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ABSTRACT

Self-calibrating A/D architectures minimize the sometimes expensive process of in-factory cali-
bration, thus allowing manufacturers to reduce chip cost. This thesis presents an A/D converter
built using one such architecture, the reference-refreshing architecture. This converter shows
under simulation 100 kHz performance at 16 bits, with INL of 1.2 LSBs, SNR of 89 dB, and
power consumption of 170 mW.
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CHAPTER 1
INTRODUCTION

Advances in silicon processing technology have dramatically reduced the cost of producing sil-
icon integrated circuits. In high-performance analog circuitry, the cost of actually producing a cir-
cuit has become quite small, compared with the cost of trimming and testing of such a circuit
before being sold to the consumer. To continue the trend of being able to produce higher perfor-
mance circuits at lower cost, it is necessary to investigate circuit techniques which require less
external modification and verification than those presently in use.

One category of high-performance analog circuits which is coming under the above constraints
is the 16-bit analog-to-digital converter. The majority of circuits of this type are designed around
an algorithm called the successive approximation algorithm. While this algorithm is quite effec-
tive, these circuits must be carefully calibrated and tested before being released, which is rela-
tively expensive and eliminates much of the cost advantage made in reduced silicon cost. This
research is concerned with the design of a 16-bit A/D using a different algorithm, the reference-
refreshing cyclic algorithm. This algorithm uses a self-calibrating technique to ensure desired per-
formance, and thus does not require the calibration and testing necessary of tie successive

approximation converter.
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CHAPTER 2
BACKGROUND

This chapter gives some background infcrmation on analog-to-digital converters, and is
divided into four sections. The first section discusses the very basics of analog-to-digital conver-
sion. The second section discusses some of the parameters used to characterize an analog-to-digi-
tal converter. The third section discusses the division of analog-to-digital converters into roughly
three categories, based on the trade-off between converter resolution and conversion rate. The
final section is a survey of the most popular architectures used in the category of interest in this
research, namely medium speed, medium accuracy converters.

2.1 Fundamentals of Analog-to-Digital Converters

An N-bit analog-to-digital converter (A/D) is a device that samples an analog input at some

point in time, and then quantizes this sampled input into an N-bit digital word. An A/D can be

unipolar, in which case its input range would be from zero volts to some voltage V¢, (called the

full scale voltage), or it can be bipolar, in which case its input range would be between two volt-

ages of equal magnitude and opposite sign -Vg/2 and V¢ /2. In the unipolar case, the output bits
by, by....bn.1, Will be binarily weighted such that the relationship between the bits and the input

voltage will be:

Vv - -
2

In the bipolar case, the relationship will be:

/

- - !
N 1+bN_22N 2+ ...b020)-—,,£+e

v
V= —2—{75(bN_12



The quantity € represents the difference between the actual input and the digital representation of

the input. In an ideal A/D, this quantity will be less than the smallest resolvable input voltage
(which has magnitude equal to V/2N). This smallest resolvable voltage is sometimes referred to

as 1 LSB, since a change in the input by this voltage will cause a change in the output code by one
least significant bit (LSB). This unit is used to describe very small voltages, such as those associ-

ated with DNL and INL (discussed in the next section).

2.2 A/D Performance Measures

Since no A/D operates perfectly, several measures of A/D performance have been developed.
Some of these measures are: signal-to-noise ratio, differential nonlinearity, integral nonlinearity,

gain and offset error, and total harmonic distortion. These measures are described below.

2.2.1 Signal-to-noise ratio
The ideal transfer function of an N-bit analog-to-digital converter is shown in figure 2-1. It

shows that every output code corresponds to a range of input voltages. This means that given an

output code, the voltage which produced this code can only be known to ! part in 2N thus. even in
an ideal N-bit A/D, information is lost in the conversion process. Since this error occurs when the
analog voltage has been quantized to a digital code, the error is referred to as quantization error.
From a signal processing standpoint, this error can be modeled as a noise source. For simplifi-
cation, it is assumed that for every digital code, the possible anaiog value producing that code is a

uniformly distributed random variable throughout the corresponding input range. If the input

range is equal to A, then the variance of this random variable will be equal to A%/12.If it is then
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assumed that any sample is independent from any other sample, the quantization errors will form

a white-noise sequence. This sequence will have a noise power equal to the variance A¥12.

