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Abstract

In this report the design of a 200 MHz 9-bit folding NO converter in 0.35Jlm CMOS
technology is presented. This converter is based on the folding and interpolation
architecture. In order to operate at high frequencies, the NO converter is optimized
for maximum bandwidth. A differential input circuit with Track&Hold is being used in
order to reduce harmonic distortion. The converter is divided into a 6-bit fine part and
a 3-bit coarse part. For the fine part four parallel, eight times folding signals are
generated by two interpolating folding stages. In order to avoid glitches in the output
codes, a synchronization scheme is being used to synchronize the fine and coarse parts.

The input frequency of the NO-converter is limited to 80 MHz (100 MHz for 8-bit
performance) due to harmonic distortion. The settling time of the analog preprocessing
and the digital encoding are fast enough to allow a clock frequency of up to 200 MHz.
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1. Introduction.
During the past few years, a trend can be seen toward digital implementation of
systems that used to be analog. Since the real world remains analog, AID and D/A
conversion is required. The conversion speed of these converters is important for
further development of digital systems. Especially for digital video applications like
DVB (Digital Video Broadcasting), high-speed AID converters are required.

In bipolar technologies a larger bandwidth can be achieved than in most CMOS
processes, so this would seem a good choice for an implementation. A CMOS
implementation has some significant advantages over a bipolar implementation though.

Since the AID-converter will be used in combination with a digital system, it will be
advantageous to put the AID-converter on the same die as the digital system
(embedded application). This will result in lower costs and the output signals of the
AID-converter can be directly connected to the digital system. Because CMOS is used
to implement the digital circuitry, the AID-converter has to be available in the same
technology. Furthermore a CMOS implementation will be less expensive than a bipolar
implementation because CMOS is the digital main stream process.

Several architectures are available for high speed AID-converters. One of the best
known architectures is the full-flash architecture. In Figure 1-1 a block diagram of the
full-flash architecture is shown. The principle of this converter is very simple. The
input signal is compared with several reference voltages by a set of comparators. Each
level which has to be detected requires its own comparator. The output code generated
by the comparators can be converted to a binary code using an digital encoding circuit.

Vl'llf,hi Vin

Figure I-I. Full-flash architecture.

Using this approach a fast AID-converter can be implemented using a simple
architecture. One of the main disadvantages of this circuit is the number of
comparators. For a 9-bit converter 29_1= 511 comparators are required. This high
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Chapter 1. Introduction.

number of comparators will require a large ammount of chip-area and will consume a
lot of power.

By using a two-step architecture, the number of comparators can be reduced. This
architecture is shown in Figure 1-2. In this converter the conversion is split-up in a fme
part and a coarse part. For the coarse and fine parts of the converter a flash
architecture can be used. The input voltage is first converted using in the coarse part.
The result of this conversion is subtracted from the input voltage. The residual-signal is
finally converted using the fine converter.

Yin

Figure 1-2. Two-step AID-converter architecture.

The two-step architecture has some disadvantages though. The D/A-converter used to
convert the coarse information should have a 9-bits linearity for a 9-bits two-step AID
converter. Another disadvantage of this architecture is the matching requirement
between the fine and coarse part. And fmally the converter cannot operate without a
sample& hold circuit.

Both the full-flash and the two-step architectures have their own advantages and
disadvantages. It is possible though to combine the advantages of those two
architectures. This will result in the folding architecture, which can be seen as a time
continuous two-step converter. The implementation of this architecture will be
discussed in this report. In order to achieve maximum performance this converter will
be designed for a new 0.35 J..lm CMOS process, called C075. The initial design
constraints for this implementation are shown in Table 1-1.

2 © Philips Electronics N.V. 1997



Table 1-1. Initial design constraints for the folding AID-converter.
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2. Folding and interpolation architecture.

2.1 Basic folding and interpolation architecture.

In a 9-bit analog-to-digital converter 511 different levels have to be detected. In a full
flash analog-to-digital converter the input signal is directly compared to each of these
511 levels. It is obvious that this approach requires as many comparators as levels that
have to be detected. So in a 9-bit full-flash converter 511 comparators are needed. To
reduce the number of comparators required for a 9-bit converter a folding architecture
can be used.

The basic folding architecture can be seen as a time continuous two-step converter. In
a folding AID converter, analog preprocessing is being used to translate the input
signal into a repetitive output signal which can be applied to a fine converter. The input
signal is 'folded' so it can be applied to a fine converter which has a limited input range
(Figure 2-1). The number of comparators required can be reduced using this approach.
When using a four-times folding 9-bit system, the converter consists of a 2-bit coarse
converter and a 7-bit fme converter. This would only require
(22

_ 1)+ (27
_ 1)= 130 comparators instead of 511 comparators for a 9-bit full-flash

converter. When using a eight-times folding system only 70 comparators are required
for a 9-bit system! It is obvious that a higher folding rate results in less comparators,
however the folding system will become more complex and the bandwidth will be
limited by a high folding rate. Several recent publications show that a good
performance can be achieved using an eight-times folding architecture.

