUT *ptr;

{

int y, w, tmp;

double r;

r = rin;

W = xin;

y=0;

stage(n + 15, r, w, error, ptr);

r = ptr->stage_output_residue;

w = ptr->stage_output_word;

y = setbit(y, n + 14, w);
plevi4(n, r, w, error, s, 0, ptr);
tmp = ptr->output_word;

if (cal 0)

{

if (xin == 0)

tmp = tmp - s[14][0];

else

tup = tmp - s[14][2] - d[14] + s[14]1[1] - s[14][0] - d[14];
}

ptr->output_word = tmp;

} /

i

int ptest00(n, vin, error, s, cal, ptr)
int n, s[32]1[4], cal;

double vin, error[32][4];

OUTPUT *ptr;
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{
int w;
double r;

sahold(n + 1, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plevoO(n, r, w, error, s, cal, ptr);

}

int ptest0i(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 2, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev0oi(n, r, w, error, s, cal, ptr);

}

int ptest02(n, vin, error, s, cal, ptr)
int n, s(32]1([4], cal;

double vin, error[32][4];

OUTPUT x*ptr;

{

int w;

double r;

195
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sahold(n + 3, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev02(n, r, w, error, s, cal, ptr);

int ptest03(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error([32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 4, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev03(n, r, w, error, s, cal, ptr);

1

/* ———————— = = = E=ssmmsnsssmms=snas

int ptest04(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 5, vin, error, ptr);

W = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev04(n, r, w, error, s, cal, ptr);
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/* ——————————— ==== ============s==========

o e e o o o o o S o e S e e e = e e o T T T S — o — — —

int ptest05(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error([32][4];

OUTPUT *ptr;

{

int w;

double r1;

sahold(n + 6, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residus;
plev05(n, r, w, error, s, cal, ptr);

}

/% === =

Function ptest06(n, vin, error, s, cal, ptr);

int ptest06(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 7, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev06(n, r, w, error, s, cal, ptr);

}

/* === === = = == S========

Function ptest07(n, vin, error, s, cal, ptr);

197
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int ptest07(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 8, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev07(n, r, w, error, s, cal, ptr);

}

int ptest08(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 9, vin, error, ptr);

W = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev08(n, r, w, error, s, cal, ptr);

int ptest09(n, vin, error, s, cal, ptr)
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int n, s[32][4], cal;
double vin, error[32][4];
OUTPUT *ptr;

{

int w;

double r;

sahold(n + 10, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plev09(n, r, w, error, s, cal, ptr);

}

/* H1t 3ttt 1t it i1ttt t it ittt 1ttt ittt ittt -ttt 1ttt
Function ptest10(n, vin, error, s, cal, ptr);
== === === === SooooSoSoSsmEssSm==== */

int ptest10(n, vin, error, s, cal, ptr)

int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 11, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;

pleviOo(n, r, w, error, s, cal, ptr);

}

/* 1+ttt 1311 == ==== 13133113ttt 311 11
Function ptestii(n, vin, error, s, cal, ptr);
H3 41ttt 4311133t 1 31ttt t 3111 */

int ptestii(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{
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int w;
double r;

sahold(n + 12, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plevii(n, r, w, error, s, cal, ptr);

}

/* = === = = sS===sc===s=
Function ptesti12(n, vin, error, s, cal, ptr);

int ptesti12(n; vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptx;

{

int w;

double r;

sahold(n + 13, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plevi2(n, r, w, error, s, cal, ptr);

}

/* === == = == ============== ====

Function ptest13(n, vin, error, s, cal, ptr);

int ptesti3(n, vin, error, s, cal, ptr)
int n, s[32]{4], cal;

double vin, error[32]([4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 14, vin, error, ptr);
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w = ptr->sahold_output_word;

T = ptr->sahold_output_residue;

plevi3d(n, r, w, error, s, cal, ptr);