Signal-to-noise ratio (SNR) is defined to be

SNR = 101og(w)

noise power

For an ideal N-bit converter, the SNR for a full-scale input will be

2
vy,
SNR = 10log| —
A
12
2
Vis )
= 10log| —
fs
12.2%

= 10log(1.5 - 22Y)
which simplifies to SNR = 6.02N + 1.8.

In the case of an actual A/D, there will be other noise sources due to nonidealities in such com-
ponents as the comparator, sample-and-hold, switches, etc. In this case, the amount of noise in the
converter can be measured at the output of the converter. Since any noise source is indistinguish-
able from any other at the output, the total noise can be treated as a quantization noise. This
allows the above equation to be used to determine the effective resolution of the converter (the
actual resolution if the total noise really were just a quantization noise). The effective number of

bits (ENOB) of a converter is defined to be

SNR-1.8

ENOB = —¢53



which is just the inverse of equation above. Fe: instance, a nominal 16-bit A/D which has an SNR

of 83 dB for a full-scale input will have an ENOB of 13.5 bits.

2.2.2 Differential Nonlinearity and Missing Codes

In the ideal A/D, the size of the input range corresponding to an output code is the same for
every output code. Any deviation from this in an actual A/D is referred to as differential nonlin-
earity (DNL). DNL is usually measured in LSBs from the ideal range. Whereas DNL exists for
each output code, in practice the term DNL is used to refer to the worse-case value of DNL for an
A/D.

In the case of very large DNL, it is possible that there will be no input range corresponding to
a particular output code. Since this code can never be produced for any input, it is called a missing
code. Missing codes can cause problems for any converter used in a feedback loop, so it is impor-

tant that they be avoided.
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2.2.3 Integral Nonlinearity

If one were to draw a straight line connecting the endpoints of the transfer curve of an ideal A/
D, the transfer curve would intersect the line at every transition of the input, halfway between out-
put codes (see figure 2-3). Any deviation from straight-line behavior in an actual A/D is called
integral nonlinearity (INL). As with DNL, INL occurs for every possible digital code, but the term

INL is often used only to describe the worse case value of INL.
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Figure 2-3: INL in an A/D
Dashed line is ideal transfer curve
Solid line is actual transfer curve

(scale is max zoom out, so staircase shape not shown)
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2.2.4 Gain error & offset

Offset in an A/D is present when a zero input does not correspond to an all-zero output code.
This error is usually easy to correct for, by subtracting the code which results from a zero input
from all other codes. Gain error occurs when the straight-line approximation as described in the

previous section does not have the ideal slope.
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Figure 2-4

Offset and Gain Error in an A/D
dashed line is ideal transfer curve
solid line is actual transfer curve
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2.2.5 Total Harmonic Distortion

In section 2.2.1, it was assumed that the error resulting from one conversion was independent
of the error in any other conversion. If the input to the converter is a waveform of some sort, then
this is not necessarily the case. A special problem occurs when the waveform happens to be a
sinusoidal waveform. In this case, one would like the output to only contain frequency compo-
nents at the frequency of the input sinusoid. If there are any nonlinearities in the converter, this
will cause frequency components to be placed at harmonics of the input frequency. This effect is
called harmonic distortion. Harmonic distortion is sometimes treated as a noise source, so that it
can be grouped with the uncorrelated noise in the circuit, with the resulting performance measure
becoming signal-to-(noise plus distortion) ratio.

Figure 2-5 shows an FFT plot of a converter’s output when there is harmonic distortion.
Whereas only one frequency component is desired, there are other components at multiples of the

fundamental.