Full-flash

512 Codes

----1L--------::..L..- ....:::....<:....- -----.::::..L...- -----"-----'--'- } 64 Codes

Vin -----.

Figure 2-1. Signals applied to the comparators.

In a 9-bit full-flash converter 511 comparators are required compared to only 70
comparators in an eight times folding converter. The coarse bits can derived directly

© Philips Electronics N.V. 1997 5



Chapter 2. Folding and interpolation architecture

from the input signal by a coarse converter. The architecture of this basic folding
system is depicted in Figure 2-2.

Figure 2-2. Basic folding architecture.

When using the basic folding architecture which is described above, the analog
preprocessing block should generate a signal that is perfectly triangular. Otherwise the
signal applied to the fine converter does not correspond with the input signal and the
output signal will be distorted.

~Vr2Vm-1~Vrl

Figure 2-3. CMOS implementation ofa folding circuit.

The folding operation can be realized in CMOS using cross-coupled differential pairs
like shown in Figure 2-3. When realizing a folding signal in CMOS technology it will
look like a triangular signal with rounded tops, so the output signal will be distorted.
To solve this problem a double folding system can be used, like shown in [1]. In a
double folding system two separate folding signals are generated which have a 90
degree phase shift with respect to each other. This is shown in Figure 2-4a. When
using this approach always one of the folding signals will be in its linear range.

For a 9-bits folding converter consisting of a 3-bits coarse part and a 6-bits fine part,
64 levels have to be detected from the folding signal. When using the double folding
system only 32 levels have to be detected per folding signal. So instead of using one
'perfect' folding signal, two less 'perfect' signals are being used to get the same result.
This approach can be extended to the point where one folding signal is being used for

6 © Philips Electronics N.V. 1997



Chapter 2. Folding and interpolation architecture.

each different level that has to be detected (Figure 2-4b). When using this approach
only the zero crossings of the folding signals have to be detected. The implementation
of a zero crossing detection system is more robust and less complex than a voltage
level detection system. The latter system also requires an accurate matching of the full
scale fine reference levels with the different coarse levels. In a zero crossing detection
system the shape of the folding signals is less important, as long as the comparators can
determine the sign of the folding signals.

(a)

Vm ~

(b)

Figure 2-4. Folding signals in a double folding system (a) and afolding and interpolation system (b).

When using the zero crossing detection system 64 folding signals are required.
Generating 64 folding signals requires 64*8 differential pairs, which is as much
hardware as a full-flash converter. The number of folding signals can be generated in a
different way which requires less hardware. This can be achieved by not using a
separate folding circuit to generate each folding signal, but by generating only a few
signals with a folding circuit and generating the other signals by means of interpolation.

2.2 The input circuit.

A simple implementation of a folding AID converter is depicted in Figure 2-5. In this
implementation the folding circuit is connected to the input and to a reference ladder.
The requirements for the folding circuit folding circuit will be very high. Because the
folding circuits are connected directly to the input, the load of these folding circuits
will limit the dynamic performance of the system.

© Philips Electronics N.V. 1997 7



Chapter 2. Folding and interpolation architecture

Input

Coarse Bits

Fine Bits

Input

Figure 2-5. Simple folding converter.

The performance of this system can be improved by using input amplifiers (Figure 2-6).
Instead of connecting the folding system directly to the reference ladder, an amplifier is
connected to the reference ladder. The signals generated by the input amplifiers are fed
to the folding circuit and the coarse preprocessing block.

Coarse Bits

Fine Bits

Figure 2-6. Folding architecture with input amplifiers.

Using input amplifiers has several advantages. Because the input signal is pre-amplified
the demands on the folding circuit will be less high. Furthermore, since each zero
crossing is generated by a separate input amplifier, the location of each zero crossing
will be independent of the state of the other amplifiers. The signals generated by the
input amplifiers will be used by the folding block as well as the coarse preprocessing
block, and this will result in exactly the same locations for the zero crossings in both
blocks. The signals generated by the input amplifiers are depicted in Error! Reference
source not found.. The input amplifier generate signals which have shifted zero
crossings with respect to each other.

8 © Philips Electronics N.V. 1997



Chapter 2. Folding and interpolation architecture.

-+
Vin

-+
Vin

Input

Figure 2-7. Signals generated by the input amplifiers.

2.3 Folding Block.

2.3.1 Parallel folding.

The output signals of the input amplifiers are used as input signals for the folding
blocks. The folding block should generate a triangular-shaped folding signal. In a
practical implementation however the signal will more resemble a sine wave, like
shown in Figure 2-8.

Input
Signals Vf

Vftp f\ C\ f\
\TV \TV

--.
Yin

Figure 2-8. Output signal ofa real folding circuit.

