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ABSTRACT

Monolithic high resolution Analogue to Digital and Digital to Analogue Converters
(ADC’s and DAC’s), cannot currently be manufactured with as much accuracy as is
desirable, due to the limitations of the various fabrication technologies. The
tolerance errors introduced in this way cause the converter transfer functions to be
nonlinear. This nonlinearity can be quantified in static tests measuring integral
nonlinearity (INL) and differential nonlinearity (DNL). In the dynamic testing of
the converters, the transfer function nonlinearity is manifested as harmonic
distortion, and intermodulation products. In general, regardless of the conversion
technique being used, the effects of the transfer function nonlinearities get worse as
converter resolution and speed increase. The result is that these nonlinearities can
cause severe problems for the system designer who needs to accurately convert an
input signal.

A review is made of the performance of modern converters, and the existing
methods of eliminating the nonlinearity, and of some of the schemes which have
been proposed more recently. A new method is presented whereby code density
testing techniques are exploited so that a sufficiently detailed characterisation of the
converter can be made. This enables a digital mapping of the converter transfer
function to be derived, which improves the overall linearity of the device.

This is particularly true for the INL error, which is generally reduced, at the
expense of the DNL error which is slightly increased. However, the dynamic effects
of the nonlinearity are almost always completely erradicated, as can be seen from
harmonic analysis of the mapped converter. ‘ '

The number of signal samples which have to be taken in order to form the
distribution histograms required by the code density tests, and used by the mapping
algorithms, is much reduced from that needed for accurate characterisation of the
converter’s transfer function, using standard code density testing.

In any hardware implementation of the system, the digital mapping would be stored
in memory, as a look-up table, and techniques are developed which greatly reduce
the total amount of storage needed. This involves segmenting the device’s transfer
function into several smaller pieces, which are approximately linear.

To validate the linearisation technique it was necessary to build a hardware
implementation of the system and the mapping algorithm. This allowed real ADC
nonlinearities to be used to test the algorithm, rather than just those simulated.

The linearisation technique was also modified so that it could be applied to digital
to analogue converters as well. This entailed modification of the linearisation
hardware structure and the mapping algorithm. '
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LIST OF ABBREVIATIONS

ADC - Analogue to Digital Converter

ADCL - Analogue to Digital Converter Linearisation
CMOS - Complementary Metal Oxide Semiconductor
DAC - Digital to Analogue Converter

DDS - Digital subscriber loop Development System
DFT - Discrete Fourier Transform

DNL - Differential Nonlinearity

DSP - Digital Sighal Processing

EPROM - Eraseable, Programmable, Read Only Memory
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HF - High Frequency

IC - Integrated Circuit

INL - Integral Nonlinearity
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LECS - all digital Linearity Error Correction by Code Shift
LSB - Least Significant Bit

NCC - Network Communications Controller

PCB - Printed Circuit Board

pdf - Probability Distribution Function

RAM - Random Access Memory

ROM - Read Only Memory

. SAR - Successive Approximation Register

TTM - Threshold Tracking Mapping

VDU - Video Display Unit
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Chapter 1

INTRODUCTION

The growing importance of digital signal processing techniques, and the ready
availability of high speed digital computers has led to a need for higher resolution
analogue to digital and digital to analogue converters (ADC’s and DAC’s). One .of
the major difficulties this has posed for the semiconductor manufacturers is that, as
processing and lithographic accuracies are approaching their physical limits, it is
very difficult to increase the resolution of the converters, whilst maintaining
acceptable linearify. For this reason, several techniques have emerged in recent
years which allow the converter’s transfer function” to be linearised, after its

manufacture, rather than at the fabrication, or design stage [1-22].

The purpose of this work was to investigate a new technique for the lineariﬁation of
these converters, which was based upon the mapping of the device’s original transfer
function, to another which exhibits superior linearity. This mapping w.as to be
performed in the digital domain, so that the input digital codes could be
transformed into another set of more linear digital codes. Obviously this entails
pérforming the on;line processing of the mapping of the transfer function after

conversion from the analogue domain has taken place.

In order that such a mapping technique could be performed, it would be necessary
to have some method by which the original transfer function of the converter could
be characterised. Several techniques exist to perform this function, one being code

density testing [23-26], where an input signal is sampled a large number of times



and a histogram constructed from the digital output of the converter. Analysis of

this histogram then gives a characterisation of the device’s transfer function.

After the converter transfer function has been determined, some algorithmic
method is.required to calculate the necessary mapping. This algorithm must use the

description of the converter’s nonlinearity as its input.

In order that such a system for converter linearisation could be investigated, several
requirements have to be met. Initially at least, .it would be most convenient to use
ADC simulations and to experiment with the linearisation system in that way. This
implies that ADC and DAC simulation software is needed, in addition to a method
of introducing specific nonlinearities into the system. In order to maintain the
generality of the technique and the results, it was decided to adopt a black box
approach to simulating the converters and their transfer function nonlinearity. This
was structured in such a way that it was possible to simulate any desired resolution

of converter, with any one of a large number of different nonlinearities.

The simulations catered for the code density testing of the converters as well as
performing the operation of the mapping algorithm. It was decided at an early stage
that the conventional measures of converter transfer function linearity (integral and
differential nonlinearity) were ina.ppropriate to measure the performance changes
initiated by the application of the mapping function. A new measurement was thus
developed to assess the difference between the actual transfer function and the
straight line ideal, over Athe full scale rahge of the converter. This differs from
conventional linearity measures in that it is an ‘average rather than simply a

maximum-value of the transfer function distortion.

A more conventional method for assessing converter performance is to examine the
spectrum of a sampled signal, and in particular the harmonic responses. Linear
transfer functions produce little or no harmonic distortion, whilst nonlinearity leads

to large harmonic and intermodulation components.



Once a functioning system had been constructed, and the basic technique had been
proved, there remained the question of whether the system could be implemented in
hardware. In a real system, the digital mapping would be stored in some form of
look-up table, which requires relatively simple hardware. The only practical
difficulty is that the size of the look-up table required for high resolution converters

becomes prohibitively large.

To reducé the arhount of memory needéd to implement the system, requires that the
quality of the transfer function mapping is reduced, as less information will be
stored. By dividing the transfer function up into smaller segments, and only storing
the mz;pping for those points, a large reduction in the size of the look-up table can
be envisaged. The problem then is how to obtain optimum performance from this

reduced resolution system.

The linearisation system has been designed and tested purely by simulation. To
ensure that the linearisation techniques and the simulation results were valid for real
converters and their transfer functions, it woulq be necessary to use real converters
and associated hardware. This could be used to duplicate the results obtained >from
the simulations, proving that the technique was feasible and that the assumptions

made in the simulations were realistic.

The hardware that this required included an ADC wi.th adjustable nonlinearity, so
that the linearisation techniques could be tested withv a wide range of converter
nonlinearities, rather than the handful which would be feasible using separate
devices for each test. Some means for implementing the mapping algorithm was also.
needed, as well as. for collecting and analysing the data. It would also be necessary
to implement the mapping look-up table in hardware. As the whole system needed
flexible control, the easiest solution would seem to be to interface the system to a

dedicated computer, which would also be able to facilitate analysis of the results.

After the study of ADC’s was complete it would be advantageous to attempt to

apply similar techniques to the related nonlinearity problems encountered in digital



to analogue converters. This time however, the transfer function mapping would

have to occur before conversion to the analogue domain.

Again this implies that the linearisation structure of the system would have to be
modified, but perhaps the largest difference in approéch would be in the
characterisation of the DAC’s nonlinearity. Code density testing could not be
applied in a conventional sense as the finite number of input signalsA which can be
generated (digital codes) do not allow a normal probability distribution function to
be constructed. As before, it would be necessary to alter the form of the mapping
algorithm so that it could produce the required output, from the information
available. Also of importance for DAC’s is the problem of implementability i.e. is it
possible to reduce the memory requirement of the system, by similar techniques to

those used for ADC’s.

1.1. Thesis Outline

This thesis is divided up into several segments which cover the areas of work
outlined above, in the following way. Chapter 2 discusses the background to the
problem of converter linearity, and surveys the state of the art in ADC’s and in the
means to linearise them. Chapter 3 introduces and analyses the use of transfer
function mapping, and the threshold tracking algorithm in particular, to improve
the linearity of an ADC. Chapter 4 is concerned with reducing the amount of
memory required to implement the mapping look-up table, as this is a serioiis
restriction. of the applicability of the technique. Chapter 5 describes the hardware
implementation which was used to validate the simulations which had been the only
experimental technique used until that point. Chapter 6 shows how the basic
mapping technique can be adapted so that it can be applied to D/A converters ‘as
well. The final chapter draws some conclusions from the work, and discusses its

likely applicability, before bfieﬂy introducing some areas of further work.



Chapter 2

STATE OF THE ART ADC LINEARITY

There are currently a great many different types of analogue to digital and digital to
analogue converters both on the market and at various stages of development. These
can be broadly classified by their resolution, speed, conversion technique and
linearity.

In the area of telecommunications and ISDN, 12 bits resolution is. the current
accepted norm [27,28], whereas for radar applications, between 8 and 16 bits
résolutior; are used‘ [29], but 12 or more would be preferred for improved
performance [30]. Many applications require rriuch higher resolution than 12 bits,
especially in the fields of instrumentation [31] and HF radio [32,33] where up to 22
bits resolution and linearity may be used or required. As yet of course, very few
devices posses this level of performance. Digital audio and medical imaging are
areas where upwards of 16 bits are required to obtain the maximum performance of

the systems [1,34].

These and other application areas, as well as needing differing regolutions, also have
different conversion speed requirements. Instrumentation generally does not place a
great restriction on device bandwidth, whereas ISDN ADC applications need to be
able to convert at higher rates. The areas where conversion speed is of the essence
'are radar, high data rate communication, and other occasions where the signal of

interest has a very large bandwidth. It is the degree of linearity exhibited by



conversion devices in the various classes of interest, which this review will

concentrate on.

Many methods of improving device linearity have been proposed and implemented.
These can range from the more classical techniques to advanced autocalibration

schemes, and these will be discussed and appraised in some detail.

2.1. Common ADC Types

Although there are many different types of ADC the most popular conversion
methods are currently successive approximation, oversampling (sigma-delta), and
flash or half-flash [35,36]. Multislope integrating converters remain predominant in
digital voltmeter and other low bandwidth measurement devices .[37-39], but as
these systems are of no real relevance to this study, they will not be discussed

further.

2.1.1. Successive Approximation ADC’s

Successive approximation converters work in an algorithmic fashion and as their
name suggests make an iterative estimate of the final output of the device. As can
be seen from figure 2.1 which shows a'block diagram of this type of converter, in
which the main analogue components are the comparator and the reference DAC.
It is the performance and more specifically the linearity, slew rate and stability of
these components which determine the accuracy, speed and most importantly, the
overall linearity of the converter. By assuming that the converters are well designed,
and hence stable, and that they are being operated within their maximum rated
sampling rates, then the major problem remaining is the converter’s linearity. This
is mainly limited by the performance of the reference structures, and specifically the

linearity of the DAC in the feedback loop of the converter.

In successive approximation it is the Successive Approximation Register (SAR)

which holds the current estimate of the digital value to be output. The SAR is
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initialised to half full scale, i.e. the most significant bit of the register is set whilst all
of the other bits are held to zero. The contents of the SAR are converted to an
analdgue signal by the reference DAC and the output signal compared with the
analogue input. If the sampled signal is greater than the present output of the.
reference DAC then the last bit to be set in the SAR is .;_eitained, otherwise it is
cleared. This process is then repeated for each successive bit in the SAR, until the

least significant bit has been decided upon.

Current successive -approximation designs cover a wide spectrum of speed, resolution
and power requirements. Twelve bit resolution converters are available with near 12
bit linearity and a wide range of speeds and powers, with many of the designs
implemented on single CMOS chips along with their own clock sigﬁal generators,
sample and holds, input multiplexers, microprocessor control lines, variable data

output formats and circuitry, as well as input signal multiplexers t40-45].

The larger, more complex designs of 16 bit resolution successive dpproximation
converters are more difficult to manufacture to maximum linearity, as the physical
limitations imp(;sed by the fabrication processes become more troublesome. For
example, CMOS converters using ratioed capacitors in their reference DAC’s have
the problem that it is currently not possible to fabricate the ratios to an accuracy

much better than 0.1% i46].

For this and other reasons, such as lﬁrger circuit area and circuit complexity it is less
common to find 16 bit (or greater) successive approximation converters with full 16
bit linegrity. Certainly there are many 16 bit devices on the market which only
approach full linearity, with perhaps only 14 or 15 bits linearity [47,48]. Thése
larger resolu'tion devices also tend to have fewer extra features such as the on chip
sample and holds and clock generators now common on twelve bit successive
approximation ADC’s, as well as generally reduced maximum throughput rates, and

of course a higher price [49,50].



2.1.2. Oversampling Converters

There is a lot of misunderstanding and confusion surrounding oversampfing
converters. Put in the simplest way possible, single stage oversampling or sigma-delta
type Analogue to Digital Converters work in a way analogous to Delta Modulators
[51,52]. That is, they compare the current level of the input to a quantised version
of the integrated previous inputs. This allows a binary decision to be made as to the
output of the device at that particular sampling instant. The sequential data from
the quantiser is fed to a decimation filter which produces a parallel output from a
whole sequence of serial data. It is the rate at which data exits the decimation filter
which determines the bandwidth of .the sigma-delta converter, not the primary
sampling rate of the quantiser. With reference to figure 2.2 it is easy to see that the
linearity of such a converter is determined by the accuracy of the integrator in being
able to add or subtract exactly one least significant bit (LSB) from the running
total. In more complex designs, where several integrators are used, this problem is

exacerbated.

It would seem to be desirable to use a multibit quantiser, to speed up the conversion
process [53]. This however, puts a constraint upon the loop DAC that its linearity
must be equal to the final resolution of the converter [54]. For this reason, single bit
DAC’s which can generally be made to have an extremely high degree of linearity

are used, although problems may still occur if the DAC is unbalanced [55].

'Hdwever, even thou.gh oversampling converters are thought to be virtualiy linear
does not mean that they are the perfect choice for all applications. Due to their
oversampling nature they are not able to provide converters with the very highest
rates of sampled data throughput and they are usually not of the highest resolution.
Oversampling converters, however, are compact, simple and hence a good design
for fabrication on silicon. Problems do exist pertaining to the stability of the more
complex, multistage oversampling converters where the feedback paths can become

difficult to analyse {56,57].
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Many good designs exist today for sigma-delta type converters which are able to
meet the specification required for appiications in digital telecommunications
equipment [58,59]. The current state of the art for oversampling converters can be
thought to be the multistage (3 or greater) sigma-delta devices which can give a

resolution of greater than 15 bits at bandwidths approaching 1 MHz [60-62].

Clearly the sampling rates of these devices can not be pushed much further with
silicon technology, and as yet Gallium Arsenide integrated circuitry is not at a stage
where it is able to implement the necessary decimation filtering for converters which

sample the signal in the Giga-hertz region [63,64].

2.1.3. Fla_lsh and Half-flash Converters

Flash ADC's are so called because conversion is performed very quickly i.e. in only
a single clock cycle, for a full flash converter. This is achieved by a high degree of
parallelism in the design of the converter. In most other designs of ADC, the input
signal is compared to a single reference signal internal to the device. In a full flash
converter the input is compared simultaneously with all of the possible quantised
analogue values of the signal. Hence for the 3 bit,~ 8 level full flash converter shown
in figure 2.3, 7 comparisons of the input signgl have to be made at the same time.
Clearly for ;m 8 bit ADC, 255 comparators will be needed (28—1), and 4095 for a
12 bit ADb, etc. This is obviously becoming a more difficult design and fabrication
problem as the resolution of the full flash converter is increased. Not only do more
comparators have to be fitte.d onto the die but a larger output decoder as well. Alsb
the timing p;‘qb]ems associated with presenting the input signal to‘ all of the
comparators simultaneousfy, and the increased capacitance of the longer signal

distribution lines, both go to make the converter design harder.

For these reasons a compromise converter type has been developed, where the
parallelism of the full flash device is used twice, in a circulatory manner. This type

of converter is termed a half flash converter and a block diagram of it is given in

11
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figure 2.4. The input signal is quantised into the appropriate number of bits by the
array of comparators. The analogue equivalent of the digital output of the first stage
is then subtrapted from the input signal and the remainder is multiplied (amplified)
by a factor defermined by the resolution of the comparator array. The first digital
output is stored temporarily as it represents the more significant bits of the final
output of the converter. The amplified analogue remainder of the first pass is then
quantised again by the compa.rators, to generate the less significant bits of the

ADC’s output.

The drawbacks of the half flash converter are that it now takes two or more clock
cycles to generafe an output signal, and that additional analogue and digital control
circuitry is needed. The advantages are that the number of comparatofs required for
a certain resolution of conversion is greatly reduced (i.e. for a 16 bit conversion,
with two passes of 8 bits each, only 255 comparators are needed instead of 65535)
or, conversely that a resolution of twice the original conversion can be obtained

from the same number of devices.

Linearity of Flash Converters

Whilst both types of flash converters are very fast, allowing high data bandwidths,
their linearity is generally not as good as slower converter types. This is caused by
the fact that a flash device, because of the large number of comparators needed in
its design, requires an equal number of precision reference sources, as is clear frorﬁ
figure 2.3. Intuitively, the easiest way to solve this problem would be to use an
impedance chain from the positive reference voltage to the corresponding negative
reference, with taps for each comparator. Immediately the problem with this
approach, in terms of converter linearity, is obvious. The resistor or other
impedance string can not be made accurately enough to provide the linearity
required, especially over such a long span as is needed for the large number of

comparators involved.

13
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This problem also applies to half flash architectures, with the added disadvantage
that any nonlinearity in the referencing of the comparators used for the first pass of
conversio‘n will distort the residual signal. This in turn implies that the effect of the
nonlinearity will be magnified by the amplification involved in scaling the remnant

signal for the second conversion pass.

This brings to light another source of nonlinearity in half flash ADC’s, which is the
accuracy of the séaling of the first pass residual. Any slight error here w{ll cause
distortion of the final output of the converter which could be of the order of several

LSB, effectively reducing the linear resolution of the device.

Half flash devices suffer an extra source of nonlinearity, namely the DAC used in
the feedback loop which calculates the residual signal. Any nonlinearity in this area
. will, of course, cause further distortion of the final output of the ADC, in much the

same way as it did for successive approximation devices.

Due to the extremely high speed at which the flash conversion takes place, dynamic
errors are very important. These may be caused by differences in the analogue
characteristics of the fast comparators, which may be spread over a wide area of
silicon, due to their sheer number. Anéther possible cause of dynamic nonlinearity
is timing errors or glitches, due to the difficulties of trying to distribute timing and
control signals as well as data, keeping them unaffected by parasitics and time

delays from physically long signal paths.

Realisable Flash Converters

Silicon flash converters of 6 to 8 bits resolution are becoming more and more
common, with most manufacturers offering products [65-68]. It is even possible to
find 10 bit devices [69,70] but it ié the speed of conversion upon which the major
emphasis is put as the linearity of these devices is often very poor, regardless of
their resolution. Here too, as with oversampling ADC’s if they are to operate much

faster than is currently possible, then a move to fabrication in Gallium Arsenide is

15



called for.

There are already several designs either in production or at the research stage [71-
75]. The resolution of these devices is of course comparatively low when compared
to their silicon cousins, with 6 bits being the maximum achieved to date. The
linearity of these converters, or converter building blocks, is very poor, as can be
expected for such an immature technology. The conversion speeds attainable
however, are extremely high with claims for 3 GHz now being made. Clearly haif
flash architectures will be utilised .to extend the resolution of these devices,
potentially on the same sut;strate, when the circuit complexities possible become

high enough [76].

2.1.4. Algorithmic Converters

Algorithmic or recirculating ADC'’s, like successive approximation devices, use a
highly iterative technique to achieve conversion. They could in fact, be considered
to having been derived from both the half flash and the successive approximation
converters. They are analogous to the half flash technique in that after each pass at
the input signal, a scaled residual is formed which is re-presented to the converter.
However, in this case the decisions on whether each bit of the output should be set
or not is decided upon one bit at a time, as in the éuccessive approximation

technique.

The main components of an algorithmic converter scheme are shown in figure 2.5.
The ana'logue input signal, captured by the sample and hold and compared to a
value representing the quantisation level of the most 'significant bit of the device’s
output. If the input is greater than the reference (half full scale) then the
appropriate bit in the output register is set and the reference is subtracted from the
original input signal. This residual signal is then multiplied by two before being

re-presented for comparison with the same reference voltage as before. The

reference is now equivalent to the quantisation level of the next most significant bit

16
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of the digital output, due to the multiplication of the residual by a factor of two.
This whole process is repeated as many times as is required to obtain the desired

resolution of conversion.

This system of analogue to digi‘tal conversion seems fairly complex in termsAof its
control, and indeed, this is why it has not seen wide use until the recent advent of
mixed bipolar and .CMOS technologies which has allowed the integration of high
quality analogue and digital logic functions on the same substrate [77,78]. The
advantage which the system enjoys is that it enables conversion with only a single
analogue reference voltage, rathgr than a whole set, whether they be produced by a
DAC or an impedance string. Also there is very little analogue circuitry involved in

the converter as the digital circuitry is used to great advantage.

Obviously the major source of nonlinearity in such a scheme is bound to be the
multiplication by exactly gwo. Any small distortion of this figure will introduce an
error, though initially small in magnitude, which will be multiplied by
approximately two, every time round the loop. This amounts to a magnification of
the original error by a factor of roughly 2" ~1 where n is the bit resolution of the

converter.

Manufacturers are now starting to produce devices using the algorithmic conversion
technique, and research is being conducted into their behaviour. The resolution and |
linearity of the devices are tied closely to.gether, as they are both decided by the
accuracy of the two times analogue multiplier. Already devices with greater than 12
’bits resolution, with linearity of +0.5 LSB have been produced [79,80] and slower
circuits which are able to have their resolution altered, to suit éach individual data

conversion are also appearing [81,82].

2.2. Common Techniques of Converter Linearisation

By far the most common technique currently in use for the linearisation of ADC's is

laser trimming, where the analogue components, generally constructed using thin
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film technology, are altered in size and shape by the use of a laser. Hence any
imperfections in the manufacturing process which have led to the introduction of
device nonlinearity, can be eradicated. The obvious way in which this technique
could be most easily implemented, i.e. obviating the need for test and
characterisation of the cohverter, would be to ensure that all the referencing
components were too large. They could then be trimmed to their original intended
sizes. So successful has the established technique of laser trimming proved to be

that devices are often advertised as being factory trimmed to a certain linearity.

Another technique which linearises the analogue reference components in a
converter by a once only process which alters the values of the components is
known as ROM trimming. It does not rely on the highly accurate use of iasers to
trim components, but similarly the linearisation process is carried out at the same
stage of the packaging process of the manufactured device. The reference
components are fabricatgd, not as .a single area of silicon, but as several
interconnected pieces. The electrical connections between the circuit segments are
made by a series of switches of the type used for progfamméble ROM'’s. The
reference ¢component values are tested and then the appropriate connections/switches
are blown so the distributed components are connected in the appropriate manner.
The linearity resolution which this technique can effect is determined by the
number and size of the alternative pieces of component which can be switched into
or out of the circuit. Usually a binary weighting is applied to the spare compohents,
to give a large number of easily calculated trimming values which can be used to

alter the reference components [2].