16
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Shown is the example when the input to an A/D is a pure sinusoid of frequency f.
Harmonic distortion creates energy at frequencies that are multiples of the input frequency.
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2.3 TRADEOFF BETWEEN SPEED AND RESOLUTION
In any practical application of an A/D, there will be a trade-off between converter resolution

and conversion speed. This trade-ott has led to the division of A/D’s into roughly three categories:
high speed, low resolution converters; low speed, high resolution converters; and medium speed,
medium resolution converters. Each category has architectures which are most practical for that

category.

Table 1: Analog-to-Digital Converter Architectures

Category Architecture
High Speed, Flash
Low Resolution Pipelined
Low Speed, Integrating,

High Resolution z-A

Medium Speed, Successive Approximation
Medium Resolution | Cyclic

This research is concerned with the final category, medium speed, medium resolution convert-
ers. There are generally two types of converters used for this application, discussed in the next
section.

2.4 MEDIUM SPEED, MEDIUM RESOLUTION A/Ds

Two types of A/Ds used as medium speed, medium resolution converters are: successive
approximation and cyclic converters.

2.4.1 Successive Approximation Converter

The successive approximation converter (figure 2-6) is presently the most popular architecture
used in the category of interest. The successive approximaticn converter algorithm works as fol-
lows: first, the successive approximation register (SAR) "guesses" the end result by setting the

most significant bit (MSB) to "1" and leaving all less significant bits "0". This guess is then used



as the input to a digital-to-analog converter (DAC). The output of the DAC is connected to the

negative input of a comparator. The positive input of the comparator is connected to the input

voltage. This causes the output of the comparator to be the result of the comparison of the input

voltage and the analog version of the "guessed" code. If the output of the comparator is a "1"

Sample

Hold

SAR

N\

Figure 2-6: Successive Approximation A/D Converter

/ DAC
N\

(from Johns and Martin, p.493)

16 bit
word



(meaning the "guessed” voltage is less than the input voltage), the MSB is kept at “1”. If the out-
put of the comparator is "0", the MSB is then changed to a "0". Next, the SAR will make a new
"guess” by changing the next most significant bit to a "1", and the algorithm repeats itself until all
bits have been determined.

This algorithm has several aspects which make it attractive for use in medium speed, medium

resolution converters. First of all, it requires a modest amount of circuitry; thus, it does not require

much die area. This is in contrast to ultrafast flash converters which require 2N comparators to

perform an N-bit conversion. Secondly, this algorithm only requires N clock cycles for an N-bit

conversion, unlike many ultra high resolution converters which require 2N clock cycles to perform
a conversion. Finally, many calibration techniques have been developed which allow practical
implementation of SAR converters at 16-bit resolution.

As SAR converters have increased in accuracy, they have also increased in cost. This is due to
two reasons. The first reason is that most of the calibration techniques which allow higher perfor-
mance must be physically performed on the chip before it is packaged. This requires special
machines and manpower to be used during fabrication, and so adds to the cost of fabrication. The
second reason is that to guarantee performance, manufacturers must test the chip before it can
be delivered to customers. This also requires machinery and manpower, and will also add to the
cost of fabrication. These two costs are now a significant component in the overall cost of the
chip.

In order to reduce the overall cost of a converter, it would be necessary to reduce the cost
incurred in test and calibration. It would be desirable to implement an architecture which may

require less testing and calibration than the SAR converter.

20



2.4.2 Cyclic Converter

One architecture which can achieve similar performance to the SAR converter is the cyclic
converter (figure 2-7). The cyclic converter works as follows: first, the MSB decision is made by
comparing the input voltage to the middle value of the input range. If the input is higher than this
midscale value, the MSB will be a "1", else the decision is a "0". Next, the converter produces the
analog voltage equal to two times the input voltage. From this voltage, a reference voltage is then
either added (in the case the comparator decision was a "0") or subtracted (in the case the compar-
ator decision was a "1"). The resulting voltage is called the "residue”. At the end of a cycle, when
the residue voltage has been computed, the residue is then sampled on the input stage of the con-
verter, thus becoming the input voltage for the next cycle of the conversion. This cyclic behavior
continues until all bit decisions have been made.