}

/* === = So=—os=sossSTSsS======

Function ptesti4(n, vin, error, s, cal, ptr);

int ptesti4(n, vin, error, s, cal, ptr)
int n, s[32]1[4], cal;

double vin, error[32][4];

OUTPUT x*ptr;

{

int w;

double r;

sahold(n + 15, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
plevi4(n, r, w, error, s, cal, ptr);

}

==== */

/*

Function ptesti5(n, vin, error, s, cal, ptr);

int ptesti5(n, vin, error, s, cal, ptr)
int n, s[32][4], cal;

double vin, error[32][4];

OUTPUT *ptr;

{

int w;

double r;

sahold(n + 16, vin, error, ptr);

w = ptr->sahold_output_word;

r = ptr->sahold_output_residue;
pleviS(n, r, w, error, s, cal, ptr);

}
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C.3 setbit.c

/% s=s=====
Andrew Karanicolas

10-20-89

Function: setbit{word, position, bit_value)

This function returns an int that is the specified word with the
specified bit position set to bit_value.

=========c===== === = ===== */

int setbit(word, position, bit_value)
int word, position, bit_value;
{
int mask0, maskl, temp, output;
temp = 1;
mask0 = temp << position;
maskl = “maskO;
if {(bit_value == 0)

output = maskl & word;
else

output = maskO | word;
return(output) ;
}
C.4 testbit.c
/* Httt ittt - -ttt

Andrew Karanicolas

10-20-89

Function: testbit(word, position)

This function returns an int that is set according to the value

of the bit at the specified position in the specified word. If

the bit is set to 1, then 1 is returned, else 0 is returned.

= = S ====== */

int testbit(word, position)
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int word, position;

{

int temp, output;

temp = 1;

output = temp & (word >> position);
return(output) ;

}



Appendix D

Test System C Code

D.1 acq.c .

/* Program for Pipeline ADC Data Acquisition System
/* Andrew Karanicolas

/* Microsystems Technology Laboratory

/* 06-07-92

#include <stdio.h>
#include <conio.h>
#include <malloc.h>

/* base address for PXB-721 is 0x300
/* 8255A_3 is presently used

/* PORT_D3 is control register
#define PORT_A3 0x308

#define PORT_B3 0x309

#define PORT_C3 0x30A

#define PORT_D3 0x30B

/* mode 0x82 configures PORT_A3 as output, PORT_B3 as input
/* and PORT_C3 as output
#define MODE 0x82

/* set all instruction bits to 0 for full reset
#define RESET (x00

/* instructions to read SRAM DATA_C, DATA_B, DATA_A

#define DATA_C 0x42
#define DATA_B 0x22

204
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*/
*/
*/

*/
*/
*/

*/
*/
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#define DATA_A 0x02

/* data acquisition system instruction format
LOADMEM

REQREAD

REQWRITE

REQCOUNTHMAR

REQCLRMAR

X0

X1

NC

O NG D WN -

¥*
~

/* data length read from SRAM */
#define DATA_MAX 131072

/* data width from ADC */
#define DATA_WIDTH 18

/* margin required for time align to prevent array over-run */
#define MARGIN 36

main()

{

FILE *stream;

long i, j, xc, xb, xa;

long bit_value, k, m, n;

extern long testbit();

extern long setbit();

int *a, *b, *c;

long *xsum, *ysum, *zZsum;

a = calloc(DATA_MAX, sizeof(int));

b = calloc(DATA_MAX, sizeof(int));

c = calloc(DATA_MAX, sizeof(int));
xsum = calloc(DATA_MAX, sizeof(long));
ysum = calloc(DATA_MAX, sizeof(long));
zsum = calloc(DATA_MAX, sizeof(long));

/* set up PXB-721 mode */
outp(PORT_D3, MODE);

/* acquire data */
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/* clear MAR */
outp(PORT_A3, 0x10);

/* reset */
outp(PORT_A3, RESET) ;