Both of the above techniques could be applied to any reference components and
hence to any type of converter. This can not generally be said to be true of the

other more modern, signal processing techniques, which are about to be described.
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2.3. Modern Linearisation Techniques

The advent of advanced DSP applications, which has prompted the requirement for
high resolution analogue to digital converters with good linearity, has al.so provided
some of the solutions. These techniéues, many of which had existed only as rough
ideas for many years, have been made pos;ible by the availability of silicon
fabrication technology which allows the mixing of high density digital logic with
accurate analogue componénts. Although the accuracy limits of the popu.lar
fabﬁca;ioh technologies is only sufficient for 10 bit devices, many circuit design
techniqges have been applied to enable higher resolutions than this to be achieved.
Some of these solutions involve totally new conversion methods, or innovative
circuit designs, all of which are of no general applicability to other converters. In
this review, therefore, circuit design solutions, or ﬁovel conyersion techniques will
not be considered. Instead those designs which use some form of linéarity correction

will be surveyed.

Up until a few years ago, there was little published work in the area of ADC’s with
adjustable linearity correction, whilst now there are many designs which can be
purchased at low prices, compared to the same specification of component linearised
by conventional means. This is in part caused by the high cost and low reliability of

laser trimmed devices.

2.3.1. Smart Successive Approximation

Most of the linearisation techniques, on which papers have been published, use the
popular successive approximation conversion method. The major< cause of
nonlinearity in successive approximation coﬁverters is the DAC which is used in the
feedback part of the system. Nonlinearity in the DAC is directly mirrored by the
ADC, and hence most of the linearisation schemes seek to ensure that the DAC
nonlinearity is either eliminated or compensated for. Also, successive approximation

converters are already digitally controlled and hence lend themselves well to further
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digital processing needs.

In the smart successive approximation scheme [3], a normal convérter is allowed to
operate far faster than it normally would. This means that the comparator and the
reference DAC are not allowed enough time to settle to the accuracy required for
the resolution of conversionlbc‘ing made. This inevitably leads to errors in the bit

decisions made by the converter, which are then corrected.

The first few (most significant) bits of thé cpnvérsion are allowed to séttle in the
time required for that number of bits accuracy, i.e. far more quickly than the
settling time required for accuracy. After the initial values of these first few bits
have been derived, then the correction }outine is started. The converter is allowed
to settle to the full resolution of the de-vice, at which point the value of the DAC
output is compared to that of the input voltage. If the DAC output is too high then
the short binary word (made up of the first few bits) is decremented by one. If the
output is lower than the input signal, the short conversion word is incremented.
This cqrrection cycle is repeated in a slightly modified form, at the end of which the

least significant bits are successively approximated in the normal manner.

The use of this technique enabled a speed up of the converter by a factor of two,

whilst the error correction ensured that its linearity was unimpaired.

2.3.2. Self Calibration

Another linearity correction technique which is employed in a successive
approximation scheme is self calibration [4-7] in which a capacitor weighted DAC is
used for the. reference. As ihe device is fabricated by CMOS technology the
accuracy of the binary fatioed capacitors is only sufficient for 8-10 bits linearity,
whereas the converter is of 15 bits resolution. The converter goes through a
calibration sequence where each of the capacitors is evaluated and a correction term
(if necessary) is found for it. This is achieved by first charging up theAcapacitor

being tested to the reference voltage. Due to the binary weighting scheme, the sum
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of the capacitance of all of the smaller capacitors, plus one LSB, must be equal to
that of the capacitor under test. These capacitors are hence also charged up to the
reference voltage, and any charge difference between the two sets must represent
the error in the value of the bit capacitor being calibrated. This charge error is

digitised and the digital correction value is stored in RAM.

When this process has been repeated for all of the weighted reference capacitors
then calibration is complete.' When the ADC is used to sample real data, every time
that a bit is selected by the-successive approximation algorithm, the charge error
associated with it is reéonstructed from the memory by a low resolution subsidiary
DAC ana is added onto a correction capacitor associated with the main DAC: At
the end of a conversion cycle the correction capacitor will have a charge on it which
will be the sum of all the corrections for the main DAC bits which have been

selected by the successive approximation algorithm.

This technique has been extended by others [8] to give even better performance,
hence ensuring that the converter is linear to at least 15 bits, without any need for

external trimming.

2.3.3. Smart Analogue

Another method of converter linearisation has been developed which corrects the
capacitor weighting errors in a charge redistribution ADC as described above [9]. In
this scheme however, the digital memory is used to set up a matrix of switches
which are used to adjust the capacitance of the ref_erence DAC capacitors. These
are made up of several smaller capacitors, which are switched in and out of the
circuit as determined by the requirement to match the total capacitance of the less

significant capacitors in the reference DAC, plus the LSB dummy capacitor.

This calibration scheme has enabled the production of 16 bit converters, with full
linearity, operating at audio frequencies and above. A full calibration cycle will last

over fifty thousand clock periods, but can also be performed in an interleaved mode
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with normal conversions. The ADC can therefore be continuously relinearising

itself, hence compensating for any drift processes.

2.3.4. Redundant Coding

One solution to the problem of manufacturing a suitably linear reference DAC for a
successive approximation ADC is to use code redundancy [10]. This means using a
reference DAC which has more bits of resolution than the ADC itself. Hence most
of the DAC codes will not be utilised. If a 17 bit DAC were used for a 14 bit
converter, then there would be 8 codes (on average) within one converter LSB of
eéch ideal quantisation level. Hence any nonlinearity in the reference DAC can be
calibrated out by selecting the appropriate 17 bit DAC code to represent the ideal

14 bit code.

There is no necessity for the 17 bit DAC to be linear and in fact it does not have to
use a normal reference structure at all. Hence instead of a R-ZR ladder, a R-1.85R
ladder is used, which results in the redundant DAC codes covering the analogue

output range without missing codes.

The calibration process is quite simple in that an accurately generated reference
voltage, corresponding to the ideal level of a linear 14 bit DAC, with only one bit
set, is sampled by the ADC. The device successively approximates until a 17 bit
value is found. This is then stored in an on-chip EPROM, so that during normal
conversion, when a bit is being tested by the successive approximation algorithm,
the nonlinear 17 bit équivalent can bé read from the memory and fed to the 17 bit
DAC. The device also uses the error correcting smart successive approximation
technique described earlier. The 17 bit result is finally rounded to the accurate 14

bits and is output.

2.3.5. Combined Self Calibration and Redundancy

.

Recently a synthesis of the techniques of self calibration for charge redistribution

23



type successive approximation converters and redundant DAC coding, has been
developed [11]. The device uses an 18 bit internal DAC with a radix of 1.85, to
provide an eventual resolution and linearity of 16 bits. A problem with non binary
radix redundancy coding is that it is difficult to fabricate the reference ladder with

much accuracy.

For binary coded chargé redistribution conv.erters the sum of the charge on all the
smaller capacitors was equal to that on the bit under calibration, plus any error.
This is not the case with a radix 1.85 ladder, but there is however a constant ratio
between the two sets of charges. Clearly if this ratio can be found then the
linearisation problem can be solved. Unfortunately due to the ladder inaccuracies
the ratio is neither constant, nor is its value known for any particular bit. The
values of the charge ratio can be measured under calibration with accurately known
test inputs, but the values obtained will not be very precise. Using an iterative
technique the ratio values can be more accurately evaluated and the converter can

hence be reliably linearised.

The iteration technique has been shown in theory and in practice to be stable and
converge raﬁidly. An important feature of this linearisation method is that it is
insensitive to component matching tolerances up to a few percent, and therefore
there is no tradeoff between matching and effort as there is for other self calibrating

converters.

2.3.6. Algorithmic Converter Self Calibration

A method for the linearisation of algorithmic ADC’s has been developed [12-15], in
which the nonlinearity introduced by the converter comparator and inaccuracies in
the gain of the loop amplifier are reduced so that a 13 bit converter can be realised
without the need to trim components. In a similar way to that employed in other
schemes, the capacitors which determine the exact value of the gain of the multiply

by two amplifier, are actually comprised of many smaller capacitors which can be
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switched in or out of the circuit by the self calibration algorithm.

The calibration method is fairly straightforward, and is based on the fact that if the
reference voltage is presented to the converter then the output should be full scale
i.e. the all ones code. The trim capacitors are adjusted until a change in the trim by
the smallest capacitor element causes the all ones code to drop by one LSB. Due to
the large number of capacitor circuit elements (64 K) the calibration process takes
over eight thousand clock cycles to perform, and even then it is not guaranteed to
have linearised the converter. Another reason for this long calibration time is that
to eliminate the effects of noise on the input signal, each successive bit decision is

made by a majority voting scheme from a poll of seven.

2.3.7. Self Compensation

Self compensation is the name given to a technique developed for the linearisation
of DAC’s [1], and although it has not been applied directly to ADC’s, it is obvious
that the methods could readily be employed in a successive approximation converter
scheme. The DAC is a 14 bit device, fabricated such that the untrimmed accuracy
of the converter is more than 9 bits. Hence'only the five most significant bits need
to be adjusted for the whole converter transfer function to be linear. Calibration is
by reference to an internally generated ramp signal which is linear to around 17
bits. This is produced by a Miller integrator using an external capacitor with very

low dielectric absorption and a high gain (100 dB) amplifier.

A counter is used to determine the linearity error at each’ of the five most
significant bit switching points (32 in total), as the ideal value of the counter can
readily be compared to its actual value. This counter error can then be stored in
RAM and compensated for by a subsidiary DAC which adds to the output of the

main DAC.
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2.3.8. Correction Using Walsh Analysis

Analysis of ADC transfer characteristics by Walsh functions [16-19] has proved to
be a useful technique due to their binary nature and ability to represent .complex
nonlinearities with only a relatively small number of terms. A correction 'téchnique
which has been suggested as a cheaper solution than purchasing a better

resolution/linearity converter has been developed [20].

The converter first has to be characterised before the Walsh analysis can be
performed. This results in esti.mates of the bit weighting errors in the converter, and
some other deviations of the Walsh functions which are not related to single bit
switching effects. The number of interacting bits is generally no greater than two,

which means that the correction process is considerably simplified.

The linearisation technique is to add a lot of extra analogue circuitry to the
reference DAC in the successive approximation converter. Every time that a bit
with a calculated bit error is switched on an _additioﬁal voltage, dropped across an
accurately known resistor is added to the DAC output. For the cases in which more
than one bit is interfering to cause the nonlinearity-, then a more complex decoding

scheme is required.

The performance of this system appears to be good although the extra analogue and
digital circuitry is different from device to device, as are the accurate compensation

resistors.

2.3.9. Correction by Code Shift

A technique for ADC linearisation known as Linearity Error Correction by Code
Shift (LECS) [21,22] uses a deliberately nonlinear reference ladder in the DAC in
its successive approximation converter. A norﬁinally 16 bit converter, aimed at the
digital audio market, uses two R-2R ladder structures in combination, each of
which can be more or less guaranteed to be linear to eight bits, when used in

isolation. A specific form of nonlinearity is introduced into the 16 bit reference
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structure by the addition of an extra resistor between the two smaller ladders. This
causes the DAC transfer function to contain what are referred to as negative jumps
i.e. at the switching points of the eight more significant bits there are several digital
codes which represent the ‘same analogue value, but there can never be a situation

where an analogue value cannot be represented by the appropriate digital one.

Accurate calibration values. related to the switching points of the more significant
bits are converted so that a digital mapping of the DAC can be performed and the
results stored in the on-chip memory. An adder is also used to reduce the storage
capacity needed by the system. The results obtainable are quite good although there
is some loss of dynamic range due to loss of a large number of the d.igital codes

which can be output by the system. These have to be recoded so that no codes are

missing. Some of the results given are presented in a very favourable light i.e. LSB’s

measured relative to a 15.5 bit converter, and the claimed improvement in

%ﬁ&nceincludes the nonlinearity deliberately introduced by the system.
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Chapter 3

ADC TRANSFER FUNCTION MAPPING

Whilst the methods outlined in the previous chapter enable corfection at source of
the causes of transfer function nonlinearity, the techniques presented here try to
eliminate its effects. Using digital post conversion processing of the original,
unaltered ADC output code, it is possible to have a linearisation system which can

work independently of the type of converter to which it is applied.

This excludes sigma-delta type converters, which have quite. different transfer
function qualities altogether to the majority of converter designs. For analogue to
digital conversion techniques where the device’s output is unrelated to its previous
state, post conversion processing of the digital signal allows a very neat way of
linearising already existing ADC devices, as well as incorporation of the technique

into the development of new designs.

3.1. Mapping Functions

At the heart of the linearisation system presented here is the concept of transfer
function mapping. This involves changing the digital code which .has been output by
the nonlinear ADC to a different code which represents a r.nore linearly quantised
equivalent of the original analogue input signal. By examination of figure 3.1, this

concept can be more readily understood.

The figure shows two 7 bit transfer functions, one of an ideal converter which is a
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uniform staircase, and the second of a nonlinear converter which is represented by a
more irregular staircase function. At the point on the two characteristics where the
analogue input has an ideally quantised value of 32, the nonlinear converter will
output the code value for round about 37. This, of course, represents an integral
nonlinearity of 5 LSB. The mapping therefore,' for code 37 would be 32. Similarly
for an analogue input equivalent to an ideal ADC output code of 96, the dfstorted
ADC would produce the value 91, hence causing the transfer function mapping for
code 91 to be 96. The rest of the digital mapping function for the complete ADC
characteristic could be determined in a similar fashion, with the net result looking
somewhat like the plot showﬁ in figure 3.2. The mapped transfer function is now
ve?y much closer to the ideal staircase (not shown) than the‘ original nonlinear

characteristic was.

Differential nonlinearity is not removed by this method as the devicé’s quantisation
level.s remain at their original levels, and in fact, as can be seen from the figure,
DNL is sometimes increased by the mapping process. This is due, in part, to the
introduction of missing code errors into the output of the linearisation system,

caused by the mapping of consecutive ADC codes to nonconsecutive values.

The next step in the linearisation procedure is the implementation of the digital
mapping. The simplest way to do this is to use a look-up table of the contents of the
mapping function, stored in memory. This has to be positioned after the ADC in
the system architecture, so that the converter’s output code can address the mapping
directly, with its contents being read out by the rest of the digital signal processing
system. This type of layout is shown in figure 3.3, where the block wﬁich controls
the overall operation of the system, and its associated dafa paths will be explained

later.

So far the mapping procedure has been examined only as a technique for improving
the integral nonlinearity of any given ADC. No mention has been made of the fact

that only nonlinearities which are well characterised can be mapped. That is, if a
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particular device’s distorted transfer function is unknown, then it is impossible to

determine a mapping function for it.

Obviously then, the linearisation technique must incorporate some method of
finding out just what the ADC’s distorted transfer function is. One way to do this in

practice, is to use code density or-histogram testing [23-26].

3.2. Code Density Tests

A code density test is a way of dynamically characterising an ADC’s transfer
function. It i§ performed by measuring the frequency of occurrence of each and
every output code of the ADC when it is sampling an analogue input signal. The
converter nonlinearity will cause slightly different cbdes to be output by the ADC,
depending on the form which the transfer function error takes. Histograms can be
formed of the measured freqhencies and figures 3.4 and 3.5 show two such
measured histograms, corresponding to an idealy and nonlinearly sampled random
uniformly distributed signal respectively. The change in the shape of the normalised
histogram is entirely due to the converter transfer function nonlinearity. These
distorted histograms can be used to determine the integrai and differential
nonlinearities of the converter. This information can only be uncovered if it is
known what the contents of the histogram would be if the analogue signal had been
sampled by an ideal ADC. In the absence of such a device, it is necessary to know
the probability distribution function (pdf) of the anélogue signal so that an idealised

histogram can be calculated.

The simplest case is for a uniformly distributed analogue signal, such as a linez'ir
ramp, Or a ‘perfectly filtered pseudo random sequence, where the histogram
frequency of an idealy sampled signal is equal for all codes. When such a signal is
used, the differential nonlinearity of code i, DNL (i), is given by equation 3.1,
where n is the resolution of the converter under test and differential nonlinearity is

defined as the error in the size of a quantisation interval, measured relative to the

33



{5 NRWALISED DENSITY  LINEAR

1.285 _

: , ADC LEVEL
0.5 A ; - , 1)(10&3!
0 {.02 2.05 - 3.07 4.1

Figure 3.4: The sampled pdf of a random uniformly distributed signal.

{5 NORMALISED DENSITY DISTORTED

ADC LEVEL
0.5 | . —— ot - %1093
1.02 2.05 3.07 4.1

Figure 3.5: The pdf of a uniform signal sampled by a nonlinear ADC.
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ideal interval of 1 LSB. H (i) is the contents of the histogram bin i and § is the

total number of signal samples.

DNL (i)= "2 _ 4 3.1
- S/2n .

Integral nonlinearity, the error in the actual quantisation level of code i compared
to its ideal level, measured in multiples of an LSB, can be determined by equation

3.2, assuming that the ADC codes range from 0 to 2".
INL (i)= ZSLiﬂ ()G +1) 3.2
0

3.2.1. Sinusoidal Test Signals

Uniform pdf test signals are all very well in theory, giving very sirhp_le formulaé for
INL and DNL, but the generation of such a signal, to the necessary degree of
linearity, is a fundamental d;awback. Even a 1% linearity error on a ramp signal
would cause the affected histogram bins to contain 1% too many, or too few, code
samples, which would quickly accumulate in the INL -calculations, especially

considering that high resolution converters have several thousand different codes.

The solution to this problem is to use a siﬁusoidal analogue test signal. It is well
defined mathematically, and it can readily be generated by commercial signal
generators with very low harmonic distortion levels. Unfortunately, the pdf of a
sine function is not as simple as that for a uniform pdf signal, with the probability
of occurrence of a voltage level V, p (V) being defined by equation 3.3, where A is ~

the amplitude of the sinewave.

1
ATV

When the amplitude of the signal is such that the sinusoid exactly fits the input

p(V)= 3.3

range of a linear ADC then, the probability that a sample will be quantised in

histogram bin i is given by the equation 3.4.

p0m Lo {2251 o %—_3]} y
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It is possible to formulate general expressions for INL and DNL, for any signal pdf,

in terms of H (i) and p (i), and these are presented in equations 3.6 and 3.7.

= H() '
DNL(i)= X ~ 1 | 3.6
INL (i)=2" [%f_’éil_%p(i)] | 37

Now that we have the ability to determine the integral nonlinearity of an ADC at

any point on its transfer function, we have effectively characterised the device.

3.2.2. Quantisation Levels and Pdf Sums

Other items of information can be extracted from pdf histograms such as missing
codes (a 0 in the appropriate pdf bin) and systematic bit errors (periodicity in the
plotted histogram). But the most interesting quality of pdf histograms, as far as the
construction of a transfer function mapping is concerned, is }hat the cumulative sum
of all the histogram bin contents up to and including a particular code, is closely
related to the quantisation level of that code. This means that to map that code,
what we have to do is to 'find the code for which the equivalent sum of ideally

sampled signals is equal.

If this process were to be repeated for all the codes of an ADC then a complete
mapping function would be revealed. This task is trivial for uniformly distributed
analogue test. signals, and not terribly difficult for sinusoidal signals. Problerﬁs arise
because: it is generally not possible to obtain an exact match between the two pdf
sums, which causes the mapping§ to be inexact. This process of matching up the
quan;isation thresholds of distorted and linear ADC’s, by tracking their respective
code density histograms, is the basis for the mapping algorithm referred to as the

threshold tracking mapping algorithm, or TTM for short.

3.3. The Threshold Tracking Algorithm
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Assuming that the test signal pdf is known prior to the mapping process being
performed, then the idealy sampled signal pdf histogram can be constructed, before
the actual ADC is tested. This means that the TTM algorithm does not need to
concern itself with the physical quantisation levels of either the real device being
linearised or the ideal converter, which is assumed to have produced the ideal
histogram. ’I'hé only information required is the contents of the two sampled pdf

code density histograms.

The problem of the two pdf sums not matching exactly can be overcome by allowing
some leniency in this requirement by the use of a threshold margin, into which the
difference between the two-pdf sums must fall. This then gives the formulation of
the mapping algorithm that is given in equation 3.8, where L (¢) is the contents of
bin g of the linearly sampled pdf histogram, T is the mapping threshold value and
®(i) is the mapping of code i. Both p and g can be thought of as integer variables
which in a software implementation of the algorithm would be the in&ices of the

two pdf histogram arrays.
i - ®(i) when,

q=>0(

SL(q) ~TL@[) = THE) =3 L(g) + TL®() 38
q=0 p=0 q=0

From 3.8 it is clear that the effect of the threshold value T is to limit the amount of
integral nonlinearity that is to .be allowed between the ideal staircase function and
the mapped nonlinear function. Clearly the value of T is directly related to the

maximum amount of INL, and can be measured in multiples of the LSB.

3.3.1. Nonmonotonicity

For the actual realisation of the threshold tracking algorithm in the simulation
software, steps are taken to ensure that no transfer function nonmonotonicity can
occur i.e. that code i +1 can never map to a value lower than that mapped to by

code i. This holds for all of the codes in the ADC transfer function.
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Nonmonotonicity is a serious problem for any ADC, as it implies that the
quantisation levels of say, code i +1 is lower than that of code i. As the TTM
algorithm is coded up so that it will not allow this type of error to occur in the
mapped function it produces, it can be used as a method of elinj_inating
nonmonotonicity. This sort of transfer function distortion is an impossibility in
several types of ADC, especially those that use some form of weighted resistor or

capacitor chain as a DAC reference structure.

However, the restriction which the elimination of nonmonotonicity places on the
operation of the algorithm means that it can allow large amounts of integral
nonlinearity, represented by the difference between pdf sums, to exist in the

mapped transfer function. This is probably preferable to any nonmonotonicity.

The implementation of the algorithm also contains some other elements which
ensure its correct operation, particularly at the two extreme ends of the transfer
function range. These extra elements can be seen in figure 3.6, which shows a block
diagr_am of the computational realisation of the threshold tracking mapping
algoﬁthm. The ‘C’ code equivalent to this flow diagram could easily be written in
less than 30 lines, containing only 2 major loops and 3 conditional statements. The
routine would have virtually no multiplication and could therefore be programmed
easily on even the simplest‘ of DSP systems, with very low computational complexity.

A listing of the necessary 'C’ code can be found in Appendix A.

3.4. Operation of the System

The linearisation system as a whole has to be considered as having two modes of -
operation, the training mode and the working mode. The working mode is tﬁe final
system configuration, such that the mapping memory look-up table and the ADC
are the only hardware needed. The analogue input signal is sampled by the ADC
and the digital signal now accesses the look-up table to output the mapped code to

the rest of the DSP system.
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The training mode, however, requires all of the previously unexplained components
and data paths shown on figure 3.3. The most complicated process involved in the
&aining mode of the system is the generation of a suitable analogue test signal, by
the processor/controller block of the system architecture. This signal must have an
accurately known pdf or else the assumptions which are made by the TTM
~ algorithm during the mapping process will be in error. Generation of the simplest
pdf (uniform) to a good degree of accuracy is not very easy, so the test signal is

more likely to be a spectrally pure sinusoid.

Next, the code density histogram of the nonlinearly sarﬁpled signal is built up, by
sampling the test signal and collating thé data in an array of memory in the
processor. The total number of samples required is influenced by a number of
factors, the principal one being the resolution of the converter. After the TTM
algorithm has produced the mapping function, it is written into the look-up table

memory, ready to be accessed by the converter in its working mode.

These two modes of operation are implemented by linearisation system simulations,
which were able to model converters, nonlinearities, training signals and look-up

tables in software.

3.4.1. Simulations

To enable extensive testing of prototype algorithms, ADC simulations were designed
to allow a wide range of device distortions to be experimented with, and a number

of different performance measures to be taken.

The basic simulation program configuration followed the routine of generating a
large number of analogue signal samples, which were scaled to the inbut range of
the simulated ADC. These would then be distbrted by predetermined functions, to
be discussed presently, which were used to simulate converter transfer function
nonlinearity. The original and distorted analogue signals were then sampled by an

idealised quantiser which enabled two separate pdf histograms to be built up, and



these were then used by the TTM algorithm to generate a mapping.