This architecture has many of the same advantages of a SAR converter. This converter can
achieve reasonably high speed with relatively few components, and to increase resolution one

only need run the converter for extra clock cycles.

21
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The next chapter describes a method of self-calibration for cyclic converters called the refer-
ence-refreshing technique. Since it is a self-calibration technique, it provides a cheaper way of

calibration over external calibration.

23



CHAPTER 3
REFERENCE-REFRESHING CYCLIC A/D

One method for self-calibrating a cyclic A/D is the reference-refreshing method. This method,

and the circuit which implements it, is described in this chapter.

3.1 Reference-refreshing technique

The most difficult feature to implement in the cyclic converter is the precise multiply-by-two
computation. There have been many proposed ratio-independent techniques which make it easier
to implement this computation. One of these techniques is called the reference-refreshing tech-
nique. In a normal cyclic converter, the residue is always computed using a fixed reference. If it is
assumed there is an error € in the multiply-by-two computation, such that the residue is actually

multiplied by K = 2(1 +¢€), the residue voltages will evolve like this: (B being the bit decision

made on the nth cycle):

Vyesidue = KL KIK(Viy =BV, )~ ByV, 1+ ..=ByV, 0}
% 14 V.,
N-1 z [ re
= K [V,.,,—B,V,ef—Bz I;f-33 Kfzf-...-BNF{-]]

From this it can be seen that the relative weights of the bits will be K and not 2. This results in an
imprecise conversion (see figure 3-1).

In the reference-refreshing technique, the cyclic loop is modified such that the loop stcres not
only the residue, but also the reference voltage. In the cyclic process, the reference will go
through the same circuitry as the residue voltage; thus, the same error in the multiply-by-two

computation will be introduced into the reference voltage. The reference voltage of the nth cycle

can be written as VZ} = V,(1+¢)", and the residue becomes:

24



INL of cyclic converter with 2% error in multiply-by-2 computation
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Figure 3-1: A/D Transfer function with error in multiply-by-2 computation
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(1 [21 (2
Vresidue = K{K[K(Vin _Bl Vref) "B2Vref] - BZVre}}

{1 [2} (N]
Vv Vv 14
N [1]
Vv |4 vV
= KN[VU!_BlVI‘ef-‘BZ ;ef—B3 2r’;f_"'-BNéTVr—,e_f—l}

The bit ratio is now two, and a precise conversion will result. It is important to note that this error
cancellation depends on the error itself being a linear error, which it will never quite be. There-
fore, it is important in the design of this converter that elements be designed such that the errors
introduced will only be linear errors.
3.2 Reference refreshing cyclic A/D

The schematic of the reference-refreshing cyclic converter is shown in fi gure 3-2. It is com-
posed of a comparator, two amplifiers, offset capacitors CO1, CO2, CO3, and sample/hold capac-
itors C1, C2, C3, C4 and C5.
3.3 Operation

The operation of the reference-refreshing converter is as follows:
Phase 1: The offset cancellation capacitors CO1, CO2, CO3 store the offset voltages of the ampli-
fiers and comparator.
Phase 2: The input voltage is sampled on the input capacitor C3, and the reference is sampled on
to Cl1.
Phase 3: The input voltage is transferred to capacitor C4, and the reference is transferred to C2.
Also, on this phase the first bit decision is made.

Phase 4: The input is now sampled on to capacitor C1, and the reference is sampled on to C3.

Phase 5: The input is transferred to capacitor C2, and the reference is sampled on to C4.