/* set LOADMEM high */
outp(PORT_A3, 0x01);

/* acquire data with LOADMEM and REQCOUNTMAR high */
outp(PORT_A3, 0x09);

/* wait a while */
for(i = 0; i <= 500000; i++)

/* read data from SRAM x/

/* clear MAR */
outp(PORT_A3, 0x10);

for(j = 0; j <= DATA_MAX; j++)

{

/* read out DATA_C from current MAR address */
outp(PORT_A3, DATA_C);

/* get DATA_C */
c[j] = inp(PORT_B3);

/* read out DATA_B from current MAR address */
outp(PORT_A3, DATA_B);

/* get DATA_B */
b[j] = inp(PORT_B3);

/* read out DATA_A from current MAR address */
outp(PURT_A3, DATA_A);

/* get DATA_A */
a[j]l = inp(PORT_B3);
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/* reset */
outp(PDRT_AB, RESET) ;

/* increment MAR */
outp(PORT_A3, 0x08);
}

/* reset */
outp(PORT_A3, RESET);

/* construct composite data from c[jl, b[jl, aljl */

for(j = 0; j <= DATA_MAX; j++)
{

xc = clil;
xc = xc << 16;
xb = b[jl;
xb = xb << 8;
xa = a[jl;

xsum[j] = xc + xb + xa;
xsun[j] = xsum[j] >> 6;
ysum[j] = ("xsum[j]) & 262143;
}

/* time align data */

for(j = 0; j <= DATA_MAX - MARGIN; j++)

{

k = 0;

n = 0;
zsem[j] = 0;

for(m = DATA_WIDTH - 1; m >= 0; m--)
{

bit_value = testbit(ysum[j + k], m);
zsum[j] = setbit(zsum[j], m, bit_value);

if (n == 0)
n=1;
else
{
n=0;
k=k +1;

(-
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}

/* urite data out to file */
stream = fopen{"DATA.ADC", "w+");

for(j = 0; j <= DATA_MAX - MARGIN; j++)

{
fprintf(stream, "%ld\n", zsum[j]);

}

/* close file */
fclose(stream) ;

rcturn 0;

}

/%

Function: setbit(word, position, bit_value)

This function returns a long that is the specified word with the
specified bit position set to bit_value.

*/

long setbit(word, position, bit_value)
long word, position, bit_value;

{
long maskO, maskl, output, temp;
temp = 1;

mask0 = temp << position;
maskl = "maskO;

if (bit_value == 0)
output = maskl & word;
else
output = mask0 | word;

return output;

}

/*

Function: testbit(word, position)
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This function returns a long that is set according to the value
of the bit at the specified position in the specified word. If
the bit is set to 1, then 1 is returned, else 0 is returned.

*/

long testbit(word, position)
long word, position;

{
long temp, output;
temp = 1;

output = temp & (word >> position);
return output;

}

D.2 cal.c

/* Program for Pipeline ADC Calibration System */
/* Andrew Karanicolas */
/* Microsystems Technology Laboratory */
/* 09-10-92 */

#include <stdio.h>
#include <stdlib.h>
#include <malloc.h>
#include <float.h>
#include <math.h>

/* base address for PXB-721 is 0x300 */
/* 8255A_3 is presently used */
/* PORT_D3 is control register */

#define PORT_A3 0x308
#define PORT_B3 0x309
#define PORT_C3 0x30A
#define PORT_D3 0x30B

/* mode 0x82 configures PORT_A3 as output, PORT_B3 as input */
/* and PORT_C3 as output */
#define MODE 0x82

/* set all instruction bits to 0 for full reset */
#define RESET 0x00
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/* instructions to read SRAM DATA_C, DATA_B, DATA_A