The process of events from this point onwards would depend entirely upon the type
of measurement that was being made, of which there were several. A graphical
representation of the mapping function and the original nonlinearity staircases could
be produced, but this was only feasible for low resolution converters (up to 9 bits)
due to the sheer number of points to be plotted and their size on the output devices.
‘The integral noniinearity of the transfer function at every code could be displayed
graphically. Periodic signals could be sam‘pled by the nonlinear and mapped
converters, so that when the digital codes had been Arecoijlstructed (using a perfect
DAC), they could be discrete Fourier transformed, so that an analysis of harmonic
distortion could be performed. The last type of measurement that was taken was the

mean deviation error of the converter.

3.4.2. Mean Deviation

This was devised to get a better feel for any improvement in linearity gained by the
mapping process, as the traditional measures, INL and DNL, are 6nly maximum
measures tgken over the whole transfer function of the device, and INL plots, like
transfer function staircases before them, could not be calculated or plotted for
anything above 12 bit resolution. Mean deviation is the average, taken over the
number of output codes of the converter, of the area between the transfer function
" in quéstion and the ideal. It is measured in dB, relative to a deviation of 1 LSB at
every code. In using mean deviation error, it is not so important what the absolute
value for a mapped device is, but rather how much this has been improved by the
application of the linearisation process. What tends to happen with mapped
converters is that the degree of mean deviation improvement is dependent upon the
amount of nonlinearity present in the original transfer function. So that the final
mean deviation value, all other variables being constant, for converters of a

particular resolution is approximately the same, no matter what distortion function
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was used, assuming that good performance has been achieved.

3.4.3. Transfer Function Distortions

In trying to mathematically model transfer function nonlinearity accurately, many
problems are encountered. The biggest of these is a lack of knowledge as to the
general shape and extent of excursions from the ideal, as well as what the expected
levels of INL/DNL might be for real converters. The only guide to this is to be
obtained from manufacturers’ databooks, which only relate the information
pertinent to the specification ranges of their devices, and not the characteristics of
those lower grade, less linear converters. This ‘problem’ is now so acute that it is
very difficult to get hold of a 12 - 16 bit ADC with linearity muchiworse than = §

LSB, at least for low conversion rates.

The only other solution, short of modelling several types of converter complete with
errors in all of the appropriate analogue components and hence, losing the
generality of the mapping technique, was to pick some arbitrary distortion functions
which would generate reasonable results. To this end, after examining closely all
representations of converter nonlinearities - in puBlished papers [83,84] and
manufacturers data sheets, distortions based upon cubic functions were chosen. -
Several basic tﬁird order shapes were developed, which were intended to have
maximum intégral nonlinearities of 16 LSB. Later these were supplemented by the

superposition of a few periodic functions on top of the cubics.

When simulations were run to measure the harmonic distortion of mapped and
nonlinear cbnvertgrs, the spectra that were obtained were very similar to those
which are generally reproduced in manufacturers’ databooks, where dynamic testing
of their devices has been performed [9]. This seemed to indicate that the choice of
simple third order distortions was good enough to make the simulation results

credible.
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Even so, the threshold tracking algorithm was severely tested by a further set of
extremely large and unrealistic nonlinearities, for which it performed admirably,
demonstrating the power of the technique, and the relative irrelevance of the choice

of transfer function distortion.

3.5. Simulation Results

The results of the simulations are divided up into several sections, depending upon
the type of measurements they are showing, rather than for the resolutions of
converters, or form of transfer function nonlinearity, used in thc_simulation. A
listing of the software necessary to generate all of these results is given-in Appendix

A.

3.5.1. Mean Deviation

As discussed previously, the actual value mean deviation error is unimportant,
rather it is useful as a measure for determining how a certain set of circumstances
has affected it. An ekample would be to discover whether the use of twice as many
training sighals is worth the extra sampling.time needed to acqﬁire them. The
experimental results therefore, which were measured‘ by the amount of mean
deviation they allowed from an ideal transfer function, are presented in separate

sections, depending upon what the variable quantity was.

Optimal Threshold Value

It was important to know what the best choice for the threshold value was,
considering its effects upon the INL mapping boundaries. To keep integral
nonlinearity to a minimum, it could be thought that a choice of 0.5 LSB as the
mapping threshold would be appropriate, but this may not be correct, especially in
cases where large positive differential nonlinearity was present. This would make the
INL of the mapped code even larger than in the original, unprocessed transfer

function. In this sort of situation the best mapping threshold would be exactly half
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of the of the DNL plus 0.5 LSB for the size of the ideal quantisation interval. This
would make the INL equal, before and after the mapping. The opposite effects
would cause the optimum threshold value to fall in cases of excessive negative
differential nonlinéérity.

It seems that these two sets of effects tend to cancel each other out, over the full
length of the ADC transfer function, as can be seen from figure 3.7. Here the
turning points of the plots of mean deviation against the threshold value, are
centered around the 0.5 LSB value, for the wide range of converter nonlinearities
simulated. The threshold value in the TTM algorithm was then set to 0.5, for all

further experiments.

Training Sample Size

It is possible to determine statistical confidence limits, which can be used to
calculate the number of training signal samples which must be taken to ensure that
the data provided by a code density test is reliable [23]. These numbers tend to be
very large indeed, e.g. 4.2 million samples will give a 99% confidence limit on the
accuracy of quantisation intervéls to 0.1 LSB, for a 12 bit converter. Clearly the
required sample size for this level of accuracy will tend to increase rather rapidly
with resolution, such that for very ﬁigh resolutions the necessary sample size would
be prohibitively large.

This problem is not so serious for the threshold tracking algorithm, as any
inaccuracy in the contents of the pdf histogréms will be swamped by the.
thresholding process, and any errors qo,nsis;ent ovér a large segment of the transfer
function, will be averaged out by the summing process inherent in the algorithm. It
is therefore necessary to work out the minimum required sample sizes for different
resolutions of converters by experiment, using measurement of the the remnant

mean deviation after mapping, with a range of sample sizes.
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Figure 3.8 shows the result of such a simulation with'a range of sample sizes (2¢ to
229) and a selection of different 12 bit converter nonlinearities. The figure shows
that very low average code densities of less than 1 sample/code, 22 samples, give
poor mean deviation, whereas the highest densities, around 256 samples/code or 2%
samples, give the best peréormance. When the raw mean deviation values are
studied it can be seen that the difference between 256 samples/code and 16
samples/code is only a few hundredths of a dB mean deviation error, and there ‘are

still only fractions of a dB. lost when the density is 4 samples/code.

For the 16 bit converter simulations shown in figure 3.9, the same sort of comments
can be made, except that near optimum mean deviation is now achieved above 218
signal samples. This equates to a sample density of 4 samples/code, and as for the
12 bit case we can deduce that the minimum number of samples required to get a
reasonablé mapping is that amount which will result in a average code density of
between 4 and 16 samples/code. This result holds true for all simulated converter
resolutions, implying that proportionately more training signal samples are needed

to linearise higher resolution ADC’s.

Noise Effects

For a hardware implementation of a linearisation system, working with ADC’s in a
" mainly digital environment, noise can cause pfoblems, particularly for analogue
signals. To determine what effect, an additive noise sigﬂal on the sampled training
signal, would have on the linearisation process, considering that the linear pdf
histogram is ‘calc_ulated, and not measured inclusive of any noise, uniformly

distributed random signals were added to simulated test signals.

Several observations were made from the simulation results, the most basic of these
being that.as the maximum level of the noise signal was increased, measured in
LSB, the mean deviation performance of the linearised ADC went down. This is

what would generally be expected but when the number of signal samples in the pdf
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histogram was increased, the degradation of the converter’s mean deviation did not
occur until higher noise levels. Figure 3.10 shows this situation for a 12 bit

converter with noise levels of between 1 and 4096 i.e. 2° and 2!?, LSB’s.

When only 8 thousand training sfgnal samples are taken to form the code density
histograms, the addition of even small levels of. noise is enough to increase ;he
transfer function’s mean deviation. When 262 thousand samples are taken
however, the noise level has to reach around 16 LSB before any loss of performance
is suffered, and for very high densities of 8 million samples, 64 LSB of noise is
needed to have any effect at all. For the linearity of the ADC to be made worse
that it was before mapping (the 0 dB deviation point), noise levels of around the
256 LSB mark have to be present, which represents 1/16th of the full scale of the 12

bit converter.

The corollary of this is that to enable the linearisation training signal to have higher
noise immunity, more samples of it have to' be taken. This is true for most
reasonable levels_ of noise, but for very high levels, it is not, as is clear from figure
3.10. The increase in noise immunity gained by raising the sample size by a factor
of 2% is much less on the sec.ond occasion (from 262 thousand to 8 million samples).
This implies that some sort of hard limit for noise immunity is reached beyond

which-further increases in the sample size will have no effect.

This is probably caused by the very large noise signals, representing significant
proportions of the converter’s transfer function, causing a large percentage of all the
signal samples to be qﬁantised at the two extremities of the ADC’s input range. This
represents a gross distortion of the sampled pdf, with which the threshold tracking

algorithm is not able to cope.

3.5.2. Transfer Functions

‘For low resolution converters, plots of the mapped ADC transfer function staircases

are convenient and useful to enable the visualisation of what the mapping procedure
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means in terms of the converter and its physical quantisation levels. Figures 3.11
and 3.12 show a further two nonlinearities and their mappings, still for 7 bit

ADC’s, where again, the ideal staircase has been omitted for clarity.

For higher resolution converters however, it becomes impractical to use this form of
result presentation as the scale of the nonlinearities becomes so small that it is
impossible to distinguish even the nonlinearity from the ideal. This is obvious when
it is considered that a four bit transfer function nonlinearity, equivalent to 16 LSB’s
INL, represents only approximately 1/4000th of the signal range of a 16 bit
converter. To overcome this problem an expansion of scale is needed, and this is
- provided by the use of integral nonlinearity plots, where only the differences

between actual and ideal transfer functions need to be accommodated on the axes.

3.5.3. Integral Nonlinearity

Although INL plots can éasily be generated for lower resolution ADC’s, it is for
medium resolution devices that they are very useful in determining how well a
nonlinearity has been equalised by the mapping process. Therefore, 12 bit
converters havg been simulated to generate integral nonlinearity plots, with the wide
" range of transfer function distortions available. Higher resolutions were not possible

as the amount of data to be plotted became too great for the software used.

Figure 3.13 shows a simple nonlinearity, before and after mapping, where the
xﬂaximurn INL 'of the distorted transfer function is approximately 8 LSB. The
mapped transfer function, however, only displays a maximum of around 0.5 LSB.
Whenever the INL c;f the mapping strays such that it reaches the threshold value of
0.5 LSB, a mapping is performed so that the converter’s iinearity can be maintained
to within the limits set by the threshold. The figure shows that as the gradient of the
INL increases, so does the frequency of these mapping discontinuities. The steeper
gradient relates to a high differential nonlinearity in the quantisation intervals of the

ADC codes at these points on the transfer function.
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Figure 3.13: The original and mapped integral nonlinearity of a 12 bit ADC.
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Figure 3.14 shows the INL of the mapping of another of the simpler, third order
nonlinearities, which has a slightly larger peak value of over 10 LSB. The overall
mean deviation of the unmapped distortion is approximately the same however. Due
to the higher levels of differential nonlinearity in this distorted transfer function,
compared to the previous figure, 25% more mapping discontinuities occur. These
are concentrated in the lower third of the transfer function where the DNL problem

is most severe. However, the mapped INL is still kept to within 0.5 LSB.

When distortioﬁs with much higher levels of DNL are simulated, the frequency of
mapping discontinuities becomes even greater, as can be seen from figure 3.15.
This figure shows the mapping of one of the more extreme converter nonlinearities,
which involves superposition of periodic distortions of high DNL on top of the third
order characteristic. This particular nonlinearity crosses the ideal, 0 LSB line,
several times during its traverse of the converter’s range. All of these potential
problems however, are easily dealt with by the mapping process and the threshold

tracking algorithm, resulting in the well bounded INL shown in figure 3.15.

3.5.4. Spectral Distortions

The results referred to in this section are representations of Fourier transforms
performed on the data produced by sampling the reconstructed analogue signals
generated by the digitising of two tone sinusoidal signals. The toﬁal signals have a
maximum amplitude equal to 75% of the full scale range 6f the converter, with
frequencies chosen so that an integer number of full cycles will fall within the time
window of the implemented FFT. The signal reconstruction was -achieved by the

simulation of an idealised DAC.

Figure 3.16 shows results from a 12 bit converter which has one of the complex
simulated nonlinearities described earlier, producing the intermodulation peaks and
distorted harmonics present in the spectrum. The quantisation noise floor of the

device is also very high and spikéy, primarily due to the periodic nature of the
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Figure 3.16: An FFT of a two tone sinusoid of 75% magnitude sampled by a non-
linear 12 bit ADC. _
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Figure 3.17: The same signal sampled by the same converter after mapping.
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transfer function nonlinearity. The mapped converter of figure 3.17, on the other
hand, shows none of the above characteristics, with the peak distortions having

been reduced by around 20 dB in magnitude.

Unlike INL tests, harmonic distortion can be examined for any resolution of
converter, and so gives a second measure (other than mean deviation) of the
performance of the mapping procedure for high resolution converters, such as the
16 bit device shown in figure 3.18. Here the intermodulation products and distorted
signal harmonics are much more prominent than for figure 3.16, i.e. the difference
_between the harmonic distortion peaks and the rest of the raised quantisation noise
is higher. This is because the simulated nonlinearity is a simple third order fuﬁctior_x,
rather than the more complex nonlinearity used in the previous example. When this
converter is mapped, in figure 3.19, again the sburioué peaks have completely
disappeared into the noise floor, from a previous level of greater than -95 dB. As
before, the mapping process has led to a reduction in the size of the distorted

harmonics of over 20 dB.

This sort of linearisation continues over the whole range and resolution of
converters and their nonlinearities, as can be seen from figures 3.20 and 3.21,
which are the unmapped and mapped Fourier transforms respectively, of a 16 bit
converter with one of the more complex distortions. Not only are the dominant
peaks of the spectrum removed, but the quantisation noise floor is tidied up as well,

especially with regard to the area around the 0.13 relative ffequency point.

3.6. Sinusoidal Training Signals

All of the simulation results presented so far have assumed that a good quality
uniformly distributed signal could be generated for the purpose of obtaining pdf
histograms for the linearisation mapping. In practice, however, this is not so easy,
and it is far more likely that a sinusoidal signal would have to be adopted, as these

can be readily generated with' a high spectral purity. This makes it necessary to find

58



o _POIER (dB

50 |
-100 _|
WA/WM‘W}W FREAUENCY
-450
0 0125 025 " 0375

Figure 3.18: The FFT of a simpler 16 bit unmapped nonlinearity.
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59



0 PR dB)

50 _
-100 _
w ATl \WUPLWMIEY AV Fazauency
50 T T T 7
0 0.125 0.25 0.375 0.5

Figure 3.20: A more complex unmapped 16 bit nonlinearity.

) PR (dE)
50
‘100 - i _ )
tat WWMWWMW{WM FREGUENCY
T |
| | 1 1
! 0.45 0.2 09 05

Figure 3.21: The corresponding mapped spectrum.
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out what adjustments have to be made to the linearisation process to accommodate

this change of training signal.

The simulation software was rewritten so that sixiusoidal’ pdf’s could be used in the
linearisation process. It then became necessary to discover what effect, if any, this
would have on the linearisation performance of the system. As can be seen from
figures 3.22 and 3.23, which show mean deviation versSS the training signal sample

density, using both forms of training signal, for 12 and 16 bit converters

respectively, there is no loss of performance, at the higher training signal densities.

" The major effect seems to be that a few more training signal samples are needed to
achieve an equal level of mean deviation performance as that previously obtained..
This is due, of course, to the lower number of samples of the sinusoidal training
signal at some points in the code density histogram, i.e: the middle codes. Similarly
the codes at the two ends of the pdf histogram have increased values over the

uniformly distributed signal.

Indeed, simulations have shown that an increase in the number of signal samples,
by a certain amount, eliminates the observed.loss of lin'earisation performance. 'i'he
numerical value of this correction factor is determined from the ratio of the average
number of samples of a uniformly distributed signal, at the centre of the code
density histogram, and that of the corresponding sinusoidal distribution, and is
found to be approximately 1.6, from measurements. Hence, the minimum number
of code samples, on average, which are added to the sums in the threshold tracking

algorithm is constant, for both pdf’s.

3.7. Summary

This chapter has introduced and examined the idea and effectiveness of using a
digital mapping to eliminate ADC transfer function nonlinearity. The mapping,
which is stored in a look-up table, situated after the ADC in the overall system

architecture, is generated from the characterisation of the converter nonlinearity
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Figure 3.22: Comparison between uniform and sinusoidal pdf training signals, for
a 12 bit nonlinearity.

_q0 _JEAN DEVIATION (d8)

-1
42 SINUSOIDAL
-3 |
UNIFORM L0G2 (SAMPLES)
-14
| | |
{2 16 20 24

Figure 3.23: Comparison between uniform and sinusoidal pdf training signals, for
a 16 bit nonlinearity.

62



provided by a form of code density testing. The threshold tracking algorithm utilises
the information contained in the idealised and sampled training signal pdf

histograms.

Thorough testing of the linearisation technique, with a large selection of ADC
nonlinearities, has shown that the optimum value of the algorithm’s threshold is in
the region of 0.5 LSB, and that at an average code density of at least 4
samples/code is needed for satisfactory operation, with a uniformly distributed

training signal.

When a more easily generated accurate sinusoid is used as the training signal, a
larger amount of signal samples are ‘needed. This does not apply when the
undistorted tr.aining signal is also sampled, as both pdf’s are accurgtely known and
not calculated. This is equally true for uniform signals, although it is not so

important.

The improvements in device linearity which are possible with threshold tracking
mapping are very great indeed. Transfer functions become so close to the ideal that
their graphical representation is difficul;. Integral nonlinearity .plots show that the
mapped INL is bounded between approximately = 0.5 LSB, for all simulated
nonlinearities. =~ Harmonic distortions and intermodulation products almost-
completely vanished in sampled signals, an& noise ﬂpors returned to the levels that

are expected from purely qua.ntisation effects.

Overall, the technique can be said to work extremely well, for what amounts to
little extra work on the part of the manufacturer, who is already, at least for high

resolution devices, conducting code density testing.
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Chapter 4

REDUCED RESOLUTION MAPPING

The solution to the problem of ADC transfer function nonlinearity provided by the
mapping technique and the threshold tracking algorithm, offers large improvements
in performance. In operation, the only hardware required by the system is the block

of memory needed to implement the mapping look-up table.

4.1. Realisation of the Look-up Table

The size of this memory block is dependent upon.the resolution of the converter.
For instance, an 8 bit ADC would require only 28 x 8 = 2 kbits of memory, whilst
a 16 bit device would need 26 X 16 = 1024 kbits. This quantity escalates in an
approximately quadratic manner such that a 20 bit ADC would need 20 Mbits of
data storage. Clearly this causes problems for the higher resolution converters for

which the linearisation process is most useful.

4.1.1. External Memory

If the look-up table is to be held in memory external to the main ADC circuitry,
then there are two main choices for its type. It can be either volatile (RAM) or

nonvolatile (ROM).

Volatile RAM chips have ever increasing densities, with 1 Mbit devices now
becoming common place. Densities will increase slightly as fabrication feature sizes

are reduced still further, but the technology is nearing its physical limits. These high
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densities will allow the storage of a converter’s mapping on only a handful of
integrated circuits, which keeps the linearisation circuitry chip count low. Any
reduction in the amount of memory needed would, of course, lower the overall
number of required RAM chips, or at least the capacity, and hence price, of the
single memory chip needed.

If a volatile storage medium is used, its contents will be lost when the power supply
is removed from ‘the ADC system. This is problematical for the construction,
operation and shippiﬁg of converters calibrated at their place of manufacture, and
not iﬁ_—situ. The simplest solution would be to have the mapping stored on a
nonvolatile medium, such as a magnetic disc, froﬁx where it could be downloaded
into the RAM vchips. This would require some additional interface circuitry and
depends upon the existence of some sort of computer within the overall system
architecture, from which to download the mapping; Clearly the use of volatile

RAM storage of the ADC transfer function mapping is not very convenient.

Nonvolatile storage of the mapping, in some form of ROM, has many advantages
over volatile storage. There are no longer any problems involved in shipment or
operation, and no need for extraneous interface circuitry. Unfortunately, several

other factors become important when some form of ROM storage is used.

Firstly, programmable ROM’s have longer access times than RAM’s and hence, will
reduce the throughput rate of the analogue to digital conversion system. Secondly,
programmed ROM devices do not have the same levels of packing densities as’
RAM chips do, so a larger number of devices would be required to implement the
look-up table compared to -the use of volatile memories. Again, therefore, as with
volatile storage media, the system chip count would be lowered if the overall

memory requirement for the look-up table could be reduced.

4.1.2. Internal Memory
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With the high packing densities available using current technology it is clearly
possible to fabricate enough transistors and other devices to realise an ADC on a
single silicon chip, complete with a sample and hold function and an internal clock
generator. It should also be possible, therefore, to incorporate the mapping look-up
table on the same silicon chip as the converter. Indeed, many recently developed'
devices include blocks of programmable ROM [3]and RAM [10,11] (generally for

the purposes of automatic linearisation).

The use of on-chip RAM would allow the highest packing densities, and hence
would use the least silicon area to implement, although it would still not be likely
that the total amount of memory required for a high resolution converter mapping
could be put on the same chip as the ADC. As already examined, the use of
random access memories would incur the penalties associated with all volatile

storage media.

Standard ROM, although offering a space efficient, fast and convenient solution t.o
the problem of on-chip mapping storage, would have to be mask programmed. This
means that as each mask would probably only be useful for a single ADC, the
realisation of the look-up table by conventional ROM wo'uld be prohibitively

expensive.

Using some form of user programxhable ROM is the best answer in terms of
operation of the device, ease of calibration and cost. Unfortunately, field
programmable logic is not very dense and would require a large silicon circuit and
/o pad area to iﬁplement. Also, the fabrication of programmable nonvolatile
memory is not as simple as RAM, and therefore, the use of such circuitry is limited
to the chip foundries that can accommodate this type of device constructibn. If the
amount of memory bits required could be reduced, not only would less silicon area

be used, but the restrictions on the type of fabrication process would be relaxed.

Overall it would seem that the easiest solution to realisation of the look-up table is
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to implement it using externally programmable ROM chips. The only problem with
this is that it makes for a high device count for the linearisation system. If the
amount of memory needed by the system could be reduced, then the chip count’

could be much smaller.

4.2. Offset Storage

One simple and easily implemented method of reducing the required memory size is
to only store mapping offsets. A mapping offset is the difference between an ADC
code value and its mapping. To use such a mapping look-up table, it is necessary to
include a digital adder in the linearisation architecture, between the mapping

memory and the output of the ADC system, as shown in figure 4.1.

The introduction of this adder, which could easily be fabricated on the same silicon
as the ADC (when an on-chip memory was being implemented) would introduce an
extra delay into the overall cycle time .of the converter. For an on-chip device this
would be very small, but it may well be significant for an external adder and

memory, where it represents an increase in the system chip count as well.

The advantage gained by the use of offset storage is determined by the size of the
maximum allowable offset. The size of the fnaximum offset, in turn deterrﬁines the
maximum converter integral nonlinearity that can be accurately mapped. For
example, a 5 bit offset would allow = 16 LSB’s of INL to be completely mapped
whereas, a 10 bit offset would cater for = 512 LSB’s INL. The size of the allowable
offset also influences, to some extent, the size of the adder required, but this is of
little importance in silicon terms, considering the resolution of converters i‘nvolved.
The size of the offset used is determined entirely by the amount of INL which can
reasonably be expected to occur in a particular ADC transfer function. This is

variable between converter types, resolutions and speeds.