26
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Phase 6: If the first bit decision was a 17, the reference must be subtracted from the input voltage
to determine the residue. This is done by sampling the reference on to C5 while connecting CS5 to
C2. Whether or not this is done, the next bit decision is now made.
Phase 7: The residue on C2 is now sampled on to C3, and the reference is sampled on to C1.
Phase 8: The residue on C3 is transferred to C4, and C3 is sampled with the opposite polarity of
the residue. Doing this while C3 is connected to C4 has the effect of adding the residue to itself on
C4, and thus doubling the residue.
Phase 9: The reference is transferred on to C2.
After this, phases 4 through 9 repeat until all bit decisions have been made. Each cycle, both the
residue and reference pass through the loop composed of C1, C2, C3, and C4. This has the effect,
described in the first section of this chapter, of cancelling out errors to the first order.
3.4 Advantages

The reference-refreshing converter is essentially a self-calibrating converter. By cycling the
signal and the reference through the same loop, the same (linear) errors will be introduced into
both signal and reference, and as discussed before, it will cause the output bits to be weighted by
precisely two. This is without any external calibration, thus eliminating a potentially costly pro-
cess.
3.5 Design Considerations

There are a few special considerations in the design of a reference-refreshing A/D. These con-
siderations include noise, linearity, and speed.
3.5.1 Noise

At the 16-bit level, noise becomes a very important design constraint. For a full-scale range of

5V, 1 LSB has a magnitude less than 80 uV. It is important then to keep all noise sources well

28



below this level, so that they do not corrupt the signal. For the amplifiers and comparator, this is a
straightforward constraint: the input-referred noise of these devices should be kept well below 1
LSB.

Noise also plays a part in choosing the size of the capacitors. A circuit composed of a resistor
R and capacitor C will have due to thermal noise from the resistor a noise variance equal to kT/C,
regardless of the size of the resistor. In this converter, which is a sampled-capacitor network, this

sampling noise will be introduced several times even in one cycle. Shih [S] computed that the total

noise variance of one cycle will be equal to 4./2./(kT)/C. Since the residue is multiplied by two

each cycle before going to the next cycle, the input-referred noise variance is reduced by a factor

of 4D on the nth cycle. The resulting input-referred noise deviation for a 16-bit converter will

therefore be 6.6JEkT)7‘ .

This noise gain of the converter is a large disadvantage. It requires capacitors much larger than
necessary in other 16-bit converter. For instance, in the case of a 5 V input range, 1 LSB for 16-
bits is 76 uV. To have input-referred noise less than 1/4 LSB, as is often used in other converters,
requires 500 pF capacitors. This is quite large, and would be impractical to implement. This cir-
cuit uses 100 pF capacitors, which would have an input-referred noise of 42.6 uV, or a little over
1/2 LSB.

3.5.2 Linearity

As discussed in part I, the reference-refreshing converter works well in eliminating first-order
errors. It will also cancel some high order error, as discussed in [5], but not as well as the first
order error. It is therefore important to design the components of this converter such that the errors

introduced are mostly linear errors. In the case of capacitor mismatch, the errors will only be lin-

29



ear; however, the amplifiers are nonlinear, and can introduce unwanted error components. There-

fore, the amplifiers must be designed to keep this constraint in mind.

3.5.3 Speed

Having large capacitors requires large Gm amplifiers to drive them, as the unity-gain bandwidth
of an amplifier is equal to Gm/C. It is also necessary to have a high slew rate, in the case that the
amplifier is driven out of its linear region in transient conditions. These requirements are achieved
through large input devices, and high bias currents.

The next chapter discusses the implementations of the amplifiers and comparator.
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CHAPTER 4
IMPLEMENTATION

This chapter describes the design of the components so that the circuit satisfies the design
goals. The circuits were simulated with Analog Devices’ proprietary ADICE program.
4.1 Amplifiers

As discussed in the previous chapter, there were several considerations to be made when
designing the amplifiers in this circuit. While actual gain was not an issue, as gain error is cali-
brated out, nonlinearities are a concern, as the converter will not cancel these out perfectly. The
amplifiers need to be fast to drive the large capacitors and still settle quickly. Since the amplifiers
are used in unity-gain configurations, they need to be unity-gain stable and have enough phase
margin.