#define
#define
#define

/* data

RE
RE
RE
RE
Xo
X1
NC

W NGO WN =

¥*
~

/* calib
CA
Cco
C1
Cc2
C3
C4
SO
S1

O N O U bd WN -

*
~

DATA_C 0x42
DATA_B 0x22
DATA_A 0x02

acquisition system instruction format

LOADMEM

QREAD
QWRITE
QCOUNTMAR
QCLRMAR

ration system instruction format
LIBRATE

/* program reference instructions

S1S0
S1S0
S1S0
S1S0
*/
#define
#define
#define
#define

/* data
/*
#define

'
C O R R

VR1 - VR2  PHII
AGND PHITI =
AGND PHIT =
VR2 - VR1  PHIT

=11 VP
= 10 VP
= 00 VP
= 01 Vp

S3 0xCO
S2 0x80
S1 0xC0
SO 0x40

length read from SRAM */

DATA_MAX 2048

TEST SYSTEM C CODE

*/
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*/

/* data width from ADC */
#define DATA_WIDTH 18

/* margin required for time align to prevent array over-run */
#define MARGIN 36

main()

{

FILE *stream;

double sum, num_points, temp;
int select_index, select_stage;
int cal_index, cal_stage, calibrate;
char cal_instruction;

long DATA_MAX;

long i, j, xc, xb, xa;

long bit_value, k, m, n;

long position;

long dim_i, dim_j, dim_k;
extern long testbit();

extern long setbit();

extern long extract();

int *a, *b, *c;

long *xsum, *ysum, *zsum;

long *e;

double **s;

/* get DATA_MAX */
printf("enter DATA_MAX: \n");
scanf ("%1d", &DATA_MAX);

/* allocate memory */

a = calloc(DATA_MAX, sizeof(int));

b = calloc(DATA_MAX, sizeof(int));

¢ = calloc(DATA_MAX, sizeof(int));
xsum = calloc(DATA_MAX, sizeof(long));
ysum = calloc(DATA_MAX, sizeof(long));
zsum = calloc(DATA_MAX, sizeof(long));
e = calloc(DATA_MAX, sizeof(long));

/* allocate and initialize s[i][j] */
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dim_i = DATA_WIDTH;
dim_j = 4;

8 = calloc(dim_i, sizeof(double *));
for(i = 0; i <= dim_i - 1; i++)
{
8[i] = calloc(dim_j, sizeof(double));
}

/* set up PXB-721 mode */
outp(PORT_D3, MODE);

/* acquire calibration data from desired stage */

TEST SYSTEM C CODE

for(select_stage = 1; select_stage <= DATA_WIDTH; select_stage++)
for(select_index = 0; select_index <= 3; select_index++)

{

/* subtract 1 as herdware selection begins at 0 */
cal_stage = select_stage - 1;

/* shift cal_stage left so that cal_stage is aligned for instruction */

cal_stage = cal_stage << 1;

/* set cal_index depending on selected calibration data index */

switch( select_index )

{
case 0: cal_index = SO;
break;
case 1: cal_index = S1;
break;
case 2: cal_index = S2;
break;
case 3: cal_index = S3;
break;
default:
{
printf ("ERROR ERROR ERROR \n");
printf("int select_index out of range. \n");
return 1;
}

}
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/* build calibration instruction */
calibrate = 1;
cal_instruction = cal_index + cal_stage + calibrate;

/* clear PORT_C3 */
outp(PORT_C3, RESET);

/* send calibration instruction to PORT_C3 %/
outp(PORT_C3, cal_instruction);

/* wait a while for VP to settle */
for(i = 0; i <= 100000; i++)

H
/* acquire data */

/* clear MAR */
outp(PCRT_A3, 0x10);

/* reset x/
outp(PORT_A3, RESET);

/* set LOADMEM high */
outp(PORT_A3, 0x01);

/* acquire data with LOADMEM and REQCOUNTMAR high */
outp(PORT_A3, 0x09);

/* wait a while */
for(i = 0; i <= 100000; i++)

/* read data from SRAM */

/* clear MAR */
outp(PORT_A3, 0x10);

for(j = 0; j <= DATA_MAX; j++)