For the simulations presented here, an offset of 5 bits magnitude was assumed to be

sufficient for the scale of nonlinearities being used.
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For a 16 bit converter then, the reduction in memory requirement is from

216 x 16 = 1024 kbits to 2! x 5 = 320 kbits, representing a reduction by a ratio
of over three to one. Clearly this will improve as the resolution of the converter
increases, such that for a 20 bit device the memory requirement goes down from 20

Mbits to 5 Mbits, which represents a.four to one reduction.

4.3. Segmentation and Interpolation

Although offset storage has significantly reduced the mapping table memory
requirement, it is still fairly large, particularly for higher resolution converters. The
only way to reduce the size of the memory blocks further is to reduce the number of
locations addressed. This implies that not every mapping is stored, with a
consequent reduction in the total amount of memory needed. Such a storage
technique would require some method of reconstructing the now missing mapping

codes when they were accessed by the outputs from the system ADC.

4.3.1. Segmentation of the Transfer Function

When an actual tra;lsfer function mapping_is examined in some detail it can be seen
that generally, the mapping can be said to be continuous with only very infrequent
discontinuities. A continuous mapping, in this context, is taken to mean that each
consecutive code maps. to the value of the previous mapping incremented by one,

with a mapping discontinuity being an occasion when this does not occur.

If solely the mapping discontinuities were stored in the look-up téble, then the
continuous segments of the transfer function could be deduced by simply adding the
distance between the last mapped discontinuity and the code in question. This
would mean that perhaps only a few hundred individual mapping points, those at
the mapping discontinuities, would have to be stored in memory, giving a reduction

in the total memory requirement of a few orders of magnitude.

The added difficulty of this sort of mapping storage strategy is that when the input
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code to the mapping table does not correspond directly to a mapped code, some
combinational logic scheme must be used to determine which mapped codes it lies
between, so that its corre'ct mapping may be reconstructed. Also the storage of
several unknown addresses and their associated mapping contents is considerably
more complex than using a fully addressed system. A level of address indirection is
inserted into the scheme with its attendant extra accessing delay, which is to be
added to that of the customised windowing control logic required. This- sort of
system becomes either highly complex or highly individual to each ADC, and

hence, uneconomical.

A lot of these problems can be overcome by the technique of always storing the
same mapped codes in the look-up table memories i.e. by regularly segmenting the
ADC transfer function. These addresses, constant for every mapping, and no longer
necessarily those associated with the mapping discontinuities, will require no
complex éddressing scheme, and no indirection, only simple address comparison.
Unfortunately, the reconstruction of the code mappings bt;,comes more complex and
less than perfect, as the segments of transfer function between each stored mapping
point are unlikely to be continuous. Hence, the straightforward addition of the
distance from the code of interest to the last mapping point is likely to introduce
errors. These can be reduced if the number of stored mapping points is increased so

that there are likely to be less mapping discontinuities in each segment.

4.3.2. Reconstruction and Interpolation

If the mapping offset at the lower of the two mapping points bounding a segment is
taken as the offset for the whole segment, then, if there are no discontinuities,

perfect reconstruction of the fully addressed mapping will be achieved.

If however, as is likely, discontinuities exist within a transfer function segment, then
they will accumulate so that at the upper end of the segment the total size of all of

these errors will be the mapped integral nonlinearity at that point. This is the sort
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of situation is shown in figure 4.2. The INL errors when viewed over the whole
segment, would initially be zero, then one, then two LSB’s etc. until they reached
their maximum. This is true for both increasing and decreasing INL over the ADC

transfer function segment.

For the more complex cases involving both increasing and decreasing INL within
the segment, many things can happen that are too varied to go into here. Any
integral nonlinearity which occurs within a segment however, remains until it is
either cancelled out by further INL of the opposite.polarity, or the end of the
segment is reached. Overall, this method of mapping reconstruction is adequate (if

a sufficiently large number of segments are used) but by no means perfect.

Some form of interpolation of the offset for the transfer function segments between
mapped points would, to some extent, remove some of the errors in the
reconstructed mapping caused by the discontinuities. Use of a simple average of the
mapping offsets at the mapping points at either end of the transfer function
segment under consideration, for the offset of the whole segment, should at least

give some improvement in performance.

Where there is increasing INL across the segment the result of gveraging is that the
lower end of the segment has negative integral nonlinearity whilst the upper end has
positive. The centre of the segment, on the other hand, has zero INL over a
relatively large section of the segment. Taken over the whole section of the transfer
function, the mean deviation from the ideal is approximately half of what it was for
the simpler method of reconstruction suggested earlier. This situation is shown in

figure 4.3. Similar results pertain to the case of decreasing INL across the segment.

For more complex combinations of mapping discontinuities the situation is much
less clear. The averaging method generally gives an improvement in the mean
deviation of the segment over the simpler method, but it is easy to find situations

where it will degrade the linearity of the segment. These tend to be rather strange
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and unusual transfer function shapes, which are likely to have a low probability of
occurrence. One way round this new source of error is to make the segments
smaller, thus forcing them to more closely approximate either of the two simple

scenarios, for which it is known that the averaging strategy works well.

It should be emphasised that the average offsets are calculated during the mapping
process, before they are stored, and not during their reconstruction in the operation

of the ADC system.

4.4. Optimal Segmentation

There are many ways to regularly segment an ADC transfer function and the best
number of segments to use will depend on several factors. Firstly, the number and
position of discontinuities in the original fully addressed mapping. Secondly, the
maximum differential nonlinearity of the transfer function, and lastly, the degree to
which the nonlinearity can be said to be smoothly ot abruptly changing. These
factors are all determined by the actual distorted transfer function being mapped,

and do not depend on any system requirement.

An aspect of the addressing system which does have some bearing on the choice of
the number of segments, is the ease by which they can be accessed by the ADC
output code. That is, it is advantageous to make the selection of the appropriate
stored offset as simple as possible. The best way to ensure a trivial solution to this,
is to use 2" segments, where the whole number n lies between one and the
resolution of the converter, inclusively. Therefore, by this criteria, maximum
segmentation gives the fully addressed, original mapping, which allows no storage

saving, other than that provided by the use of offsets.

The reason for this limitation to the number of segments is that it allows the
addressing of the memory look-up table to be done solely by the more significant
bits of the ADC output. For example, if 28 = 256 regularly spaced segments are

chosen then the mapping points, for which an offset has to be stored, will be
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coincident with the points on the transfer function when the lower order bits (all of

the bits except for the most significant 8) are zero.

If 21° = 1024 segments are made, with a corresponding number of offsets stored,
then the most significant 10 bits output by the ADC will._be used to address the
look-up table. The architecture of this type of system, which is similar to that for a

fully addressed offset storage mapping, is shown in figure 4.4.

The use of 2" segmentation completely removes any need to have even simple
address comparison logic to determine which stored offset to add to the ADC
output code. This implies that the overall linearisation system will operate as fast as

the fully addressed offset mapping storage set-up, with no additional hardware.

4.4.1. Required Addressing Lines

As 2" segmentation has been decided upon as the method of compartmentaiising '
the ADC transfer' function, all that now remains is to select how many of the most
significant bits must be used to address the memory look-up table. To determine
this, simulations of 12 and 16 bit ADC’s were run over a wide ranging selection of
transfer function nonlinearities, with a suitably large number of training signal
samples i.e. 2'6 and 2?° samples for the 12 and 16 bit converters respectively. These -
sampled pdf densities allowed the ADC simulations to perform at, or around, their
minimum mean deviation level. This meant that the effects of the‘ reduced
resolution addressing would be viewed in a situation which was as close to that of a

real world linearisation scenario as possible.

All the simulation results showed that as the number of more significant bits
addressing the look-up table was increased from 5 towards the maximum, that the
mean deviation performance of the reduced resolution mapping improved. This was
true for all the nonlinear distortions simulated, as can be seen from figures 4.5 and
4.6, which show mean deviation against the number of lines addressing the mapping

memory. Each separate trace.on the figures is generated by a different nonlinearity,
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Figure 4.5: The mean deviation performance of 12 bit distortions with a range of
" mapping resolutions.
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Figure 4.6: 16 bit distortions with varying mapping resolutions.
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and figures 4.5 and 4.6 show the results for 12 and 16 bit conversion simulations

respectively.

No improvement in mean deviation can be achieved by the use of further
addressing lines on the horizontal sections of the plots. The ideal situation would be
when all the simulated distortions were linearised to their maximum level, by the
use of a particular, small number of address lines. In the 12 bit simulations of figure
4;.5, four of the transfer function nonlinearities are linearised to their optimum
levels by the use of only 9 aadress bits, whilst the other two distortions require more
than 11 of the more significant bits. to be employed. In the 16 bit simulations of
figure 4.6, the situation is very similar, in that the mean deviation plots of five '
nonlinearities have become horizontal with the use of 9 addressing lines whilst the

rest, of what turns out to be the more severe distortions, require upwards of 11 bits.

4.4.2. Acceptable Losses

For both resolutions of converters, of which the simulation resuits are shown, 11
address bits would seem to be the minimum lev.el needed to ensufe~ the best
realisable performance of the system. This is also true of other simulated transfer
functions, which have not been reproduced here. These results have been
determined by using a limited, though varied, range of nine device distortions.
Obviously, some margin of safety would have to be built into any actual system,
and this would mean that 12 or even 13 address bits would have to be laid down as

the minimum number of look-up table address lines allowable.

However. in all the simulations, the amount of mean deviation improvement yet to
be gained by the point at which 10 address lines have been used, is very small, of
the order of 0.5 dB. This relates to the severest of ADC transfer function distortions
which include periodic perturbations, and not the more realistic third order
nonlinearities of the distortions which can be linearised with only 8 or 9 bits.

Therefore, it can reasonably be assumed that the use of 10 bits to address the
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mapping look-up table will give optimum, or near optimum, mean deviation
performance for any realistic AbC nonlinearity, with a good margin of safety. The
extent to which this assumption causes a reduction in linearisation, particularly for
the more severe distortions, is examined in some detail in the next section. An
increase in the integral nonlinearity of mapped transfer functions and some

distortion of the harmonics of reconstructed periodic signals, can be expected.

4.5. Results with Reduced Resolution

Simulations were written to perform any given resolution of mapping, with any
number of training signal samples, and to output the data necessary to generate
mean deviation plots, integral nonlinearity plots and reconstructed two tone periodic
signal samples, for Fourier transformation so that analysis of distorted harmonics
and intermodulation products could be studied. The software used to do all this is
given in Appendix A. Most of the results of interest that were gathered from the
mean deviation plots have been presented already, which leaves only the other two

measures of the reduced resolution mapping technique to be reported.

4.5.1. Reduced Resolution and INL

‘A plot of the integral nonlinearity of a 12 bit ADC transfer function, mapped with
only 5 address lines is shown in figure 4.7. The reduced resolution mapping has
performed well, with the maximum INL reduced from around 9 LSB to less than 2
LSB, compared to the = 0.5 LSB results which can generally be obtained with a
fully addressed mapping. The discontinuities caused by the mapping process can be
seen to be confined to regularly spaced points; whereas in a full resolution mapping
they would occur as and when the mapping crossed over the = 0.5 LSB levels. This

is why the reduced resolution mapping process gives less than perfect results.

The mapped transfer function represents an increase in mean deviation error of 2.4
dB over the full resolution mapping. Even though the distortion chosen for

linearisation was not too difficult to map, in terms of its previously determined
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optimum number of addressing bits, the mapping has clearly given very good
results, considering that only 5 instead of the indicated 8 to 10 addressing lines have

been used.

When the 9 most significant address bits are used, then the INL performance
improves further, such that in mean deviation terms it is no longer suboptimum,
and its maximum levels are now more or less = 0.5 LSB, as in a full resolution
mapping. This situ-ation is represented in figure 4.8 and indeed, it would be
extremely difficult to discern any difference between this and a fully addressed INL

plot by eye alone.

Certainly the use of 10 bits (or even 9 as in the plotted result) gives very good INL
performance, especially for the easier distortions. The more complex nonlinearities,
though, may cause more problems, especially at points of high differential

-nonlinearity.

When these more difficult distortions are mapped the results. are generally good,
although lower resolutions of mapping tend to give much poorer quality results than
with simple nonlinearities. When only 5 bits are used to address the look-up table,
as in figure 4.9, the overall maximum INL level is only reduced from 11 LSB to
perhaps 5 LSB. This is nowhere near as good as in the simpler nonlinearity of figure
4.7, and represents an increase of 7.7 dB in the mapped mean deviation, compared
to full resolution. The sharp vertical lines in the mapped transfer function indicate

where mapping discontinuities have occurred.

When the mapping is performed with 9 address lines the mean deviation increases
by only 0.7 dB from that of a full resolution mapping. As can be seen from figure
4.10 the INL is now bounded between approx;mately = 1 LSB, and is usually
smaller than these limits. Clearly an increase to 10 addressing bits will allow

improved mean deviation as well as better integral nonlinearity.

As predicted, it can be demonstrated that 10 bit reduced resolution addressing gives
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a very good quality transfer function mapping, with a decent margin of safety to

enable the overall system to handle any extreme distortions.

4.5.2. Reduced Resolution and Spectral Distortion

The Fourier transforms of reconstructed signals of data from 16 bit ADC’s
generated the normal type of spectra, with poor mappings leaving some harmonic
distortion and intermodulation products, as well as raised noise floors. Figure 4.11
shows an unmapped coverter which has one of the easier simulated transfer function
distortions. Of most importance in the figure are the large size and number of
harmonically related peaks. In figure 4.12, the full resolution mapping of the
nonlinearity of figure 4.11, can be seen. This has been included to give an
indication of the mapping procedure’s maximum possible performance level, for use
when comparing the results of lower resolutions. The figure shows little remnants of
the previously dominant distortions, except perhaps for the small feature to the right

of the higher frequency fundamental.

‘When the converter is mapped with 5 address bits, which is equivalent to a
reduction in mean deviation performance of 1.4 dB, the remaining spectral
distortion is very small, as can be seen from figure 4.13. Here only some tiny
vestiges of the original peaks remain, with the spike adjacent to the high frequency
fundamental being the most important of these. Otherwise, hardly anything is left of
the initial nonlinearity. As with the INL tests, the use Qf only 5 address lines has

given a satisfactory solution to the problem.

When 9 bits are used, the outcome of the Fourier transform becomes almost
indistinguishable from -that of the fully addressed mapping. This plot is given in
figure 4.14, and confirms what was found from the earlier INL tests, that
approximately 8 bits are necessary to map the more simple transfer function

distortions to a satisfactory level.
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Figure 4.11: The Fourier transform of an ideally reconstructed two tone sinusoid
sampled by a 16 ADC with a simple nonlinearity.
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Figure 4.12: The full resolution mapping of the distorted spectrum above.
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Figure 4.13: The 5 bit resolution mapping of the nonlinear ADC of figure 4.11.
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Figure 4.14: The 9 bit resolution mapping of the simple distortion.
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Figure 4.15: A sampled spectrum which has been distorted by being sampled with
a 16 bit ADC which has a complex distortion.
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Figure 4.16: The full resolution mapping of the above spectrum.
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A much more difficult nonlinearity to map has been used in the simulation results
given in figure 4.15. Here the addition of periodic components into the distortion
has brought up the level of the general converter noise floor, such that it almost
dominates the harmonically related peaks. A full resolution mapping, as shown for
reference in ﬁgu'r‘g”i}.16, completely gets rid of both the peaks and the increase in

the level of the quantisation noise floor.

When only 5, out of the possi.ble 16,. output bits of the ADC address the look-up
table, then the slight improvement over unmapped performance shown in figure
4.17 results. With the mapped transfer function’s mean deviation being 7.6 dB short
of its maximum, no really sfgnificant gains can be expected. However, most of the
dominant peaks have been .eliminated and it is only really the raised noise floor

which is still giving problems.

The use of 9 bits givés the plot of figure 4.18, where only a single spike at the
quarter sampling rate. point remains of the initial unmapped distortion. Not only
have all the other harmonics been removed, but the general level of the noise floor
has been lowered, as well as its general appearance being smoothed out. Although
with a mean deviation of 0.8 dB more than full resolution would give, the 9 bit

mapping is by no means perfect, it does give a very useful level of linearisation.

This all implies that the 10 bit addressing level suggested earlier, is probably
sufficient to deal with all kinds of transfer function distortion likely to be

encountered.

4.6. Conclusions

It has been shown that the basic technique of mapping the transfer function of a
nonlinear ADC to a more linear shape by the use of a look-up table, can.not easily
be implemented in hardware. This is due to the large amount of memory required,
especially for high resolution converters, no matter what kind of mapping storage

medium is used. Two methods of reducing the amount of storage necessary have
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Figure 4.17: The 5 bit mapping of the distortion of figure 4.15.
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Figure 4.18: The 9 bit mapping of the same complex nonlinearity.
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been discussed.

Firstly, the storage of the mapping offsets only, and the introduction of a digital
adder into the structure of the linearisation system. This allows a reduction of the

memory requirement by a factor of three or more, for high resolution converters.

Secondly, the idea of partitioning the ADC transfer function into many small
segments, for which the mapping is assumed to be continuous. This uses only the
hardware needed for offset storage, providing that there is 2" segmentation of the
converter transfer function. This type of segmentation allows the most significant
bits of the ADC output code to address the look-up table directly, without the need

for any intermediate logic to determine which offset should be accessed.

The results obtained for mean deviation, integral noﬁlinearity and spectral distortion
compared well with those for converters mapped with a fully addressed look-up
table, assuming that 10 address bits were used. This allowed a good margin of
safety, even for the most severe of mapped diétortions, whereas with simpler

nonlinearities, even far fewer than 10 bits gave near optimum performance.

4.6.1. Overall Storage Saving

The savings which these results reflect can be demonstrated by an example. A full
resolution 16 bit ADC transfer function mapping requires 2!¢ x 16 = 1024 kbits,
which is reduced to 320 kbits if only 5 bit offsets are allowed. When only 10 bits are
used to address the mapping look-up table, then only 21° x 5 = 5kbits are needed,
which represents an overall saving of almost .a Megabit of storage, and a new
memory requirement of less than 0.5 % of the orig'inal. Obviously, as the resolution
of the ADC is increased, the saving will get bigger, as the total storage needed
remains constant at 5 kbits. This is assuming that 5 bit offsets and 10 address bits

are sufficient for the overall linearisation system requirements at higher resolutions.

This small amount of memory is easily realisable on a single external integrated

circuit, and would also not be too difficult to integrate onto the same piece of

silicon as the ADC, if processing allows.
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Chapter 5

A HARDWARE IMPLEMENTATION

It was seen as highly beneficial to the overall project if a hardware demonstration of
the work previously completed could be made to show that the system was easily
implemented, would work in real time, and most particularly that it would work

with real ADC nonlinearities.

5.1. Aims and Objectives

To these ends it was necessary to develop some hardware which would implement
the mapping look-up table. This would have to be addressed by an ADC with a
nonlinear characteristic which would p‘refera'bly be adjustable so that a wide range
of ADC_ transfer function nonlinearities could be examined. A pdf of a well defined
shape would also have to be generated by some method or else an unknown pdf -
accurately measured so that linearisation could be performed. In view of the known
difficulties of generating such a well defined signal it was decided at an early stage

that measurement of the pdf of a reasonable signal was the better solution.

Some facility to.run the threshold tracking mapping algorithm was also required
either in terms of an independent processor under programmable machine code
control which could be used to control the mapping, the ADC’s and ancillary
circuitry, or to interface a stand alone computer to a hardware system and to run
the mapping algorithm and other routines under software control, using a higﬁ level

language.
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This second method was clearly advantageous as it allowed easier debugging of
software, simpler circuitry, no necessity to learn how to program the processor
directly and also gave access to simple methods of visually displaying results. i.e. the

monitor and line printer/plotter.

The type of results which it was desirous to have were of several forms. It would be
very useful to have some representation of the shape of real life nonlinearities as
simulated nonlinearities have previously been of a geometric form. The shape of
these real nonlinear characteristics could be generated_ fairly easily from the
information contained in' the mapping function or from th;: sampled nonlinear pdf.
Some analysis of the harmonic distortion of sampled signals before and after
mapping is essential to confirm the earlier simulated results. Further to this, the
signals could be reconstructed using a good quality DAC before being fed to a
spectrum analyser, where an extrémely convincing real time demonstration could be
provided of the linearisation system’s capability to improve signal quality and
purity.

Lastly an impression of what particular distortions would do to the sampled pdf’s

would be interesting and would allow visual analysis of the distorted pdf’s to be

carried out in the future.
What the above stated aims would then require in terms of hardware was.as follows.

1) An ADC of adjustable nonlinearity. This clearly could not be bought off the

shelf and would have to be designed and made from scratch.

2) A very good quality’ ADC to accurately measure the undistorted pdf of the
training signal.
3) Circuitry to implement the mapping.

4) Some form of interface of the rest of the circuitry to a computer, to be used to

control the linearisation process.
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5) A good quality DAC, of equal resolution to the ADC'’s, to be connected to

the digital output of the mapping memory.

5.2. Implementation

5.2.1. An ADC with Adjustable Nonlinearity.

It was quickly realised that the simplest way to develop this circuit would be to
devise a successive approximation type ADC using a Successive Approximation
Register (SAR) iﬁtegrated circuit to perform all the decision logic and supply the
digital output signal. A 12 bit TTL device, the Am2504, was found to be suitable
for this purpose. Whilst a higher resolution device would have been preferable, for
demonstration of the power of the technique, using 12 bit hardware made design of

the ADC interface and linearisation circuitry easier, and cheaper to build.

The use of an R/2R ladder made up from variable resistors of nominal values of 50
kQ and 100 k{2 respectively was found to be a suitable reference for the DAC part -
of the Successive Approximation converter structure. A high speed comparator and
a good quality Sample and Hold (S/H) were also needed to complete the circuit

configuration.

A custom designed PCB was fabricated (with a ground plane) on which to mount
the ADC circuitry and provision was made for the attachment of power supplies
and data/control lines. The converter was found to work well with a 200 kHz clock

and a 10 kHz sampling rate.

A circuit diagram of the ADC circuitry, excluding power supply decoupling, is

presented in Appendix B.

5.2.2. Reference ADC

As the requirement for the linearity of this ADC was very high it was thought
sensible to utilise a higher resolution, high specification device. To this end a 14 bit

self calibrating ADC was purchased; the Crystal Semiconductor CS5014. This circuit

94



has an on chip Sample and Hold and hence requires only one external control line
and a clock signal. A Schmidt trigger inverter was used in conjunction with an R-C
network to initiate reset and autocalibration of the ADC on power up, as
recommended in the manufacturer’s databook [9]. After this process the converter
was specified to have a linearity of approximately 15 bits, which was 3 bits more
than the resolution qf the poor quality ADC. This ensu-red that the pdf of the

training signal was very accurately measured.

A high precision 5V refergnce was also needed for accurate functioning of both-the
self calibration sequence and the normal operation of the ADC. This was ‘originally
specified as a single IC, an AD586, but was later replacéd with a pair of 2.5V
reference diodes of the ZN458 type. This was due to a failure of the original
integrated circuit which required the alteration of the reference source as there was

no immediately available replacement.

The external clock rate for this ADC was 1.25 MHz and a circuit diagram of the
C55014 and support circuitry, excluding power supply decoupling, is given in
Appendix B. This ADC was also mounted on a custom designed PCB with a
ground plane, again with provision for the necessary I/O lines and power supply

connections.