The amplifier topology used is shown in figure 4-1. It is a single-stage, folded cascode ampli-
fier. The input and output branches are designed to run at 2.5 mA each. Biasing the input stage at
high current makes it easier to meet the high-g,, spec with reasonable size devices. Biasing the
output stage at high current is necessary to meet the slew-rate requirement. The cascode transis-
tors are connected with level-shifted common-source amplifiers to provide output resistance
enhancement, as described in [6]. This topology allows for a wide output swing, and increases the
DC open loop gain of the amplifier. While the gain itself is not important, having high open-loop
gain has the advantage of diminishing the effects of nonlinearities when the amplifier is connected
in a unity-gain configuration. Any nonlinearities in the open-loop gain will be reduced by a factor

of the DC open-loop gain when the amplifier is connected in a unity-gain configuration.
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The common-mode feedback circuit is shown in figure 4-2. There are two differential pairs
MNC1-2 and MNC3-4. When the output common-mode is equal to the desired value, the current
flowing through the current mirror MPC1-4 will be balanced, and the variable current sources
MPC5-6 will maintain their state. If there is any imbalance (output common-mode not equal to
the desired value), the differential pair will act as a gm source, sourcing or sinking current into the
gates of the variable current sources, which in turn drive the output branch of the gain circuit until
the output common-mode reaches the appropriate value. It is important to note that stability is a
concern in this type of circuit, as there are two high-impedance nodes in the common-mode loop,
the output nodes of the gain circuit and the input node of the variable current sources. The current

sources were kept small, and the output resistance of the gm stage was also kept small, to push the

equivalent pole to higher frequencies, and to ensure common-mode loop stability.
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The biasing circuit is shown in figure 4-3. This circuit uses complementary current mirrors to
create a positive feedback loop, which settles to desired bias voltages for Vb1-4. This circuit is

stable as long as the aspect ratio of MNB1 is smaller than that of MNB?.
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Figures 4-4 and 4-5 show the simulated response of the amplifier. Figure 4-4 shows the fre-
quency response of the amplifier, whereas figure 4-5 shows the differential- and common-mode

step responses.

Table 2: Simulated
Amplifier Characteristics

Open-loop | 14,000
gain

Phase mar- | 52 degrees
gin

Slew rate 83 V/us

16 bit 177 ns
settling time

Power 55 mW
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4.2 Comparator
The comparator is a very important part of the converter design, as it can contribute significant

noise to the transfer curve of the converter. The comparator’s offset is also important, as it can c;re-
ate a dead region in the transfer curve if it is too large.

The comparator schematic used in this converter is shown in figure 4-6. It ;:onsists of an ampli-
fier stage followed by a latch. The amplifier uses an identical topology to the other amplifiers in
the circuit. The latch is a track-and-latch circuit [7]. When the LATCH signal is held low, the
internal nodes of the circuit are at either VDD or GND. When the LATCH signal goes high, the
latch becomes a positive feedback circuit, and the output of the circuit will quickly gotoa ‘1’ or
‘0’ depending on the output of the amplifier.

The comparator noise can have a large effect on the overall SNR of the converter. For instance,
if the comparator noise is equal to the sampling noise (42.6 uV), the SNR will be reduced by 3
dB. The noise introduced by a comparator depends on many things, including process factors.
Since the circuit was not actually fabricated, noise from the comparator was not used in the final

SNR calculation.
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CHAPTERS
RESULTS

Due to time constraints, it was not possible to build a physical implementation of this con-
verter. Therefore, a mathematical model was developed in MATLAB to predict how the circuit
would perform once constructed. This model used parameters found in ADICE simulations of the
various components to simulate the converter performance. A listing of the MATLAB code used
is found in the Appendix.

The basic procedure was to have ADICE dctermine the transfer curve (input vs. output) of the
amplifier in unity-gain feedback, and to feed this information to MATLAB. MATLAB then per-
formed a best-fit curve operation to determine the coefficients of the polynomial best resembling
the ADICE transfer curve. This polynomial was used in the MATLAB simulation of the converter
performance to represent the amplifier.