{

/* read out DATA_C from current MAR address */
outp(PDRT_AS, DATA_C) ;
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/* get DATA_C */
c[j] = inp(PORT_B3);

/* read out DATA_B from current MAR address */
outp(PORT_A3, DATA_B);

/* get DATA_B */
b[j] = inp(PORT_B3);

/* read out DATA_A from current MAR address */
outp(PORT_A3, DATA_A);

/* get DATA_A */
a[jl = inp(PORT_B3);

/* reset */
outp(PORT_A3, RESET);

/* increment MAR */
outp(PORT_A3, 0x08);
}

/* reset */
outp(PORT_A3, RESET);

/* construct composite data from c[jl, t[jl, aljl */
for(j = 0; j <= DATA_MAX; j++)

{

xc = c[jl;

xc = xc << 16;
xb = b[j]l;

xb = xb << 8;
xa = al[jl;

xsum[j] = xc + xb + xa;
xsum[j] = xsum[j] >> 6;
ysum[j] = ("xsum[j]) & 262143;
}

/* time align data */

for(j = 0; j <= DATA_MAX - MARGIN; j++)
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{

k =0;

n=0;

zsum[j] = 0;

for(m = DATA_WIDTH - i; m >= 0; m--)
{
bit_value = testbit(ysum[j + k], m);
zsum[j] = setbit(zsum[j], m, bit_value);
if (n == 0)

n=1;
else

{

n = 0;

k=k + 1;

}
}

}

/* extract output bits related to calibration of stage */
for(j = 0; j <= DATA_MAX - MARGIN; j++)

{

position = DATA_WIDTH - select_stage;

e[j] = extract(zsum[j], position);

}

/* compute average */

temp = 0.0;

sum = 0.0;

num_points = DATA_MAX - MARGIN;

for(j = 0; j <= DATA_MAX - MARGIN; j++)

{

temp = e[jl;

sum = sum + temp;
}

sum = sum / num_points;

/* copy average to s[select_stage] [select_index] */

s[select_stage - 1] [select_index] = sum;

printf("s[/%1d] [%1d] = %.101f \n", select_stage, select_index,
s[select_stage - 1] [select_index]);
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}

/* write data out to file */
stream = fopen("CALDATA.ADC", "u+")

for(select_stage = 1; select_stage <= DATA_WIDTH; select_stage++)
for(select_index = 0; select_index <= 3; select_index++)
fprintf(stream, "%.101f \n", s[select_stage - 1] [select_index]);

fclose(strean) ;

/* reset */
outp(PORT_C3, RESET) ;

/* free allocated memory */
/*

frea(a);

free(b);

free(c);

free(xsum) ;

free(ysum) ;

free(zsum) ;

free(e);

free(s);

*/

return 0;

}

/*

Function: setbit(word, position, bit_value)

This function returns a long that is the specified word with the
specified bit position set to bit_value.

*/

long setbitf{word, position, bit_value)
long word, position, bit_value;

{

long mask0O, maskl, output, temp;

temp = 1;
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mask0 = temp << position;

maskl = “maskO;

if (bit_value == 0)
output = maskl & word;

alse

output = mask0 | word;

return output;

}

/*

Function: testbit(word, position)

This function returns a long that is set acccrding to the value
of the bit at the specified position in the specified word. If
the bit is set to 1, then 1 is returned, else 0 is returned.

*/

long testbit(word, position)

long word, position;

{

long temp, output;

temp = 1;

output = temp & (word >> position);
return output;

}

/*

Function: extract(word, position)

This function extracts a sub-word of word from bit O to bit position.

*/

long extract(word, position)
long word, position;
{ .

long maskO, maski, temp, output, i;

maski = 0;
for(i = 0; i <= position; i++)

{
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temp = 1;
mask0 = temp << ij;
maskl = maskl + maskO;

}

output = word & maskil;

return output;

}

APPENDIX D. TEST SYSTEM C CODE
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