5.2.3. Interfaces and System Configuration

One of the most convenient ways available of interfacing a computer to a hardware
system was to use a computer controlled 19" rack system, developed within British
Telecom Research Laboratories by group RT4231. This system consisted of a
Hewlett Packard 200 series computer, a rack for double sized Eurocards, an
extensive backplane, self contained power supplies and cooling fans. There existed
within RT4231 a large number of circuit cards designed to operate in this
environment with associated software to drive them, z;s well as to perform other

general purpose signal processing functions. This collection of equipment was
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known as the Digital Subscriber Loop Development System or DDS. The timing of
the backplane, control signals and the circuitry for general purpose card interface
was already well defined and hence, the DDS was seen to offer large advantages in
terms of development time and ease of operation. Amongst the large amount of
ancillary equipment already in existence was a high quality, fast settling (400 nS) 12
bit DAC, which was well suited to the linearisation system’s measurement

requirements.

Using the DDS as an interfacing and control system would also allow the mapping
memory; ADC control logic and clock signals to be generated on the same card.

The overall system layout is summarised in figure 5.1, where :

[1] is the Network Communications Controller Card (NCC) which handles

backplane signal timing and general /O to the controlling 200 series computer.

[2] is the PLL card which generates or buffers fundamental clocks and supplies

some other logic signals.

[3] is the threshold tracking mappidg card (TTM) which performs all the
linearisation system interfacing requirements as well as containing and

controlling the RAM based look-up table for mapping storage.

5.2.4. The TTM Card

This was where the bﬁll_( of the design effort was to be centered as this card was the
largest and most complicated circuit element in the complete system. The card
design could be divided into several parts, the interface to the DDS backplane, the
memory look-up table and associated control, the ADC port and clock/control
signal generation and lastly the DAC port and control circuitry. A block diagram
showing the high level interconnection of the TTM card circuit elements is shown in
figure 5.2, where the routing of clock and timing signals to most of the blocks has
been omitted for clarity. A circuit diagram of the overall interconnection of the

TTM card components, excluding the DDS interface, is given in Appendix B.
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DDS Interface

The TTM card circuitry can only be described if the timing scheme of events on the
DDS backplane is understood in some detail. A full description of these protocols is
given in [85] but a sufficiently detaiied account of their use in the implementation
of the TTM card is given in Appendix B, which also contains a full description of

the card’s interface circuitry.

Look-up Table Hardware and Control

The look-up table was implemented as a 4096 x 12 bit store formed by three, 4096
X 4 bit static RAM’s addressed in parallel. Tﬁe address inputs came from the input
data latches, so-that the memories could be loaded with the required mappings, and
from the ADC input data latches, so that the mapped code could be read out and

transferred to the DDS backplane.

As has been suggested above, the data lines of the static RAM’s were connected to
both the output data bus driver latches and the bus data input latches, as data had
to be both read from, and written to, the memories. This use of the same
connections for data input and output meant that care had to be taken to ensure
that there was no contention on the memory "data bus" and in particular that both
sets of latches addressing the the memories were not output enabled at the same
moment in time. A more detailed examination of this problem is given in Appendix

B.

ADC Port and Control

Timing control of the ADC’s, their associated sample and hold commands and logic

resets was quite complicated due to several operational difficulties.

Firstly, due to hardware limitations imposed by the NCC card in use, only a limited
amount of data could be gathered at any one time. This meant that there were long

periods of inactivity whilst this data was being uploaded to the controlling
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computer.

Secondly, for the spectrum analyser to be used the ADC’s would have to be able to
sample the test signal continuously over a long period of time. This meant that the
ADC control signals would have to be duplicated by the card’s hardware so that

they could be generated independently of the computer.

These and other problems were overcome and a detailed explanation of their .

solutions and implementations is given in Appendix B.

DAC Port and Control

Similarly to the ADC port, the DAC port also required timing signals and
connection to the digital data from the linear ADC and the mapping look-up table.

This circuitry is described in Appendix B.

5.3. Software and System Control

The software needed to linearise the particular nonlinearity with which the
adjustable ADC had been set was contained in the program file "ADCL_FINAL",
so called because it was the FINAL version of ‘the ADC Linearisation programs. It
was written in Hewlett Packard BASIC version 2.0, and a listing of the program is
given in Appendix C, and an overview of the software and an intimation as to how

it is used is given in Appendix B.

5.3.1. General Purpose Subroutines

The program had to be able to control the signals being sent down the DDS
backplane on each relevant timeslot and, likewige, be able to read those transmitted
by the TTM card. This control was achieved by the use of a number of subroutines
to operate the NCC card in the modes required. These subroutines were collectively
known as "NCC_SUB_8K" and they consisted of routines to download an 8K long
vector of 32 bit data to the NCC card, upload an equivalent 8K vector of data

logged from the DDS backplane, and to set up the NCC card, in terms of which
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‘transactions were to be used and how often to log/sequence bus data.

As one of the main measures of the linearisation system performance was to be
spectral analysis of sampled sin;lsoidal signals, it would be necessary to have Fourier
analysis performed by the software. To this end three utiiity subroutines were used
which were capable of performing forward and inverse Discrete Fourier Transforms
(DFT’s) on arrays of floating point. numbers. One main routine accomplished the
DFT whilst the other two converted the data format of the input and output arrays
to a form that was usable/understandable by the DFT routine and the rest of the

program respectively.

5.3.2. Special Purpose Subroutines

In addition to the routines described abové, other subroutines which would only be
of use in the ADC linearisation programs, also had to be written. These included
subroutines to load the 8K vectors of sequencing data into the correct arrays (this
data was principally the addressing and mapping data for the TTM card look-up
table and that to generate the ADC control signals), to extract every fourth data
element from the uploaded 8K array and to form therh into a pdf of 12 bit samples,
to prepare the 12 bit data in the uploaded vector into 16 bit numbers to be passed
to the DFT routines, and lastly, the routine to generate the threshold tracking
mapping.

Also required were several pieces of code to produce graphical representatior;s of
data and program results on the computer’s VDU, from where the screen could be
dumped to a printer, but thesé were not written as subroutines for. the sake of

simplicity.

5.3.3. Use with the Spectrum Analyser

When the spectrum analyser was being used to demonstrate the relative performance

facilitated by the linearisation system, the time taken by the analyser to complete a
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full frequency scan accurately, was found to be several orders of magnitude greater
than the time taken to sequence all 8K control signals. It was therefore necessary to
use the hardware generated timing signals to obtain the continuous, real time ADC
sampling that the spectrum analyser needed for the quality of measurement
required. This could only be done when nothing was being written to or read from
the TTM card i.e. when' the program was sitting in one of the many wait states.
OBviousfy however, the output of the analyser was only useful at certain points in
the program, but these were simply related to what was going on in the software at

the same time.

T Obtaining spectral analysis of the test signal being sampled by the linear ADC was
simply a matter of switching the system multiplexers so that the alternative input

was directed to the DAC.

One program then was able to control the operation of the TIM card in
conjunction with the three manual switches, on the circuit board, whilst providing

all the data output representations required.

5.4. Computed Results

In this section results will be presented which have been generated from the data
gathered by the system’s interface to the TTM card, and hence the transfer

functions shown are not measured but calculated, as are the Fourier transforms.

5.4.1. Measured Pdf’s

One of thg most important aspects of developing and‘ testing a real-time hardware
implementation of the linearisation system was that the technique’s dependence on
good quality training signals and hence, pdf’s, could be evaluated. The training
signal used during the system test was usua.lly a low frequency (less than 1 kHz)
ramp, triangle or sawtooth waveform. The choice of waveform was found to have a

negligible effect on the pdf’s sampled from it. Figure 5.3 shows a typical normalised
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pdf generated by taking two thousand samples from the linear ADC whilst using a

ramp test signal.

Even with the coarse resolution of the plot it is possible to see that a large
proportion of the pdf histogram bins are empty and fhat those that are not empty
often contain more than one sample. This can be regarded as a purely statistical
process as the mean code density for two thousand samples is only 0.5. When a
larger sample size is taken‘these effects are smoothed 'out as can be seen in figure -
5.4 where sixteen thousand samples have been used to form the pdf. Similar effects
can be observed in the signal pdf's sampled by ihe nonlinear ADC. The net
outcome of using sample sizes which previous simulation results would tend to
categorise as sub-optimum seemed to have little or no visible effect on the shape of
the mapping produced. This was partly due to the lack of resolution offered by the
computer graphics and the extremely small sizes of the actual differences, but was
also likely to have been affected by the use of the precisely known linear pdf, rather
than just assuming that it had a precise mathematical form i.e. that all the
histogram bin frequencies are equal for a uniform pdf. These slight differences
between what the simulations assumed, and were actually using, for the lineér pdf

may account for any perceived improvement in the system’s performance.

5,4.2. Actual Transfer Functions

After the nonlinear ADC had been calibrated by setting all the resistors in the R/2R ~
network as close to their correct values as was worthwhile with a multimeter, and
initial tests had been run to ensure the correct operation of all the system
components, the job of presenting the test signal with specific nonlinearities began.
This involved changing the values of the components of the reference ladder
structure relative to each other. This procedure generated a large number of
nonlinearities of differing shapes and sizes, some of which are included here. Of

more interest were the effects produced by more systematic changes in the resistor
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values, and it is these that will now be examined.

5.4.3. Pdf Gaps

By reducing the relative values of the 50 k2, R resistors, noticeable changes
occurred in the sampled nonlinear pdf. Small gaps started to appear in the basically
uniform code densities. These were regularly spaced and seemed to correspond to
the more significant bit transition positions, with an additive effect when one or
more transition overlapped i.e. the gaps became bigger, at the mid and quarter scale
points, etc. As the size of the nonlinearity was increased so did the size and number
of the gaps. This would seem to suggest that the accuracy of the more significant
bits had more effect on the overall linearity of the converter than the lesser bits,
which agrees with common sense. As the size of the nonlinearity was increased still
further some of the pdf histogram gaps associated with the more significant bit
transitions became so large that they overlapped with their neighbours, giving rise to
extremely large gaps. This situation is shown in figure 5.5 which shows the
nonlinear sampled pdf, when the R resistors are set to around 50-70% of their
correct value. If this process is continued further, the gaps start to dominate the pdf

such that only a few relatively large peaked regions remain.

As the mapping produced by the threshold tracking algvorithm is directly dependent
upon the measured nonlinear pdf, these pdf gaps must affect the shape of the ADC
nonlinearity in a dfamatic way. This can be seen in figure 5.6 which is thé transfer
function mabping generated for the pdf of figure 5.5. It is readily seen that where
there are gaps in the pdf there are corresponding horizontal segments in the transfer
function of the mapped device. This can easily be traced back to the cﬁmulative
distributions of the sampled signals and their relationship in the mapping algorithm.
The maximum deviation of the transfer function shown in figul;e 5.6 from the ideal
is very large as would be expected for the magnitude of the relative errors in the R -

resistors. This deviation would seem to correspond to about only 4 to 5 bits of
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Figure 5.5: A pdf sampled by the nonlinear ADC when the R resistors are up to
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Figure 5.6: The transfer function mapping obtained from the pdf of figure 5.5.
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linearity in the converter as the maximum INL looks to be around a few hundred

LSB.

The shape of the nonlinearity is very interesting as it is very like that used in some
of the ADC simulations and this \;vould seem to justify the choice of a third order
polynomial to model the converter transfer functior;'.‘_ Fi_gure 5.7 shows the same type
of nonlinearity but of significantly less severity, and it can be seen that the
horizontal segments in the characteristic are smaller, as would bé the pdf gaps, and

that the maximum deviation from the ideal transfer function is much reduced.

5.4.4. Pdf Spikes

If the values of the R resistors are reset to their correct values and those of the 2R
resistors are now reduced, then a quite different set of distortions is produced. Now
the more significant bit transitions have spikes in the sampled pdf, as can be seen in
figure 5.8, which is a rather extreme example. These spikes in the nonlinear pdf
produce the opposite effect to gaps on the mapped transfer function i.e. they cause
vertical segments, the size of whiéh is determined by the degree of 2R resistor
misadjustment. The mapping generated from the pdf of figure 5.8 is in turn shown
in figure 5.9, where it is obvious that it is now a very roughly quantised transfer

function, with excessive differential nonlinearity at the vertical segments.

In general, nonlinearities caused by misadjustment of the 2R resistors are not as
successfully mapped as those with other resistor errors. It should be remembered,
however, that the scales of nonlinearities being generated are extremely large e.g. it
requires a misadjustment of the 2R resistors to around 40% of their correct value to
produce the transfer function shown in figure 5.9. When smaller, slightly more

realistic, errors are used the nonlinearity is easily mapped to a satisfactory standard.

5.4.5. Combined Misadjustment

When the R/2R ladder is not so systematically altered more complex effects occur,

107



11083 outPuT cone

3.07 _ -
2.05 _ e

102 _ / o
P INPUT CODE
0 = x10¢3

0 102 2.05 5.07 4.1

Figure 5.7: A similar transfer function mapping for a less severe misadjustment.

_FREQUENCY

NONLINERR FPIF Y= BIN NWMRER

}

!
1
!

COUTPUT CODE
i ! 1~'vl;’10e3

0 1.00 2.05 07 4t

Figure 5.8: A nonlinear pdf caused by large misadjustment of the converters’ 2R
resistors.

108



11983 outhu cone

3.07 _
2.05 |

1.02

INPUT CODE
11(1093

1.02

2 05 3.07 1.1

Figure 5.9: The mapping associated with the sampled pdf of t‘ighre 5.8.

410e3 oureut cone

-~
=
3.07 P
— /—/
o
2.05 T
.02 _ e
P INPUT CODE
0 : [ ; 103
0 1.02 2.05 3.07 4.1

Figure 5.10: A mapping of a nonlinear pdf sampled by a converter with combined

misadjustment.

109



the relative values of adjacent résistors must have a larger role to play in
determining the shape of the nonlinearities. This can be seen from figure 5.10
where there are both horizontal and vertical dislocations in the.mapping and also
sections where there are several different gradients and deviations. This extremely
large amount of misadjustment was mapped very well and gave excellent results

when a sampled signal was Fourier transformed.

5.4.6. Fourier Transforms of Mapped Signals -

After a mapping had been produced from the sampled pdf’s it was possible to
generate a calculated Fourier Transform of any sampled signal. This allowed
spectral analysis of the performance of the linearisation process of the same f(-)r‘m as
simulations had previously used. Comparison of figures 5.11 and 5.12, showing the
unadjusted and the mapped converter outputs respectively, indicates how well the
system has worked to eliminate the signal harmonics in figure 5.11 by the time the
converter has been mapped in the second figure. The transfer function nonlinearity
and its mapping, as shown in figure 5.6 are those used to produce the spectra of
figures 5.1i and 5.12,. and they correspond to the same nonlinearity setting on the
adjustable ADC. The same suppression of the signal’s erroneous harmonics can be
seen in figures 5.13 and 5.14, whereA the specific nonlinearity being considered

cofresponds to that shown in figure 5.10.

It can also be seen that the patterns of distorted harmonics of the test signél
fundamentals are of the same forms that were observed in the pure sirﬁulations
ﬁerformed on simuléted ADC’s with perfect test signals i.e. real nonlinearities
produce the same l\;ind of effects that the simply simulated nonlinearities did. This
seems to suggest that the real nonlinearities experienced by the hardware test signal
were of a similar type to those used in the previously performed computer
simulations. This then suggests that the simulated geometric nonlinearities were

fairly realistic and adequately modelled the physical situation.
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5.5. Real Time Results

The previous sets of spectral data were calculated by a computer in much the same
way as in the simulations presented in previous chapters. It was useful, therefore,
to generate spectral data in real time, by a method other than Fourier analysis. This
was achieved by use of a hardware spectrum analyser and a high quality DAC to
generate analogue signals in real time, from the digital data produced by the
ADC’s. The following photographs were taken from the CRT of the spectrum

analyser.

Figure 5.15 is the output produced by the liﬁear ADC when sampling the sinusoidal
test signal, and hence acts' as a reference for compariéon with the other results. Note
the srﬁooth noise floor and the single fundamental peak. Figures 5.16 and 5.17 are
the original and maéped outputs from the nonlinear ADC when adjusted to the
nonlinearity shown in figu;e 5.10. When comparing the calculated and actual
distorted harmonics, (figures 5.13 and 5.16) the same relative peak heights and
pattern can be observed, lending credence to the proposition that both signals have
been sampled by an ADC with the same nonlinearity, and hence that the simulation
results are correct. The distorted harmonics are as sharp as the fundamental but the
noise floor has increased in level and is also very spikey. The mapping, as shown in
' figure 5.17, has much lower harmonic levels and noise floor, showing the increased

signal to noise ratio possible by the application of the mapping process.

Figure 5.18 and 5.19 show the spectral data for a test signal sampled by the 6riginal
and the mapped transfer functions of the nonlinear ADC, with a different
nonlinearity. This nonlinearity was the same as that previously examined in figure
5.14 and again the harmonic peak patterns are the same, taking into account the
different scaling of the axes and the noise averaging properties of the spectrum
analyser. Again the converter noise floor has increased but by figure 5.19 we can

see quite a large reduction in this and in the level of the harmonics.
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Figure 5.15: A photograph of the spectrum analyser output when the linear
converter is sampling the test signal.
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5.6. Summary

This chapter has shown that a hardware implementation of the threshold tracking
algorithm applied to linearising ADC'’s is not a task involving a large amount of
leading edge technology,‘ and that it can be done fairly cheaply. The fesults justify
all aspects of the computer simulations that they tested, with the similarity in the
spectral harmonic peak patterns verifying the simulation results from chapter 3. The
~ fact that there were only z; very few, rather extreme, nonlinearities which the system
could not improve is again a testament to the ability of the threshold tracking

algorithm to linearise any realistic transfer function.
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Chapter 6

APPLICATION TO DAC’s

Of the many measures of DAC performance, perhaps resolution, speed and linearity
are the most important. Assuming that the resolution and basic speed of the
converter are selected during its design, then the linearity of the device transfer -
function becomes the biggest factor affecting the quality of signal reproduction.
Nonlinearity will in part be determined by the tradeoffs made at the design stage,
especially any concessions made to gain speed, but it is mainly due to inaccuracies
in weighted reference structures. It would seem feasibler therefore, to attempt to
produce a mapping of the device’s transfer function, in a similar manner to that

employed for ADC’s, which would result in higher converter linearity.

6.1. System Layout and Training

The notional hardware system layout requirgd to implement a mapping of a DAC
transfer function is in fact very similaf to that used for an ADC. This time however,
the memory look-up table must be situated before the converter, on the digital side,
as shown in figure 6.1. It is also clear from the figure that the training sigﬁal
required to determine the DAC’s transfer function has to be digital in format and

generated by the system processor/controller block.

As with ADC’s the linearisation system operates in two modes; conversion and
training. In conversion mode the digital input signal is mapped in the look-up table

before being fed to the DAC which then determines the system output. The training
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mode is concerned with characterising the converter’s transfer function nonlinearity
and then applying a mapping algorithm to calculate the contents of the mapping

memory.

6.1.1. Training Hardware and Operation

In the earlier case of ADC'’s this characterisation was obtained by forming sampled
pdf’s from analogue training signals of known statistics, or in the hardware case by
direct measurement of the training signal pdf. Forming pdf’s of analogue signals is

a lot more complex than forming those of digital signals.

The easiest way round this is to convert the DAC’s analogue output back to the
digital domain with a high quality (linearity) ADC. This now allows simple
collation and generation of digital pdf’s of both the distorted and the undistorted
signals. Also as the DAC has only a finite number of digital input signals and a
corresponding number of analogue output voltages (assuming the device is allowed
to settle properly) it becomes necessary to exercise each DAC input code on only a
single occasion to obtain a full characterisation of the device’s transfer function, to

the required resolution.

The hardware needed to train a DAC can then become a simple counter, connected
to the DAC, a linear ADC reconverting the analogue signal to form a crude
distorted pdf. This can then be used by a modified threshold tracking algorithm to

calculate the transfer function mapping.

The algorithm has been modified to implement the pdf arréy pointers in the
opposite way to that employed in the standard algorithm. This means that the linear
"pdf”’ sum is incremented and decremented to match the current nonlinear "pdf"
total, which is adjusted for each DAC input code. As each bin in the linear "pdf”
contains only a one then an exact equivalence between the two totals can always be
found, and hence no threshold is required to be tested in the mabping process. A

listing of the software used in the simulations for testing converter mean deviation
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and integral nonlinearity is given in Appendix D.

The use of the modified tracking algorithm however, can be conceptually simplified
as the output from the ADC can be used directly as the current address in the
look-up table and the present value of the counter used as the contents of that
address. This comes about as the distorted output from the DAC, when digitised, is
the actual value output by the DAC for the current input from the counter. In
turn, this means that to obtain the analogue version of the ADC output, the counter
value must be fed to the DAC. Hence, the ADC output represents the look-up table
address and the counter its contents. An overview of the complete training setup

can be seen in figure 6.2.

6.1.2. Address Gaps

Unfortunately, due to the effects upon the uniform "pdf" caused by the converter
nonlinearity not all output codes of the ADC are exercised. This is to be expected
as distortion causes quantisation intervals to be unequal and hence it is likely that
two or more DAC outputs would be converted to the same digital code. This then
means that there will be gaps in the mapping written to the look-up table, with
spaces where no address has been output by the ADC. If these codes were accessed
by the input to the linearised DAC system, their output would be undefined and
would probably cause a large discontinuity in the converter’s transfer function. The
memory contents at these addresses would have to be forced to have sensible values

i.e. those which give the minimum distortion of the DAC transfer function.

The simplest way to determine what values should be placed at these missing
addresses would be to interpolate between the closest accessed addresses, above and
below the gap in the look-up table. However, when this simplified, non-algorithmic
technique was experimented with, problems were discovered. These related to
converter nonlinearities with large discontinuities, large amounts of differential

nonlinearity, or nonmonotonicity. These were the sort of effects which caused large
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numbers of consecutive addressing gaps to appear in the mapped transfer function.
As the Vmethod of implementation of the simplified technique allowed old mapping
data to be overwritten by the current values being presented by the linearisation
system, a lot of correctly mapped data was lost and then distorted by simple
interpolation. Interpolation seemed to cause other indeterminate problems which
could not be solved by simple meané. The only feasible solution seemed to be to
keep a record of all the data generated during the linearisation process and then to
calculate the correc¥ mappings from this information. The overall mapping process
now became so complex as to no longer be simpler than the use of the modified

threshold tracking algorithm and it was therefore discarded.

6.2. Simulated Results

Simulations were run on various types of DAC nonlinearity, generally with the same
distortions that were used for the ADC tests. This time, however, the way in which
the mappings and distortions were applied was very different to that used in the
ADC -simulations. First the digital code was converted to an analogue level by an
idealised DAC. Then the analogue distortion function was applied to give the final
analogue output value of the DAC. The mapping table and ADb portion of the
overall linéar—isation system were applied in the positions indicated by the hardware

block diagrams, figures 6.1 and 6.2.

Results were quantified by three major measurements: a mean deviation
measurement of the mapped transfer function, integral nonlinearity plots showing
exactly how the device transfer function had been mapped, and by the reduction of

harmonic distortion in reconstructed sampled periodic signals.

6.2.1. Mean Deviation

There was nothing at all surprising about the results of the mean deviation
measurements. They closely resembled the data generated by the ADC simulations,

even in that particular distortions still had their own characteristics, in terms of their
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deviation value.

There was nothing to plot mean deviation against as the mapping algorithm as such

has no variable thresholds, and there could only be one "pdf” sample size.

6.2.2. Integral Nonlineariiy

Several sets of simulations were run to produce plots of integral nonlinearity for the
original and mapped DAC transfer functions. In general the results of these were
very good and agreed well with those generated by the ADC simulations. Figure 6.3
shows the INL of a converter with a simple nonlinearity which has no large
differential nonlinearities and a smooth trénsfer function throughout. The mappe(i
characteristic has its integral nonlinearity bounded by approximately += 0.5 LSB,
over the full range of the DAC. Some DNL has been introduced by the mapping

process, but this is to be expected and is similar to the effect experienced in ADC'’s.