Figure 5-1 shows the simulated transfer curve. Figure 5-2 shows the INL curve, derived by sub-

tracting the endpoint-to-endpoint straight line from the transfer curve of 5-1.

Table 3: Simulated Converter

Specifications
Speed 100 kHz
Signal-to-noise ratio | 89 dB
ENOB 14.5
INL 1.2LSB
Power 165 mW

43



x 10

Figure 5-1: Simulated Transfer Curve

Output Code
'y
1

W
T

L 1 1

0
~-1.5

-0.5 0 0.5
input Voltage

1.5



LSBs

15

Figure 5-2 : Simulated INL
15 Y T T T
1+
0S5
ol
-05}
-1+ 4
-15 L 1 L ) )
-1.5 -1 -0.5 0 0.5 1

Input Voltage



CHAPTER 6
CONCLUSIONS

Self-calibrating techniques are becoming important as manufacturers seek ways of reducing
the overall costs of silicon integrated circuits. The reference-refreshing technique is an example of
one of these techniques. The circuit designed here is a 16-bit reference-refreshing A/D which
operates with parameters comparable to modern 16-bit A/Ds. However, at higher operating
speeds, the power consumption of this design will also increase, eventually to impractical levels.
Therefore, as 16-bit converters approach 1 MHz operating speeds and beyond, it is necessary to

continue to investigate alternative self-calibrating techniques as a means to reducing circuit cost.
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APPENDIX

This is a listing of the MATLAB code used to simulate the circuit and produce some of the
graphs shown in this thesis. nonlin.m uses a listing of ADICE simulation data to generate polyno-
mial coefficients that best represent the amplifier data. refresh.m uses these coefficients to simu-
late a conversion. testconverter.m generates a transfer curve of the converter.
nonlin.m
load data2;

x=data2(:,1);
y=dataz2(:,2);

j=1;
for j=1:10
a=polyfit(x,y.j);
if max(abs(y-polyval(a,x))) < le-9
break;
end
end
refresh.m
function [vout] = refresh(vin, a)
N=16;
Vref=1.25;
Vhfs=Vref/2;
v=vin;
d={];
if v>0
d(l)=1;
for i=2:N
if v>Vhfs
vhfs=polyval (a,polyval(a,Vhfs));
v=2* (polyval (a,polyval(a,v))-Vhfs);
d(i)=1;
else
Vhfs=polyval (a,polyval(a,Vhfs));
v=2*polyval(a,polyval(a,v));
d(i)=0;
end
end
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else

d(1)=0;
Vhfs=-Vhfs;
for i=2:N
if v<Vhfs
Vhfs=polyval (a,polyval(a,Vhfs));
v=2* (polyval (a,polyval(a,v))-Vhfs) ;
d(i)=0;
else
Vhfs=polyval (a,polyval (a,Vhfs));
v=2*polyval (a,polyval(a,v));
d(i)=1;
end
end
end
vout=0;
for i=1:N
vout=vout+ (d(i)*2~ (N-1)};
end
testconverter.m
Vref=1.25;

LSB=Vref/(2716) ;
x=[-Vref+LSB:0.01:Vref-LSB];

y=[1];

INL=(];

[xx,yyl=size(x);

for j=1l:yy
y(j)=refresh(x(j),a);

end

figure (1)

plot (x,y)

m=(y(yy) -y (1)) / (x(yy)-x(1));

b=y (1) -m*x(1);

hold on

plot{x,m*x+b, ‘r’)

xlabel (' Input Voltage’);

ylabel (‘Output Code’);

title('Figure 5-1: Simulated Transfer Curve’);
hold off :
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INL=y-m*x-b;

figure(2)

plot(x, INL)
xlabel (' Input Voltage’);

ylabel('LSBs’) ;
title('Figure 5-2 : Simulated INL’);
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