The distortion mapped in figure 6.4 shows the same characteristics and again

compares well with the ADC simulations performed for the same nonlinearity.

Figur'e-6.5, on the other };and, shows a much more complex situation where the
nonlinearity involved has quite large amounts of differential nonlinearity and an
unmapped transfer function which crosses the ideal (zero INL) line several tixﬁes.
The nonlinearity also contains several periodic components which considerably
complicate the DAC transfer function. The mapped function is again, well coﬁfined

between = 0.5 LSB INL, for all parts of the converter’s range.

From these results it can be inferred that when a m(;dified threshold trécking
'mapping algorithm is applied to DAC'’s the results, as far as integral nonlinearity is
concerned, are as good as those obtained from simulations of ADC’s. This suggests
that the technique is as robust and capable as that for ADC’s and therefore, should

be able to improve the linearity of any given DAC transfer function.
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Figure 6.3: The integral nonlinearity plot of a DAC with a fairly simple simulated
nonlinearity.
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Figure 6.4: Another integral nonlinearity plot of a simulated DAC before and
after mapping.
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Figure 6.5: The original and mapped INL of a more complex transfer function
distortion.
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6.2.3. Harmonic Distortion

To determine how the DAC nonlinearity affected reconstructed digi'tally sampled
periodic signals and to what respect this could be countered by threshold tracking,
simulations to generate, sample, reconstruct and distort two tone periodic signals
were written. These allowed the behaviour of both distorted harmonics and
intermodulation products to be observed when the program’s output had been
Fourier transformed. A listing of the piece of code required to generate the

reconstructed signals after the mapping has been performed is given in Appendix D.

Figure 6.6 shows the distortion produced by the same shape of nonlinearity used in
the ‘INI.. plot of figure 6.3, except that the size of the nonlinearity has been scaled
for a 16 bit converter. The spurious peaks are very noticeable as they are around
30-40 dB above the noise floor and hence, represent a serious distortion of the
original signal. After the converter has been mapped these peaks have virtually
disappeared and it is almost impossible to distinguish them from the noise floor, as

can be seen from figure 6.7.

Figure 6.8 shows the situation for a different nonlinearity which has been: scaled
frorﬁ that used in generating the INL plot of figure 6.4. This time even higher order
harmonics and modulation products are prominent and of the same level as those of
figure 6.6. When this nonlinear DAC is mapped, in figure 6.9, the spurious peaks
"are seen to be again largely diminished, although they may be slightly easier to

distinguish than those'in figure 6.7.

When the more complex nonlinearity used in simulating the INL pattern of figure
6.5 is scaled to a 16 bit converter; .not only do distorted harmonics and
intermodulation products appear as expected, but the level of the noise floor
increases by 15-20 dB as well. This obviously represents a severe problem to the
linearisation process as can be seen in figure 6.10. After mapping however, the

transfer function must be reasonably linear as figure 6.11, which shows the mapped
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Figure 6.6: The Fourier transform of an ideally sampled two tone sinusoidal .
signal which has been reconstructed by a 16 bit DAC with a simulated
nonlinearity of the same shape as that shown in figure 6.3.

o POER (dB)
i
5
-100
| W*ﬂ/v WMWWWWMM FREQUENCY
-150
0 0.1 0.2 097

Figure 6.7: The reconstructed spectrum of the same signal as above after the DAC
has been mapped.
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Figure 6.8: The FFT of a two tone sinusoid after reconstruction by a 16 bit DAC
with a transfer function distortion of the same form as that of figure 6.4.
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Figure 6.9: The equivalent spectrum to the above after the reconstructing DAC

has been mapped.
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Figure 6.10: The unmapped spectrum for a 16 bit DAC with a nonlinearity of
approximately 4 bits magnitude and similar in shape to that of figure 6.5.
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Figure 6.11: The mapped spectrum corresponding to the above distorted version.
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spectrum, has no spurious peaks worth noting and a noise floor comparable to that

of the previous mappings, which is well below that of the unmapped converter.

These three sets of figures and the-ir associated simulations have shown that the
'digital,__ to analogue converter nonlinearity distorts harmonics and creates
intermodulation products in much the same manner as ADC nonlinearity does. Use
of the modified threshold tracking mapping algorithm reduces both harmonically
related peaks in the spectrum of signals reconstructed by mapped DAC’s, and -

reduces any distortion or perturbation of the device’s noise floor as well.

6.3. Implementation of Reduced Resolution

As with ADC’s, although the mapping process has worked well, the linearisation
system is left requiring a large amount of memory to implement the mapping,
especially for higher resolution converters. Although memory is relatively
inexpensive it would not be simple to fabricate large segments of ROM or RAM
onto the same integrated circuit as a digital to analogue converter. Any reduction in
the size of the memory block needed would therefore be of great benefit. Adapting
the reduced resolution mapping process, developed for ADC linearisation, to work
in the significantly different DAC application, would therefore be very useful

indeed.

This task is not as difficult as it might seem as the process of forming a mapping
based around only a few points, with Astrai'g,ht line segments of transfer function.
mapping assumed between them, depends only uponAthe number of stored mapping
points and is not influenced by the uée or location of the mapping within thé overall
system.‘ This means that the same program segments can be used to generate the
reduced resolution mapping as were used in the ADC linearisation application.
Similarly then, the same sort of tests can be made to determine the efficiency and
usefulness of this technique when it is applied to DAC linearisation. The hardware

layout of such a system is outlined in figure 6.12, which shows not merely the use of
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mapping offsets, but the full memory reduction system, where only the more

significant bits of the digital input address the Iodk-up table.

6.3.1. Required Addressing

The first simulations to be tested were used to determine a suitable number of
addressing lines for the reduced resolution mapping. This could be measured by
comparing the mean deviation of the range of nonlinearities mapped with different
reduced resolutions. When there was little or no loss of performance caused by the
mapping procedure, for a certain number of look-up table address lines, across a
wide spectrum of converter nonlinearities, then it could be assumed to be safe to

map any distortion to that size of compact look-up table.

For ADC’s this limit was taken to be 10 address lines, although for most distortions
8 bits were generally sufficient. The results of the DAC simulations are represented
in figures 6.13 and 6.14 which were generated by data from 12 and 16 bit linearised

converters respectively.

Figure 6.13 shows that all but one of the rha.ppings has converged to near its
optimum level (a horizontal line) by the time that 9 a.ddress lines have been used.
Only one of the more compleX nonlinearities, which involves periodic eomponents, |
has yet to stabilise, which it finally achieves by 12 bits which represents no
reduction in the resolution of the mapping. However, by 10 bits even this
distortion is within 0.3 dB mean deviation of its final value, which, as can be seen

later, is probably sufficiently close.

A similar si;uation exists for figure 6.14 with most of the nonlinearities having
converged to a very good approximation to the full resolution mapping by around
10 address bits. Certainly all the distortions simulated have reached their optimum
mapping level by the time that 12 address bits have been used. Again though, it
may be sufficiently accurate to use only 10 lines as all the nonlinearities are

extremely close to their final mapped mean deviations by this point.
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Figure 6.13: The mean deviation error performance of a selection of different 12
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the mapping table for a range of different 16 bit nonlinearities. '
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6.4. Results with Reduced Resolution Mappings

Similarly to the full resolution DAC simulations, the results are divided into two
categories: integral nonlinearity/transfer function plots, and those showing distortion

of harmonics and intermodulation products of reconstructed periodic signals.

6.4.1. Integral Nonlinearity

As was to be expected the size of any INL on the plots was increased by the
introduction of a reduced resolution mapping system. Whereas previously, INL was
bounded between = 0.5 LSB it is now less restrained and able to wander further
from the ideal zero line. Figure 6.15 is the INL plot of the nonlinearity used in
- figure 6.4, with a mapping resolution of only 5 bits, or 32 mapping points. The
integral nonlinearity now varies between * 2 LSB, and interestingly the end points
of the converters input range are not zeroes of INL. Discontinuities of the mapping,
where they occur, are now regularly spaced (at the mapping points) whereas in the
full resolution plot (figure 6.4) they »\;ere spaced as frequently as was needed to
maintain * 0.5 LSB linearity. This demonstrates the manner of the loss of-

" performance of INL introduced by the reduced resolution of the mapping.

Figure 6.16 shows a case where there is a much larger loss of linearity due to
reduced addressing. The vertical lines on the mapping show where the severe
nonlinearity has been mapped. This is the result when only 5 bits are used to
address a complex nonlinearity, which has segments of large differential errors.
Even so, there has still been a noticeable imprc;vement in the overall integral -
linearity of the converter. Whilst in figure 6.15 using only 5 address bits still gave a
reasonable solution, clearly something closer to the suggested 10 bit minimum is

going to be needed for a decent level of performance this time.

In fact, when 10 address lines are used, as in figure 6.17, very good performance in
terms of INL is achieved. Here we are almost back to the optimum situation with

INL bounded very approximately between *= 0.5 LSB with no major excursions.
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Figure 6.15: An integral nonlinearity plot of the 12 bit DAC nonlinearity used in -

figures 6.4 and 6.8, showing linearisation performance when only 5 address lines
are used.
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Figure 6.16: An INL plot for a converter which has only 5 bits addressing the
LUT for a complex nonlinearity.
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Figure 6.17: An equivalent INL plot to that of figure 6.16 except that now 10
address lines are used in the mapping.
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This implies that although using only 10 address lines lost 0.3 dB of mean deviation
performance, that small an amount is negligible as far as integral nonlinearity in
DAC's is concerned. This in turn suggests that 10 address bits is overly sufficient to

implement a reduced resolution mapping of even complex nonlinearities.

6.4.2. Spectral Distortions

As an alternative measure of system performance and to confirm the conclusions
made from the INL plots, Fourier transforms were performed on digitally sampled
two tone periodic signals, reconstructed with a range of mapped nonlinear
converters. On the whole these were as was expected bearing in mind the integral
nonlinearity simulations and the earlier reduced resolution ADC data. Figure 6.18
shows the unmapped distortion caused by the nonlinearity of figure 6.15, scaled to.
16 bits, which has prominent distorted peaks, while figure 6.19 shows the output
when the DAC has been mapped with 5 address bits, far below the recommended
amount. The mapped spectrum is much improved as only a few remnant peaks
remain, the larger of which are the two either side of the fundamentals. Apart from
these two features the mapped spectrum compares very favourably with that of -

figure 6.9 which shows a full resolution mapping of this nonlinearity.

When more complex nonlinearities are used, such as the one used in the previous
INL plots of figures 6.16 and 6.17, 5 address bits are no longer anywhere near good
enough. Figures 6.20 and 6.21 show the unmapped and full resolutio.n mapped
spectra for the nonlinearity in question. The initially high noise floor should be
noted, above which distorted peaks can be seen to rise. In the mapped converter,

both of these features have been eliminated and the spectrum looks very linear.

When figure 6.21 is compared with the mapped spectra of figures 6.22 and 6.23,
where 5 and 10 address lines out of the original 16 have been utilised respectively,

several observations can be made.
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Figure 6.18: An FFT of a two tone sinusoid reconstructed by a 16 bit DAC with a
nonlinearity of the type shown in figures 6.5 and 6.10.
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Figure 6.19: The mapped spectrum of the corresponding to the situation shown
above, where the mapping has been implemented with only 5 bits.
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Figure 6.20: The unmapped spectrum of a 16 bit DAC with the complex
nonlinearity of figure 6.16 and 6.17.
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Figure 6.21: A full resolution mapping of the above converter shows the
maximum performance that is available.
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Figure 6.22: The previously distorted spectrum when it has been mapped with §
address bits for the look-up table.
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Figure 6.23: The mapped spectrum of the nonlinear converter of figure 6.20 when
10-addressing bits have been implemented.
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Firstly, for S address bits, there has been some reduction in the magnitude of the
harmonic peaks, particularly the the lower order distortions. Some of the higher
order peaks, however, are actually emphasised by the linearisation process, whereas
the noise floor has remained at approximately its unmapped level. Overall though,

the mapped spectrum is probably at least qualitatively better than the unmapped.

Secondly, for the 10 address line mapping the distorted harmonics and
intermodulation products have been almost tofally eliminated and the noise floor
has been lowered to almost the full resolution mapped level. Only a couple of' noise
like peaks remain to be linearised by the addition of the 6 least significant address

lines.

As with the simpler, less severe nonlinearities, 10 address lines seems to give a very
good level of reduced distortion, and there appears to be little, if any, point in using

" further address bits.

6.5. Conclusions

It has been'shown that the threshold tracking mapping technique can be easily -
modified to enable its application to DAC linearisati.on with results of a comparable
quality to those achieved for ADC systems. The training process for DAC
linearisation is far simpler than that required for ADC’s, needing only a counter

and a good linearity ADC.

The application of reduced resolution mapping techniques to DAC’s is also
straightforward and again the results compare favourably with those for ADC’s.
Generally the use of 10 addressing bits, with 5 bit offsets, for the mapping look-up
table gives virtually optimum performance, in terms of mean deviation, with a

negligible increase in INL bounding and spectral distortion.
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Chapter 7

CONCLUSIONS

The aim of this chapter is to draw conclusions from the work which has been done, .
and to show how the technique for ADC and DAC linearisation compares with
other methods. A basic summary of the results achieved is followed by a discussion
on their relevance and importance. Finally some suggestions for future work on

similar topics and extensions to the current techniques are given.

7.1. Summary of Results

Chapter three introduced and examined the idea and effectiveness of using a digital
mapping to eliminate ADC transfer function nonlinearity. The mapping, which is
stored in a look-up table situated after the ADC in the overall system architecture,
is generated from the characterisation of the converter nonlinearity provided by a
form of code density testing. An algorithm was derived which could utilise the

information contained in the idealised and sampled training signal pdf histograms.

Thorough testing of the linearisation technique, with a large selection of simulated
ADC nonlinearities, has shown that the basic technique is valid. Extensive
investigation was made into the size of the signal pdf’s needed to obtain optimum
performance from the mapping algorithm. It was determined that a minimum code
density of 4 samples per histogram bin (assuming a uniformly distributed training
signal) is required to get a level of mean deviation which is close to the maximum

achievable. For a real system however, it would not be so easy to generate an
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accurate uniformly distributed signal, as it was in simulation.

When a more easily generated sinusoid is used as the training signal, a larger
number of signal samples is needed, to achieve the same level of mean deviation
performance for the mapped converter. This, however, does not affect the

maximum achievable levels of linearisation.

The improvements in device linearity which are possible with threshold tracking
mapping are so good as to bound the mapped transfer function INL error between
approximately = 0.5 LSB, for all simulated nonlinearities. Harmonic distortions
and intermodulation products are almost completely eliminated in Fourier
transformed sampled signals, and qﬁantisation noise floors are returned to their

normal levels.

For high resolution converters i.e. over 12 bits, the proposed look-up table
architecture was found to require too much storage. Two methods of reducing the
system’s memory requirements were developed. The first of these was to only store
the mapping offsets, which required the introduction of a Qigital adder into the
structure of the linearisation system. This allows a reduction of the memory

requirement by a factor of three or more, for high resolution converters.

The second technique was to partition the ADC transfer function into many small
segments, for which the mapping is assumed to be linear. This uses only the
hardware needed for offset storage, providing that there is 2" segmentation of the
converter transfer function. This type of segmentation allows the most significant
bits of the ADC output code to address the look-up table directly, without the need

for any intermediate logic to determine which offset should be accessed.

The results obtained for mean deviation, integral nonlinearity and spectral distortion
compared well with those for converters mapped with a fully addressed look-up
table. The use of only the 10 most significant bits to address the look-up table was

found to be the maximum number required for reasonable performance. This
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enabled the memory requirement for a 16 bit converter to be reduced to less than
0.5% of that originally needed. This effect would be greater for higher resolution

converters.

The small amount of memory now required is easily realisable on a single external
integrated circuit, and would also not be too difficult to integrate onto the same

piece of silicon as the ADC itself.

The hardware implementation of the threshold tracking algorithm proved to be very
successful. The results validate all aspects of the computer simulations, with the
measured harmonic patterns being very similar to those calculated from the raw
sampled digital data. The mappings were found to work adequately for a wide
range of real converter nonlinearities. This shows that the technique will work in
real situations, and confirmed that the simulated nonlinearities exhibited sufficient

realism to adequately model the expected distortions.

Modification of the threshbld tracking mapping technique to enable its application
to DAC linearisation was shown to be relatively easy, generating results of a
comparable quality to those achieved for ADC systems. The training process for
DAC linearisation is far simpler than that required for ADC’s, needing oilly a

counter and an ADC of good linearity.

The application of reduced resolution mapping techniques to DAC’s is also
straightforward and again the results compare favourably with those for ADC'’s.
Geﬂerally the use of 10 addressing bits, with 5 bit offsets, for the mapping look-up
table gives more or less optimum performance. There is however, a small increase
in the limits bounding the mapped INL, and in the magnitude of the remaining

spectral distortion.

7.2. Discussion

Overall, the work has shown that a practical system for the linearisation of analogue

to digital and digital to analogue converters can be achieved by threshold tracking,
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using a readily generated training signal and small amounts of simple additional

hardware.

The limitations of the proposed system are that it always requires an adequately
accurate training signal, and indeed needs to be able to operate in a training mode.
If the converter transfer function is to be maintained as linear throughout the
lifetime of the device, then it will require to be re-linearised to compensate for the
drift of the device’s analogue components with ageing. This is also true of
temperature drift, although the problem can be circumvented, especially for
monolithic converters, by means of traiming the device at the expected operating
temperature and employing other measures to ensure that th;e actual temperature

operated at is as near to predicted as possible.

-This secondary linearisation procedure implies that it would be necessary to be able
to generate the required training signals, internally to the converter. Other
linearisation systems allow the ADC to be re-linearised at any time, some even
during the normal operation of the deyice, and hence do not suffer from the drift

problems outlined above.

The DAC linearisation scheme, on the other hand, has no such problems generating
the appropriate training signal, as it is purely digital. It does however, require a
very linear ADC, with at least as much resolution and lineérity as the DAC being
linearised, and hence it is impractical to attempt this form of converter re-

linearisation in-situ.

All this means that the threshold tracking linearisation schemes would be most
applicable to erradicating large scale nonlinearities, in that the loss of performance
due to drift processes would be negligible when compared to the initial nonlinearity.
This implies that the linearisation and storage of the mapping could be implemented
as one of the latter stages in the production process. In this scenario, where full

speed testing and characterisation is often already carried out, it would be of
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relatively minor extra cost to add a linearisation step to the production process. This
form of converter linearisation would eliminate the requirement for laser trimming
in a large number of cases, and would also allow higher resolution/linearity devices

to be packaged from common chip sources, than is currently possible.

7.3. Future Work

Possible future developments might centre around reducing the dependency of the
system on a large number of accurately known training signal samples. This might
allow the the training system to be contained within the converter. This then means
that the converter could be re-linearised as often as necessary for the application to

which it was being applied.

One method by which this could be achieved might be to replace the current look-
up table mapping with an equalisation filter, which would adapt to have a transfer
function which was a direct inverse of that of the converter. To achieve this the
adaptive n.onlinear filter would have to be trained by a known sequence, as is the
case for other forms of adaptive equalisers. The length of this sequence might
ext;and to only a few hundred samples. This is a significant reduction on the tens or
hundreds of thousands of samples required in the threshold tracking method (for

ADC linearisation).

That such a small number of samples could be sufficient to characterise the transfer
function of the converter, can be deduced from the small number of mapping points
used in the reduced résolution mapping simulations. These showed that even quite
large nonlinearities can be considered to be linear over small segments of their
transfer functions, and hence, any. deviation of the inverted transfer function

between the training samples would probably have relatively minor effects.

As already stated, the form of the required adaptive equaliser is nonlinear. The
exact form which this nonlinearity would take, would be determined by the actual

converter nonlinearity. Therefore it would be necessary to develop a general form
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for the filter nonlinearity (eg. Chebychev polynomials and exponentials) which
would be a good enough generalisation to model all realistic transfer function
inverses. An initial study of this technique showed that the choice of the nonlinear
filter, and its compatability with the modelled transfer function is crucial to the

performance of the equaliser.

Of course, there may be no generally useful form that the nonlinear equaliser can
take, which suggests that implementation might only be possible using neural

networks.
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Appendix A

THRESHOLD TRACKING SOFTWARE

include <stdio.h>
include <math.h>

It 3t

define begin (
define end )
define boolean int
define false 0
define true 1
define NULL O

3t 3t I I 3 I

# define levels 65536 /* quantisation levels of main DAC */
# define PI 3.1415926
int mapping([levels], /* the mappings produced */
offset(levels], /* stores mapping point offsets */
ref_map(levels], /* the reference mapping for current sample size */
non_lin{levels], /* distorted pdf */
temp,
new,
last,
map_points,
points=1024,

L

double threshold=0.5, /* the fraction of linear pdf used for d.t. */
step=2.0/levels, /* ideal quantisation step */
base_error=0.0, " /* the unmapped error */
samples,
inc,
temp2,
temp3,
XX, YY,
distortion();

char option,*errfile=NULL,*samfile=NULL,*mapfile=NULL,
*msfile=NULL,*sigfile=NULL;

FILE *err_fp,*fopen(),*sam_fp,*map_fp,*ms_fp,*sig_fp;
boolean not_mapped,start_of_loop;
/'tttttﬁ'ﬁit SUBROUT INES if*".tit'.'i/

rounded(a) double a;

(¢

int result; .

if(a<0.0) return((int)(a-0.5));
else return((int)(a+0.5));

>

find_error() /* adds up the total error in a mapping */
tegin
double ni,error=0.0,increment; /* increment is a single error sguare */
err_fp=fopen(errfile, *a");
for(iz=0;i<levels;++1)
begin
increment=((i+1)*step/(distortion((mappinglil+1)*step-1.0)+1.0)-1.0);
increment*=(i+1)*step;
increment*=step;
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error+=fabs(increment);

end; !
if(error!=0.0)
( .
error/=levels; /* to give the mean square error */
error=10¥log10(error);
)

if(base_error!=0.0)
error-=base_error;
else base_error=error;
fprintf(err_fp,"%d MP %6.1f S %6.3f dB.\n'",map_points,samples,error);
increment=0.0;
fclose(err_fp);

end

thresh_track_map() /* Algorithm 3,ver. 2 mapping subroutine */

begin

int a,b=0, /* the array pointer variables */
non_sum=0; '

double diff, /* the difference between the sums */
lin_sum=0.0, ’
limit=threshold*samples/levels; /* decision level for mapping */

boolean done_loop; /* ensures only one while loop entered */

for(a=0;a<levels;++a)

begin

if(b<levels)
begin
Lin_sum+=(samples/levels); /* update the linear sum */
non_sum+=non_linfal; /* update the non-linear sum */

done_loop=false;
diff=1l in_sum-(double)non_sum; /* calculate the difference */
if(diff>limit)y /* a map  needs to be adjusted */

begin /* adjust’ pointer as requuired */
lin_sum-=(samples/levels);/* sub the last pdf height and */
b--; /* decrement the pointer */
done_loop=true; /* this ensures only one loop entered */
end; -

uh\le((dlff<(0 limit))&&(done_loop==false))
begin /* non_sum - lin_sum > decision threshold */
lin_sum+= (sanples/levels), 7* add the next bin frequency */
b+

diff=tin_sum-(double)non_sum;
/* recatculate the difference */

end;
if(b<0) /* test for negative maps */
begin .
lin_sum=0; /* catches errors at start of procedure */
b=0; .
end; :
mapping (a] =b++;’ /* mapping is recorded and linear pointer
is incremented */
end /* non-linear pointer incremented by for loop */
else mappinglal=levels-1; )
end
end
main(argc,argv) int argc; char *argv(];
begin
while(--argc>0 && (*++argv)(0)=='-")
begin
option = *(argv(0]1+1);
switch(option)
begin
case ‘m’: /* contains Map Point list (last 0) */
mapfile = *++argv; . ’ :
argc--;
break;
case ’'e’: /* error storage file */
errfile = *++argv;
argc--;
break;
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case ‘o’: /*
sigfile =
argc--;
break;
case ‘d’:
msfile =
argc--;
break;
case 's’:
samfile =
argc--;
break;
default:

*++argv;

/t
*++argy;

/t
*++argv;

output signal (unmapped file) */

output harmonics (mapped) */

sample sizes (last 0.0) */

fprintf(stderr,*inlplot: illegal option %c\n",option);

exit(1);
break;
end;
end;

if((samfile==NULL)||(mapfile==NULL)|]|(errfile==NULL))

begin

fprintf(stderr,"inlplot: not enough files specified\n®);

exit(1);
end;
if(t(ms_fp=fopen(msfile,w")))
begin
fprintf(stderr,"inlplot: can’t
exit(1);
end;
if(l(sig_fp=fopen(sigfile,"w")))
begin
fprintf(stderr,"inlplot: can’t
exit(1);
end;
if(!(err_fp=fopen(errfile,"w")))
begin .
fprintf(stderr,"inlplot: can’t
exit(1);
end;
fclose(err_fp);
if(t(map_fp=fopen(mapfile,”r*)))
begin
fprintf(stderr,"inlplot: can’t
exit(1);
end;
if(! (sam_fp=fopen(samfile,"r")))
begin
fprintf(stderr,"inlplot: can’t
exit(1);
end;
for(i=0;i<levels;i++)
find_error();
fscanf(sam_fp, "%l f", &samples);
while(samples!=0.0)
begin
inc=2.0/(samples+1.0);
temp2=inc/2.0-1.0;
for(i=0;i<levels;i++)
while(temp2<1.0)
(
temp3=distortion(templ);

temp3=(temp3+1.0)*levels/2.

temp=(int)temp3;"
++non_lin(temp];
templ+=inc;
>
thresh_track_map();
map_pcints=0;
find_error();
xx=0.0;
yy=0.0; .
fer(i=1;i<(points+1);i++)
begin
temp3=sin(xx)+sin(yy);
temp3*=0.375;

non_Lin(il=0;/*

open \"Zs\"" msfile);

open \"Zs\"" sigfile);

open \"Zs\"",errfile);

open \"%s\"" mapfile);

open \"%4s\"" samfile);

mapping [(il=i;

/* unmapped error */

/* setting up sampling */
zeroing pdf */_

g;

/* getting pdf histogram */

full mapped performance */

temp2=distortion(teme3);
temp3=(templ+1.0)*levels/2.0;
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temp=(int)temp3;
temp2=(temp+0.5)*step-1.0;
fprintf(sig_fp,"%f\n", temp2);
temp2=(mapping[temp]+0.5)*step-1.0;
fprintf(ms_fp,"4f\n", temp2);
xx+=180.0*P1/points;
yy+=120.0*P1/points;
if(xx>(2.0*P1)) xx-=(2.0*PI);
ifCyy>(2.0*PI)) yy-=(2.0*Pl);
end
for(i=0;i<levels;i++) ref_mapl(il=mappingli);
fscanf(map_fp,"%d",&map_points);
while(map_pointst=0)
. .
last=0;
for(i=1; i<=map_points;i++)
/* array index of Map Points */
temp=((int)(i*levels/map_points))-1;

new=ref_map[temp] - temp; /* offset at the Map Point */ -
of fset(i-1]l=rounded((double)((new+last)/2.0)); .
last=new; /* average between two MP’s */
) .

for(i=0;i<levels;i++)
( /* convert "mapping” for “"find_error" */

mapping[i]=i+offset [(int)(i*map_points/levels)];
- if¢mapping[il>(levels-1)) mapping(il=levels-1;
else if(mappingli)l<0) mapping[il=0;
) .
find_error();
xx=0.0;
yy=0.0; .
for(i=1;i<(points+1);i++)
begin
temp3=sin(xx)+sin(yy);
temp3*=0.375;
temp2=distortion(temp3);
temp3=(temp2+1.0)*levels/2.0;
temp=(int)temp3;
temp2=(temp+0.5)*step-1.0;
fprintf(sig_fp,"%f\n", temp2);
temp2=(mapping (temp] +0.5)*step-1.0;
fprintf(ms_fp, "Xf\n", temp2);
xx+=180.0*P1/points;
yy+=120.0*Pl/points;
if(xx>(2.0*P1)) xx-=(2.0*PI);
if(yy>(2.0*P1)) yy-=(2.0*Pl);
end .
fscanf(map_fp,"%d",&map_points);
>
fclose(map_fp);
map_fp=fopen(mapfile,"r"); /* reset file pointer */
fscanf(sam_fp, "%l f*, &samples);
end
fclose(sam_fp);
fclose(map_fp);

fclose(ms_fp);
fclose(sig_fp);
end



Appendix B

HARDWARE IMPLEMENTATION DETAILS

This Appendix contains detailed information on how the linearisation hardware was
implemented. This includes several circuit diagrams, and functional structure

diagrams. The software required to operate the system is contained in Appendix C.

1. Circuit Diagram of Nonlinear ADC

Figure B.1 shows the main circuit diagram for the ADC with adjustable linearity.
This was achieved by the use of variable resistors in the construction of the R-2R

reference ladder.

2. Circuit Diagram of Linear ADC

Figure B.2 is the circuit diagram for the CS5014 ADC, excluding the power supply
decoupling components, for the sake of clarity. This 14 bit resolution device was
linear to 14 bits and would, therefore, be very accurate when only 12 of the output

bits were being utilised, as in this case.

3. High Level Interconnect of TTM Card

The block level interconnect of the circuit components for the TTM card is shown

in figure B.3, where the data/control flow of the basic structure can be easily seen.
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4. The TTM Card System Interface

In order that the operation of the TTM card can be more easily understood, it is
necessary to know something of the operation of the system in which it operates. At
the heart of the DDS system is its backplane, and the protocols used in its
operation, and it is these signals, in as much as they affect the TTM card, which are

described here.

Each cycle of the bus signals was divided into 32 transactions in which data could
be sent or received to/from the data bus. The transactions were further divjded into
two sets of sixteen by the use a line called PAGE which wés low for the first set and
high for the second. For ease of deco:ding individual transactions there were 16
signals labelled BAO to BAI1S which went low during the appropriate bus
transaction slot. A more detailed view of transaction timing can be gained from

figure B.4.

Two clock signals were also supplied by the backplane. These were the bus clock
(BC) and the address clock (AC). BC was the fundamental DDS clock and had a
frequenc.y of 10.560 MHz and AC was a quarter of that. AC was used, by all DDS
cards, primarily to latch incoming data from the bus. This means that all output
registers and latches had to be loaded well in advance of AC going high. Figure B.S
shows the rélationship of these two clocks in more detail and also shows the times

that input/output data on the card data bus (DA) was valid.

Now that the timing of bus transactions has been explained it is possible to
understand the DDS interface circuitry. As can be seen in figure B.6 the interface
to the system backplane involved se\}eral sets of latches and buffers. The timing
signal buffers were 74-244 unidirectional buffers, whereas the DDS bus buffers were
74-245 circuits which were bidirectional and controlled by one signal line. As the
74-245 defaulted to the card input condition (DIR pin high) care had to be taken to

ensure that the 29823 bus driver circuits were only output enabled when the
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bidirectional buffers were configured in the output mode. This implied that data
had to be loaded onto the bus driver’s inputs in the period between the last time
data was read from the card and a point sufficiently before the driver was output

enabled to comply with the required set up times for the device.

This was most easily achieved by enabling the 29823 clock during the previous
transaction to that used for card output, so that data could be clocked onto the bus

driver latch at that point.

Operation of the input latch- was much simpler in that it was only necessary to
enable the data during the appropriate transaction. Due to the tristate output
capabilities of all latches used in the DDS interface it was necessary to take into
consideration the potentially transitory nature of all data. i.e. data was only valid
when latches were output enabled, and this was generally only during one

transaction timeslot every bus cycle.

In the case of the TTM card, transaction 1 had been desighated the data input
timeslot and transaction 8 the output. Although these choices were fairly arbitrary,
they did allow'ample time for setting up data and make data timing restraints less
stringent. This resulted in JAM, PAGE and the BAS pulse being OR’ed together to
provide the directional signal to the 74-245 buffers and to output enable the 29823
bus driver latches. The BA1 pulse was OR’ed with the PAGE signal and the result
was then shifted by two BC pulses before being connected to the oc input of the

74-574 input data latches.

The reason for the bus iﬁput latch enable being shifted through two D-type flip flops
was that it allowed simpler implementation of the R/W switch and the general

timing of the look-up table operations.

5. Look-up Table Hardware and Control

Due to the way that the look-up table had been constructed, the data lines for input

and output to the rest TTM card circuitry, were connected to both the input side of
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a set of latches and the output side of a different set of latches. This meant that care
was needed to ensure that both sets of latches, and the memories, were not being

-

driven simultaneously.

The tight timing reqﬁirements of the Hitachi HM6168-70 4096 X 4 bit Static
RAM'’s meant that a foolproof circuit scheme was needed to ensure that the control
of the two independent signals, C—S'- and WE was correct. To this end a manual two
pole switch was fitted to the board so that the contents of the memories could not
be overwritten accidentally and that the very different signal timings in the read and
write modes could be kept under strict control. This switch was labelled the R/'W
switch, and figure B.7 shows a schematic of the logic in which its use facilitated
control of the memories in the way described. A number of delay D-types were
needed in the two circuits, this was make sure that the data was inpuf enabled at
the correct point in the read/write cycle of the memories and that there was no

overlap or incorrect accessing of the memories.

6. ADC Port and Control

In order for the correct operation of the spectrum analyser, it was necessary to have
the ADC’s sampling the input signal over a long period of time (several minutes).
To this end the ADC’s had to be controlled by hardware, as the software system

could not provide continuous operation.

The ADC port consisted of two pattern 17 connecters for the two ADC clocks and
a 26 way 3-M male connecter. Of the 26 pins, 24 were used for the two sets of 12
bit parallel data from the ADC’s, with the other two pins being used for the
HOLD/S and SAMP signals. Figure B.8 shows exactly how the connecter was
configured, with the least significant data bits being kept away from the control

signals in an attempt to reduce any crosstalk problems.

Figure B.9 shows the detailed timing and sequence of the two control signals. The

rates and shapes of these signals were chosen so that only one conversion was made
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by the linear ADC in the sample time allotted, that there was ample time for the
nonlinear ADC to complete a conversion whilst the sampled analogue signal was
held. and that sufficient time was allowed between conversions for the S/H

mechanisms to track the analogue signal accurately after the hold cycle.

Figure B.10 shows thé ,16gic schematic used to generate HOLD/S and SAMP. It will
be noted that the same signals are derived from two different circuits. This is
because the design and operation 6f the NCC card data sequencer/logger h}a;'dware
meant that only 8K data samples could be sequenced/logged at any one time, before
the whole block had to be uploaded to the 200 series computer. The 8K samples
took only 0.2 seconds to log and this was not enough time for the gpectrum analyser
to produce an accurate represeﬂtation of the spectral information contained in the

sampled signal.

To get round this probleﬁ it was necessary for the ADC’s to be able to sample
signals continuously, independently of software controlled signals. Consequently a
counter was used to generate the two control signals from the hardware originated
PAGE signal. To avoid the problem of having to ensure that these signals were
synchronised with the control software’s sampling requirements, a switch was
provided (H/S) which allowed the origin of the signals to be changed with only a

transitory disturbance in ADC operation.

The two clock signals of approximately 1.25 MHz and 200 kHz were generated by
dividing the frequency of the BC and AC clock pulses using counters with division
factors of 8 and 12 respectively. It was not necessary for the phase of the clocks to

be in step with the ADC control signals.

The 24 bits of input data from the ADC port were processed differently depending
upon which ADC they originated from. The linear ADC was connected direc;tly to
the input side of the 29823 bus driver latches, whilst the nonlinear. data was latched

by the ADC data input 74-574’s. This allowed control of when the Static RAM
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address lines were tri-stated and when they were driven by the nonlinear ADC
output, and hence avoided any bus contentions. The output enable line to the
ADC data latches was provided by the BA7 signal shifted in time by two BC clock
pulses and OR’ed with BAS, thus giving an elongated enable pulse, which allowed
enough time for the memories to be accessed by the ADC address data before the

RAM output was latched by the bus drivers.

7. DAC Port and Control

In order to interface the TTM card to the external ADC, it was necessary to
generate an appropriate timing signal, and some method of switching between the

two converters. These functions were provided by the DAC port circuitry.

The DAC port consisted of a 3-M 26 way male connecter and one pattern 17
connecter. The DAC clock sign'al was fed to the external pod via the pattern 17
lead. The signal for this implemented by OR gating the output enable signal to the
29823’s with an inverted version of the ADC SAMP signal, so that at the moment
the ADC S/H circuits were re-tracking the analogue signal, their output data was

stable and complete and the 29823’s were driving the DDS, the DAC was triggered.

Of the 26 pins on the male connecter, one whole side was earthed and one pin was
unconnected. This was the configuration specified for use with the DAC pod and
can be seen in more detail in figure B.11. The data to be fed to the DAC came
from the outputs of three quad 2 to 1 74-157 multiplexers. The inputs to the
multiplexers in turn came from the bus driver latch outputs, with the two sets of
data being the linear and mapped nonlinear ADC data respectively. Linear or
Nonlinear ADC data was selected by the position of the L/N switch which

connected the multiplexer select signal to logic high and low, as required.

As has been explained previously, there was no easy way of controlling the DAC
port by software and consequently its output only made sense when the system

software was in a wait state and the ADC’s, and the rest of the TTM card, were
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being-controlled by the hardware.

8. Program Overview

This section gives a brief overview of the control program for the ADC linearisation
hardware, and how to use it. A block structured flow diagram of program control

is shown in figure B.12 and is described here.

The first thing the program had to do was to initialise all arrays and variables. This
included setting thé bins of the pdf histogram arrays to zero and required setting up
the array which stored the ADC rhapping with an X=X mapping which would
enable the actual nonlinear ADC output data to be transferred directly onto the

DDS.

After this mapping had been set up, it had to downloaded to the NCC card from
where it could be written to the TTM card’s look-up table, after the program user
had first ensured that the R/W switch had been set to the write position. Once this
process was complete and the sample size of the pdf to be taken had been decidéd,
the séq‘uencer array had to be set up with the correct bit patterns to generate the
ADC sampling control signals. This array would then be sequenced to the TTM
card whilst the output of the ADC’s was logged by the NCC card. It was necessary
to have the H/S switch set to the Software position during this stage of the program
and the analogue input signal would have to be correctly scaled and of the correct
type to generate the required linearly sampled pdf e‘.g. a ramp sigﬁal varying with

time between 0 and 5V (the input range of the ADC’s).

Next the pdf array would be updated by the 2K samples grabbed by the 8K of
sequence data ADC control signals. This data acquisition loop would be repeated
until the complete pdf sample size had been logged in blocks of 2K. The two
accumulated pdf’s could then be displayed on the monitor, with their y-axes scaled

to the maximum bin value in the respective histograms.
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The next step in the program was the calculation of the nonlinear transfer function
mapping from the information contained in the two pdf’s. After the threshold
tracking algorithm had generated the mapping it was displayed on the monitor.
Although it was not possible, strictly speaking, to display the"transfer function
mapping without explicit knowledge of the the ADC nonlinearity, an approximate”
idea of the dimensions and shape of the inverse of the nonlinearity could be gained |
by plotting the values of the mapping as a set of coordinates. It was not therefore
possible to show changes in the transfer function relating to the use of the Mapping
Algorithm, as neither the original . nonlinearity nor the real, mapped transfer

function could be shown.

The analogue signal would then be changed to the test signal, usually a sinusoid of
a magnitude of approximately two thirds of the ADC input range. This signal had
to be of a frequency which would give a certain number of full cycles in the DFT
time window, in order to avoid any data windowing problems. In order to exercise
the largest number of ADC output codes, the number of full cycles should be
relatively prime to the order of the DFT. This meant that due to the sampling rate
of the software controlled ADC'’s, a suitable test signal frequency was calculated to
be 371.09 Hz. This corresponded to nineteen full cycles of the waveform in the
DFT time window and made the first harmonic of the sampled signal appear at a
point suitably near the y-axis of the DFT plot, hence leaving lots of space for a large

number of higher order harmonics to be displayed.

The sequencer array was then triggered once more so that samples of the sinusoidal
test signal could be logged. This logged data was converted back to the 12 bit ADC
samples and then to the ideally DAC reconstructed floating point format required
before the DFT software could be used. After the DFT’s had been performed the

results could be displayed on the monitor.

The mapping produced from the two sampled pdf’s could then be loaded into the

TTM card look-up table by the same method as the original X=X mapping was.
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As before, the R/W switch would have to be set to write so that the original

mapping could be overwritten.

Program control then returns to the initialisation stage to ensure that the DFT
software will perfoi‘m a second time as this was found to be problematical area. The
user then cycles through all of the above procedures, omitting any unnecessary
pieces of code when given the option to do so. This time the sampled signal has
been mapped before its DFT has been taken and hence any changes in the signal’é
spectral content after the mapping process could be clearly seen by comparison of-

the monitor outputs.
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REAL Rec_1in(2947)

INTEGER Fdfs(4095,1)

INTEGER Rlog(8131,1)

INTEGER Dat(8i91,1),5amp_arr(&iSi, 1)
INTEGER Timeslots(d4)

INTEGER EBag(i , i) No_map,First_time
RERL Calib ,Samples
ir

{

-

ITECER Buff(-1:511)

PRINT CHR3(12)

GCLEAR

DIsP "ARC LINEARISATION 87 TRAMSFES FUNMCTION MAPPING”
rOR A=9 70 490355 )
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HEXT A
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Eigit,9)=23

ng(i 1)=9

“CC YOU WalT TG . WRITE A
IF Cz="N" THEN

G3TO 730

END IF

CAaLL Write_map(Timeslots(*) Mapping(¥), Dau(*))
CaALl Tslots_mode_8(Timeslots(+))

CALL Seq_load_8(Dat(+))

DISP "PLEASE SET SWITCH TO 'WRITE®

MerFlbe? (st Ue

IF YOU WANT TO SET 'NO-MAP'*
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CALL Trig
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FARUSE
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Samples=(Samples DIV 2043)+2043
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WAiT 2

Az=" "

INFUT "CK 7 (N)", 43

IF As="1" THEN

CCTo 7322

ZHG IR

CALL Sample(Timesiots(+) ,Dat(+) , Samp_arr(=))
tzzr-

FCAR 8=1.9 TO (Samples CIV 22420 STZF 1.0

CAlL Telots_mocde_=(Timeslicisi{~))

Call S=2g_leoad_6&{(Cati{*):
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Toll rornm ,Eigie))

IRl B
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GJ70 2183

END IF

GCLE=R
VIEWFORT 9,1590,23,i199
WINGCW 9,512,9,2:
MOUE 9,9
ORAW 512,512
MOUE 139,400
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MGUE 9,9

For Ty 7

FOR Y TO S

SR tzopanglSeSilos -2l
i :

[

r

LIz Coo,izlll s
BEEFSE ¢,4vto ¢, A0zt
mMouE C,0

Gral 2035 ,40%35

MOUE 9,9

FCRE A=1 TO 40%S

DRFAY A ,Mapping(A)
HMEXT A

FAUSE
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I First_time=First_time+]
' IF First_time=2 THEN
I GOTO 620
' END IF
I END
CALL Write_map(Timeslots(*) Mapping(#*),Dat(*))

CALL
CALL
DIsp
PAUSE
CALL
DI3P

Tslots_mode_B(Timeslots(#))
Seq_load_2(0at(+))
"SWITCH TO' WRITE' TO ENTER MAPPED TRANSFER FUNCTION"

Trig
“SET SWITCH TO 'READ'"

FAUSE

GOTO0
END
! ,
SUB Seq
i
[ THIS

10

_load_8(INTEGER Dat(+))

SUB PROGRAM LOADS THE 8K SEQUENCER RAM WITH THE CONTENTS

I OF THE ARRAY DBat(*).

DISP "LOADING SECQUENCER PLEASE WAIT"
CONTROL 12,2:2
CCNTROL 12,0;! ‘ _
INTEGER Seqbuff(8131,1) EUFFER
ASSIGN @Path TO 12;WORD,FORMAT OFF
ASSIGN BPathl TO EUFFER Seqbufi(+*);FORMAT OFF
CUTPUT @Path!;;Datis)
TRANSFER 8Path! TO BPain:WAIT
gisep = "
SUBEND
SUB Trig
i
I THIS SUB FRGERAM PUTS THE NCC INTO BUS I1/0 MGOE
I ITS EXACT MSIZ OF OFEEATION GEFENDS ON THE OPTIONS
b/ TIMESLOTS SZLECTED I SUB T_slots_mode.
MB Al ACTIVE 51id INDICATES THE LOGGER RAM IS FULL.
| ar ACTIVE Siil IMDICATES THE SEQUENCER RAM I3 FULL.
COHMTROL 12,051
TOHTROL 12,240
JIZP "GRAEBING DaTA ASE WAILT
ITATUS 12,35Uzlus Z S CF Zi:0,IF HIGH
Torl=SIT hzigell; CLOW I RROGRAM) THEN LC3IES
IF 28 2=0 THEL IIONOT FULL AT WE MUIT WAIT
173 IsI: 7O ChIZF IF SETUENCER I3 FInIZ=sC
ILTIF USZ Z:iii IZ BITWaiue,il
TRIS COMTRIL
SNt &7 EMASL_IC
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2722 DISP "ERFCR: CLLOH CR PCWER SUPFLY MNON-EXISTANT”
ZYED COMTROL 12,2:3 :
2779 CONTROL 12,0;}
2759 INTEGSER Srbuff(i}) EUFFZR
C733 ASSIGH €Route TT iZ:WORD,FORMAT OFF - °
239 ASSIGH BEuLiTR TCO ZUFFIR Srbufi(*);FORMAT OFF
C3E37 QUTRUT BEuifdiTimzslcisie) ’
ZE20  TRAMSFCR fzuffl 79 3Scute i MAILT
2¢29 DisP "
2340 SUBEND
2258 |
2258 SUB Log_dump_B8(INTEGER Rlog(+¢))
2870 |
23¢@ | THIS SUB PROGRAI LOADS THE COMTENTS OF THE LOGGER
2850 | RAM BACK INTO THE COMPUTER. THE DATA ENDS UP IM AN
2969 t ARRAY Rlog(+*) IN THE SAME FORMAT A5 THAT OF Dat(s)
2916 t IN.SUB SEQ_LOAD_8. THIS PROGRAM IS FOR USE IN THE SIHGLE.
2320 1 SHOT LOGGING MOCOE.
23939 ' NOTE THAT IN SINGLE SHOT MODE THE LAST 32 BIT VECTGR IN
2940 ' THE ARRAY Rlog(+) WILL BE INVALID WHILST, IN WRAPAROUND
2353 | MODE THE LAST VECTOR WILL BE VALID.
2883 |
7 DISP “"UPLOADING DATA FRGM LOGGER PLEASE WAIT”

CONTROL 12,2351

CONTROL 12,051 I *#x SEE NOTE ASOUE »#s
INTEGER Resultsbuff(8iS!,1) BUFFER

ASSIGN @Route TC 12;WORD,FORMAT OFF

ASSIGN BBuffl TO EUFFER Resultsbuff(+*);FORMAT OFF

TRANSFER @Route TO @cuffl.wﬁlT

ENTER B8Buffi;Rlog(*)

pIisp * "

SUBEND

i

SUB Tta_map(INTEGER Pdfs(+) Mapping(*),No_map ,REAL Samgies)
' THIS SUB PROGRAM DOES A FULL RESOLUTION THRESHOLD

I TRACKING ALGCRITHM MAFFING OF A NONLINEAR ADC, TKE

I SAMFLED FOF OF WHICH IS STORED IN PDFS(Q,+). TP: LINESS
FOF I5 STORED It FCFZ{t, e,

<) W N WO

) W 0

o3

CLiy — 3 U~V UY g U ry —

(P ra )W aLoidouedadddoddonoe o

M GGG G G G LG GO GGl O ol NN
OGO E

!
!
2 INTEGER B8 ,0one_icscp
< REAL Non_sum ,Lin_sum C:¥ff Lxﬂ-t
g DISP "THRESHOLD TrRACKING "CCPI A ACTIVATED
T £=9
z Non_sun=0
S Lin_sun=0
2233 HNo_mapsl
2213 Limit=Samples+.Z.43z5
2227 FOR A=3 TO 408¢
ZZIZ3 IF B-40%c THEN
I222 Linm_sumsiL:in_sum+r3iz.Z 1
22zl zn_sumsiloen_sumwsz2iz.~ 0
2z Ccone_loogp=2
IZT2 Gaff=rin_sum-Non_zun
2222 IF Diffitimii TRIN
IIZ2 im_sumsiin_zum-Fziz =

[ N |
(10
)
)
[l
1

t
i
1

LR A
]

1]
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WHILE (Diff<9-Lim1t) AMD (Done_loop=False)
5=5+1
Lin_sum=Lin_sum+raf=z(E, 1)
Diff=Lin_sum-fon_s '
END WHILE

IF B<® THEN

Lin_sum=9

g=9

EMD IF

Mepping(A)=8

IF A<>B THEN

pe
(o]

"
©

map

enD IF

S=2+1

ZLSE .

MappingliA)=493E

cib IF

HELT A

SUCZiD

: 7-—:_:;"-*1,531\';,Samp_ar -
ST LIIL, TIMEILOTS FOE TRE
Paied B [P I > IRkt

TTit CARD FROIM THE TWO ADC's.
SaMP LIMES TO THE AGC's

*SETTING UP THE TIMING SIGNALS"
TRANSACTION 1

pIsP
Timeslots(@)=2 |
Timeslots(1)=0
Timeslots(2)=256 |
Timeslots(31)=0
Timeslots(4)=16 |
FCR A=0 70 813t
SELECT (A MOD &)
CASE =0
Dat(A,1)=3072 |

TRANSACTION 8

SUERATE LOGGING/SEQUENCING (2)

27(258-18)+2"(27-16)

CARSE =3

Dat{A,l=1222¢ b Z27(22-16)+2"(28-16)
CaceE =t,=2

Cat(A,1)=0

EMD SELECT

Gat(n,d)=0

Samp_arr{f ,@)=9
Semp_arr(A, 1 )=Dat(h |}
HEAT A

SUSEND

|

{

1}

:

US Form_pdis{INTEZZR Ricg(+),Pdis(«),Big(*))
THIS SUB Wikt FIC T TREZ 3ZELIUANT DATA FROM THZ
ARRAT RLOG WHICH TLLzZl I C_DUMP_%

S OSET-UR v 0aTh QEJEZIT

; i0.

!

INTEZZR Temp

TIZE CFORMINGS THE =07':z FroM TRZ LOG2ED BATSY
FOR A=Y 7O 2130

IT (A MCT $5=32) TmZ

Temp=ShIrTiSRIFT Rz =, 2 ,-41, %)

‘ AFLile THE DIGIral §16:4L SUFFLIED TO THE

I IT ALSO LOADS THE OAT ARRAY

| UITH THE RELEVANT INFCRMATION TO CONTROL THE HOLD EAR AND
§
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fs(Temp,®)=Pdis(Temp ,2)t!
Pdfs(Temp,0)>6ig(d,d) THEH
{9 ,0)=Pdfs(Temp,0)
tig( 1,0 )=Temp
EMD IF
Temp=SHIFT(SHIFT(Rlog(FA, 1),
Pdfs(Temp,!)=Pdis(Temp,il+!
IF Pdfs(Temp,t)>Big(@,1) THEM
Eig(0@,1)=Pdfs{(Temp, 1)
Eig(t,1)=Temp
END IF
EHD IF
HEXT A
SUBEND
{

1o O e T
L

V-

-g) ,4)+SHIFT(Rlog(A,G6),12)

eslots( =) Mepping(#),Datt+):
JUEMCER ARRAY DAT SO THAT Tk
RED IN DA12-DA23 AND HENCE |
TTM BJARD

¢ THIS UB SET: Ur Th
| REQUIRED MAFFRING IM S
TO THE MEMORIES ON Trc

,m
iy =

FE5

O,z
(DB ¥ PRy}

“bExTINF LF SE ARRAY WITH A MAPPING.
meslots(@)=2
meslots(1)=9
meslots(2)=2%0
meslots(3)=9
meslots(4)=9 |

A= TO 813!

RRECT 1/0 AND FULL RATE

UB Prep_data(PEAL Rec_lin(#) Rec_non(#), INTEGER Rlog(+*))
I PUTS DIGITAL DATA FGORM RLOG INTO THE ARRAY RECORD

191

{ IN A FORMAT (REAL MNUMEERS) WHICH CAN BE USED BY AN FFT FRTZRAM
|

INTEGER Temp

DISP "PREFPARING LOGGED 0ATA FOR FFT”

FGR /=0 70 818!

IF {((A MOD 4)=3) THEH

Taemp=SHIFT(SHIFT(Rlog(A,8),-4),4)

mec_nonip DIV 4)=(Tems+.3)/42353

i Fec_non(A CIV 4)=Rac_ncn(f OIV 4)+.8«COSC(2+«{A DIV 23-% =
7emp=5”':T\-H::T(3F'~' Slogia,1),=8),8),~4)+SRIFT{(Rlcg.~,<
Fac_lima DIV a)=(Temz+.2)/33%2

i Rec_lin(A DIV 4)=R=z_linih DIV 43«.5-008((2+(A DIL ;-3 z
=D IF )
NEAT A

SUEEID

C3UB FrutCalic ,iNTEsZs Zuri s

CIUB A _to_b(INTEZZR Inc tum ,RIAL Arry,Celib ,INTECER 2277
2245 B _to_alllTZZER Inz RZAL Calib,INTZCER EBu :r,RE;L Arry

m

ut



Appendix D

DAC LINEARISATION SOFTWARE

include <stdio.h>
include <math.h>

T 3

define begin {
define end )
define boolean int
define false O
define true 1
define NULL O

I+ 3 I I I I

define levels 65536 /* quantisation levels of main DAC */
define PI 3.1415926
define points 1024

I I R

int mapping{levels], /* the mappings produced */
non_lin(levels], /* the psuedo NL pdf */
offset[levels], /* stores mapping point offsets */ .
ref_map{levels], /* the reference mapping for current sample size */
temp,
new,
last,

map_points,

1;

double threshold=0.5, /* the fraction of linear pdf used for d.t. */
step=2.0/levels, /* ideal quantisation step */
base_error=0.0, /* the unmapped error */
inc,
temp2,
temp3,
XX,YY,
distortion();

char option,*errfile=NULL,*mapfile=NULL,*sigfl=NULL,*mapedfl=NULL;
FILE *err_fp,'fopen(),*mappfp,'npd_fp,'sig_fp;

boolean not_mapped,start_of_loop;

L/Exxrrxxxa® SUBROUTINES **awxsrawan/

rcunded(a) double a;

(

int result;

1f(a<0.0) return((int)(a-0.5));
else return((int)(a+0.5));

b

find_error() /* adds up the total error in a mapping */
Zegin :
couble ni,error=0.0, increment; /* increment is a single error sguare */
err_fp=fepen(errfile,"a);
for(i=0;i<levels;++i)
begin
increment=distortion((mapping{il+0.5)*step-1.0)-((i+0.5)*step-1.0);
increment*=step;
/* area of the square */
error+=fabs(increment);
end;



if(error!=0.0)
¢
error/=levels; /* to give the mean square error */
error=10*log10(error);

if(base_errort=0.0)

error-=base_error;

else base_error=error;
fprintf(err_fp,"%6d MP %6.3f dB.\n",map_points,error);
increment=0.0; ’

fclose(err_fp);

end :

thresh_track_map() /* Modified algorithm for DAC t.f. mapping */

begin

int a,b=0; /* the array pointer variables */

double diff, /* the difference between the sums */
non_sum=0.0, lin_sum=0.0,
limit=threshold; /* decision level for mapping */

boolean done_loop; /* ensures only one while loop entered */

for(a=0;a<levels;++a)

begin

if(b<levels)
begin
++lin_sum; /* update the linear sum */
non_sum+=non_Llin(al; /* update the non-linear sum */

done_loop=false;
diff=lin_sum-non_sum; /* calculate the difference */

if(diff>limit) /* a map needs to be adjusted */

begin /* adjust pointer as requuired */
<-lin_sum;
/* subtract the last pdf height and */
b--; /* decrement the pointer */
done_loop=true; /* this ensures only one loop entered */
end;
while((diff<(0-limit))&&(done_loop==false))
begin /* non_sum - lin_sum > decision threshold */
++lin_sum; /* add the next bin frequency */
b++;

di ff=lin_sum-non_sum; .
/* recalculate the difference */
end;
if(b<0) /* test for negative maps */
begin
lin_sum=0.0; /* catches errors at start of procedure */
b=0; :
end;
mapping (a) =b++; /* mapping is recorded and linear pointer
. . is incremented */
end /* non-linear pointer incremented by for loop */
else mapping(al=levels-1; .
end : :
end

main(argc,argv) int argc; char *argv(];
begin

while(--arge>0 && (*++argv)(0l=='-")
begin
option = *(argv{0]1+1);
switch(option)
"begin
case ‘m’: /* contains Map Point list (last 0) */
mapfile = *++argv;
arge--;
break;
case ‘e’: /* error storage file */
errfile = *++argv;
arge--;
break; .
case ‘s’;: /* INL plot data file */
sigfl = *++argy;
argc--;
break;
case 'd’: /* INL plot data file */
mapedfl = *++argv;
argc--;
break;
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fprintf(stderr,"DACInew: illegal option Zc\n",option);

exit(1);
break;
end;
end;

if((mapfile==NULL)||(errfile==NULL))

begin

fprintf(stderr,"DACInew: not enough files specified\n");

exit(1);
. end;
if(1(sig_fp=fopen(sigfl,"w")))
: begin

fprintf(stderr,"DACInew: can’t open \"%s\"" sigfl);

exit(1);
end;

1 (1 (mpd_fp=fopen(mapedfl,"w")))

begin

fprintf(stderr,"DACInew: can’t open \"%s\"" mapedfl);

exit(1);
end; :

if(lCerr_fp=fopen(errfile,'"w")))

begin

fprintf(stderr,"DACInew: can’t open \"%s\"",errfile);

.oexit(1);
end;
fclose(err_fp);

if()(map_fp=fopen(mapfile,“rt)))

begin

fprintf(stderr,"DACInew: can’t open \"%s\"" mapfile);

exit(1);
end;

for(i=0;i<levels;i++) mappinglil=i;

find_error();

/* unmapped error */

for(i=0;i<levels;i++) non_lin(i)=0;

for(i=0;i<levels;i++)
¢
temp3=(i+0.5)*step-1.0;
temp3=distortion(temp3);
temp3=(temp3+1.0)*levels/2.0
temp=(int)temp3;
++non_Llin(temp] ;
b

thresh_track_map();

map_points=0;

find_error();

/* getting pdf histogram */

/* full mapped performance */

for(1=0;i<levels;i++) ref_mapl[il=mapping(il;

fscanf(map_£p,"%d",&map_points);
while(map_points!=0)
(
last=0;
for(i=1;i<=map_points;i++)
<

/* array index of Map Points */

temp=((int)(i*levels/map_points))-1;
new=ref_map(temp] - temp; /* offset at the Map Point */
offset[i-1]=rounded§(double)((neu+last)/2.0));

Last=new;

)
for(i=0;i<levels;i++)
C

/* average between two MP’'s */

/* convert "mapping" for "find_error' */

mapping[il=i+offset ((int)(i*map_points/levels)];

if(mappinglil>(levels-1)) mapping(il=levels-1;
else if(mapping(il<0) mapping(il=0;

>

find_errbr();
fscanf(map_fp,"%dﬁ,&map_points);

)

fclose(map_fp);

xx=0.0;
yy=0.0;

for(i=1;i<(points+1);i++)
begin
temp3=sin(xx)+sin(yy);
temp3*=0.375;
temp=(int) ((temp3+1)*levels/2.0);
temp2=distortion((temp+0.5)"step-1.0);
fprintf(sig_fp,"%f\n", temod);
temp2=distortion((mappingE:eﬂo]+0.5)'step-1.0);
fprintf(mpd_fp,"%f\n", temel); .
xx+=180.0*P1/points;
yy+=120.0*P1/points;
i f(xx>(2.0*P1)) xx-=(2.0*P1);
Pf(yy>2.0*P1)) yy-=(2.0%?!);

end

fclose(mpd_fp);

fclose(
et

sig_fp);
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Equalisation of Analogue to Digital Converter Nonlinearities

A.C. Dent, M.J. Smith} and C.F.N. Cowan.

Department of Electrical Engincering,

Edinburgh. EH9 3JL Scotland.

University of Edinburgh, Mayfield Road,

T now with Ferranti Radar Systems, Crewe Toll, Edinburgh.

ABSTRACT

A signal processing technique called
Threshold Tracking is presented which can
improve the linearity of any A/D conversion
circuit. The equalisation system is described
and the convergence and equalisation
performance in the presence of training signal
noisc is shown.

1. Introduction

Analogue to Digital Converters (ADC) are a vital
component in many digital signal processing systems but
it is in the ficlds of digital communication, digital
audio/video, radar signal processing and nuclear
spectroscopy that their performance is most critical. In
these applications a large degree of lincarity in the
transfer function of the ADC is desirable as well as good
resolution and speed, as cven very small non lincaritics
can causc scvere harmonic distortion of a sampled
signal.

The cumulative cffect of the mechanisms causing
nonlincarity is to alter the quantisation levels of the
device and hence the quantisation intervals are of
uncqual size.

Currently the only ways to lincarise an ADC. after
it's initial manufacture involve altering the analogue
componcent values by lascr trimming, zener zapping,
ROM trimming and other such mecthods. These
cxpensive  techniques  provide only a tcmporary
lincarisation as component drift will still be caused by
device ageing and operating temperature changes.

Scveral methods for com nsating for ADC non
lincarity have been proposed HL(2].(3).[4] but all of
these are device dependent in that they arc specific
solutions for a certain design of ADC. Only one more
general method for device lincarisation  has been
proposed 3] but it is limited to successive approximation
converters.

_ This paper presents a signal processing technique
which generates a more linear set of quantisation levels
by producing a mapping from the original device levels.
This process can be performed at any point in the
lifetime of the device and can hence overcome the
elfects of agein

o
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2. Proposed System

The basic idea is to use a mapping of the original
output codes and their associated non ideal quantisation
levels, to a sct of codes whose corresponding
quantisation levels more closely match those of an ideal
ADC. When the mapped codes are then assumed to be
associated with ideal quantisation levels, by the rest of
the signal processing system, the error between the
actual and the ideal levels is reduced. This improvement
can be seen in Figure 1, where the maximum deviation
of the typical nonlinearity shown is about two bits.

128 _
output
86
\
original ADC
64
32 X
mapped ADC
input
0 —
0 32 64 86 128

Figure 1: A typical shape and relative size of nonlinearity
modelled with a maximum deviation from the ideal of wo bits.

Information about the quantisation levels is
extracted from a probability distribution histogram
which is gencrated by sampling a signal of a known
probability distribution function (pdf). This technique
has been used extensively in the test and characterisation
of ADC’s [6].

The architecture of the propesed system is shown in
Figure 2 and it has two modes of operation. The first of
these is the conversion mode. where the digital codes
produced by the non lincar ADC are used to directly
address the memory look-up table where a linearisation
mapping is storcd. The second is the equalisation mode
where the training signal is sampled bv the ADC 10

CH2458-8 88:0000-2201S1.0C Z 1688 |
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-generate  the  distribution  histogram. The ADC
nonlinearity will distort the shape of the pdf of the
training signal and information contained in the pdf

- about the nonlinearity can be exploited by the Threshold
iI‘xjackjng algorithm to perform a linearisation mapping
7).

As the algorithm deals only with ideal and distorted
pdf’s and never quantisation levels or actual signals, it
docsn’t need explicit knowledge of the ADC non
lincarity.

o/p
i’p : | mapping
—-19—1{-.ADC memory ),
training
signal
processor/controller

Figure 2: A block diagram of the equalisation system showing
the ADC as a single element and hence of any rype or
specification.

3. Results

Various non lincaritics were modelled on various
sizes of converters (numbers of bits) all with a maximum
deviation of four bits from the ideal. The traditional
ADC lincarity measurcs, Differential and Integral Non
Linearity (DNL and INL) were found to be inadequate
for mcasuring the performance of the system
simulations, so the alternate method of a mean deviation
measurement of the device non linearity from an idecal
ADC was adopted. This was formed by calculating the
arca between the two transfer function staircases, at
each quantisation step, and taking the mean.

3.1 Harmom’c. Distortion

_Fourier transforms have been used to analyse the
reduction- of harmonic distortion introduced by the ADC
non lincarity. Figures 3 and 4 show the frequency
content of a two tone signal sampled by a non ideal and
a mapped 16 bit ADC respectively. The frequencies of
the sine waves were selected so as to not fit exactly into

-the time window of the FFT. As can be scen the

harmonic content of the sampled signal was greatly
distorted by the four bit nonlincarity of the ADC.
Figurc 4 shows that the distortion of the harmonics has
been reduced by about 12 dB by the linearisation process
so that they are almost buried in the quantisation noise.

3.2. Sample Density

As the number of signal samples required to give a
sufficiently dense distribution was directly related to the
time neceded to train the system in the equalisation
mode. it was important to know how performance was
affected by the number of signal samples taken. Figure 5

0 { power (dB)
-50 |
-1004
: frequency
-150 W l I |Iwm
0 0.25 0.5

Figure 3: A Fourier transform of a two tone signal with a
maximum amplitude of 75% of full range sampled by a 16 bir
converter with a four bit nonlinearity shows distorted
harmonics. .

0 [ power (dB)
-'50 +
-100}
frequency
WWWWW W
-150 '
0 0.25 0.5

Figure 4: The mapped ADC produces 12 dB less distortion in
the harmonics of the sampled sinewave.

shows the performance of 12 and 16 bit simulations
trained with a wide range of training signal samplcs.
Four bit distortions were used to emphasise the
algorithm’s performance as two bits in sixteen is an
extremely small distortion. It can be seen that as the
number of signal samples was increased and the actual
input pdf tended towards the desired uniform pdf the
performance of the system, which assumed a perfectly

" flat training pdf, improved to the point where there was

no significant gain in performance for an increase in
sample density. This density was approximately one
sample per ADC level, implying that the higher the
resolution of the device, the longer the training period
needed. i

4. Noise Effects on Sampled PDF

A small bipolar random signal. of a uniform pdf.
was added to the sampled input signal. The result of this
process was to distort the pdf of the iraining signal from
that of the ideally flat original, although the iinearisation
algorithm assumed an ideal input signal. This additional
distortion allowed the effects of training signai noise to
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deviation (dB)

10

-10

logy(samples /levels)

-10 0 10
Figure 5: The performance of ADC systems after they have been
equalised with varying training signal densities.

-20

be studied. Noise levels were measurec[ as a ratio of the
maximum noise level to the maximum signal level.

As the mean deviation error of the transfer
function of a simulated ADC can readily be calculated
for mappings produced by training signals with and
without noise, the difference between the two figures
could be attributed to the performance degradation
caused by the effect of noisc. As the mapping
algorithm’s performance is dependent upon the number
of samples taken to form the training signal pdf's, the
degradation figures produced by the ADC simulations
refer to identical situations, except for the presence of
noisc. -

4.1. Increasing Noise Power

The bchaviour of a 12 bit ADC system in the
" presence of noise is shown in Figure 6, with 0 dB
deviation being cquivalent to the original performance of
the device. As might be expected, noise on the training
signal does have a detrimental effect on the performance
of the system. Noisc levels up to around -50 dB
maximum relative to the maximum input signal to the
ADC have no noticeable effect on the system.

20 T
deviation (dB)
10
0 |
-10
mux noise
max signal (dB)
-20
=70 -50 =30 -10 10

Figure 6: The effect ‘of training signal noise on the egualised
performuance of a 12 bit ADC.

Noise levels of -15 dB degrade the performance of
the. mapping only slightly, an increase in mean deviation
error of a few dB. It is not until noise signals of the
same order of magnitude as the input range of the
sampling ADC are present that the system fails to
improve the performance of the device and- actually
degrades its linearity.

4.2. Effects On Training Times

Figure 7 shows how the convergence of the system
to the minimum nonlinearity possible with the technique
is affected by training signal noise of -46, -23 and -3 dB.
It is fairly obvious that although small noise levels can
and do cause training signal samples to be quantised at
adjacent distribution histogram . bins the cumulative
effect of this error is smoothed, or averaged out, over
the whole distribution so that there is no noticeable
degradation in the equalisation performance.

Medium noise levels, however, do slow down
convergence ie a larger signal sample is required to
achieve maximum performance. This may be explained
by the coarser effects of the larger noise levels taking
more signal samples to be averaged out of the
distribution. '

10
deviation (dB)
. -3¢8
0 8 .
-23 dB
=10 |
-46 dB
logy(samples /levels )
-20 —
. -5 o 5 10 15

Figure 7: The training performance of a 12 bit device in noise
levels of -46, -23 and -3 dB. There is no discernible degradation
at the -46 dB level.

Very large noise levels, causing large distortions of -
the training signal distribution irrevocably defeat the
equalisation system due to the large number of signals
which are quantised in the two bins at the extreme ends
of the distribution.

From these results it is obvious that the system can
be made noisc tolerant merely by increasing the number
of training signal samples taken to form the distribution
histogram and it can also be seen. from Figure 8, that
by increasing the size of the sampled distnbution it is
possible to increase the point befcre which noise starts to
affect performance. It is clear. however, that there is a
law of diminishing returns operating here and that the
noise tolerance can not be improved indefinitely as there
scems to be some asymptotic behaviour in Figure §
around the -10 dB point.
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Figure 8: A 12 bit ADC trained with 8x10°, 2.6x10° and 8x10° -

samples in constant noise, showing improved noise immunity by
increasing the training period. :

4.3. Relative Noise and Samplgs

Simulations were run over a large range of ADC
resolutions to see how performance in noise and system
tolerance were affected by the size of the least significant
bit of the device. When noise levels were kept constant
and simulations were run with equal sample densities it
was found that the performance degraded as the size of
the device Isb decreased. This implics that the'noise level
relative to the size of the device Isb was the important
factor rather than the absolute size of the noise. Hence,
higher resolution ‘ADC equalisation systcms can tolerate
less noisc. Figurc 9 shows four almost level traces over a
wide bit resolution range for equal relative noise levels
for each linc. The figurc shows that over wide bit ranges
and relative noisc levels, tolerance is affected by the
noise levels relative to'the size of the least significant bit
of the device.

15 degradation (dB)
10
.5
/
0 i :
5 e
8 10 12 14 18 18 20

Figure 9: Converters of a wide range of sizes trained in noise.
The four lines each represent an equal level of noise measured
refative to I Isb of the device.
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5. Conclusion

It is envisaged that the current system could be
used to calibrate an ADC at the manufacturing stage,
programming a look-up table specific to each converter
to improve overall device linearity. This would not
however, resolve ageing and drift problems, unless the
device was recalibrated at a later stage. Future work will
be aimed at achieving a reduction in the amount of

memory required to implement the look-up tables.
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