The rounded-off tops of the folding signal will be a problem during conversion. As
mentioned before this problem can be solved by using a second folding block, which
generates a folding signal that has a 90 degree phase shift with respect to the first.
When using this approach one of the two folding signals will always be in its linear
range. In the folding and interpolation architecture, folding signals are generated by
interpolating between two folding signals. Since two folding signals are required for
interpolation, at least two folding signals will have to be in their linear range to ensure
correct operation. From this follows that instead of two folding signals, now four
folding signals are required. These folding signals have 30 degree phase shift with
respect to each other. This means the signal Vfl is shifted VrangJ32 along the Yin axis
with respect to signal VfO. Signals Vf2 and Vf3 are shifted respectively 2*VrangJ32 and
3*VrangJ32 along the Yin axis with respect to VfO like shown in Figure 2-9.

© Philips Electronics N.V. 1997 9



Chapter 2. Folding and interpolation architecture

Input vro ~tPJ\APv~Signals

Input VfI .t~\/\AA~Signals

Input Vf.2 .t~(\ f\ f\ (\
Signals V V \n~
Input Vf3 ~t~ f\ (\ (\
Signals

V\TV(~

Figure 2-9. Parallel operation offolding blocks.

2.3.2 Internal frequency of the folding blocks.

When applying a triangular signal to a ideal folding block, the folding signal will also
be a triangular signal but it will have a frequency that is a multiple of the input signals
frequency. In an eight-times folding system the frequency of the folding signal will be 8
times the input frequency. In general, the frequency of the folding signal will equal the
frequency of the input signal multiplied by the folding rate.

Figure 2-10. Comparison ofa sine wave and a triangular wave.

10 © Philips Electronics N.V. 1997



Chapter 2. Folding and interpolation architecture.

When comparing a sine-wave to an triangular signal, it is clear that a sine-wave is
steeper than a triangular signal at its zero crossing. From Figure 2-10 it follows that a
sine-wave is Tt/2 times as steep as the triangular signal. So when a sine-wave with a
given frequency is applied to the folding block, the maximum frequency of the folding
signal equals:

!/old,max = ~ Folding Rate !;npul (2.1)

From this equation follows that for high input frequencies either the folding rate has to
be very low or the bandwidth of the folding circuit has to be very large. Choosing a
low folding rate will require too many comparators, and the folding architecture will
not have any advantages over a full-flash converter. So in order to operate at high
input frequencies the bandwidth of the folding circuit has to be very large. It will be a
problem though to design a folding circuit which has a such a large bandwidth. Using a
track-and-hold amplifier in front of the folding circuit will eliminate the need for a
folding circuit with a very large bandwidth. By using a track-and-hold amplifier the
bandwidth problem reduces to a settling problem. As long as the folding signal settles
within an appropriate time, depending on the clock frequency, the converter will
operate correctly.

2.3.3 Generation of folding signals.

The folding blocks should generate an eight-times folding signal using the signals
generated by the input amplifiers. This can be achieved by adding and subtracting the
signals from the input amplifier as shown in Figure 2-11.

~ +-
/ --.

r +-
Figure 2-11. Generation offolding signals by combination of input amplifier signals..

© Philips Electronics N.V. 1997 11



Chapter 2. Folding and interpolation architecture

In a practical realization of a folding block it will not be possible to use an eight times
folding circuit, due to matching requirements. Furthermore it will be more efficient to
use a folding circuit witch has an odd folding rate instead of an even folding rate. In
Figure 2-12 a possible realization of a nine-times folding signal using four three-times
folding blocks is shown.

I st Folding Stage /\vi 2nd Folding Stage

'"...
'"5
Q.
e..
::I
0.
.5
e
o...

U.

Figure 2-12. Realization ofa nine-times folding signal.

The only function of the folding circuits is to combine the signals of the input
amplifiers in such a way that a correct folding signal is generated. In an eight-times
folding system each folding signal has eight zero crossing. Each zero crossing is
generated by an separate input amplifier. For a converter which generates four folding
signals, which in turn have nine zero crossings each, would require 36 input amplifiers.
This large number of input amplifiers will have a negative influence on the dynamic
performance, because of the large input capacitance of these amplifiers. In order to
reduce the number of input amplifiers, it will be necessary to find a way to reconstruct
a number of zero crossings in between the zero crossing of the input amplifiers. This
can be achieved by interpolation. By constructing a folding circuit that interpolates
between the signals of two adjacent input amplifiers the 'missing' zero crossings can
be reconstructed.

The folding signals are generated by two folding stages. When in the first as well as in
the second folding stage interpolating folding circuits are used, a total of four times
interpolation can be realized. When using this approach only 10 input amplifiers are
required.

2.4 Resistive interpolation.

For a 9-bit eight-times folding converter a total of 64 folding signals is required. It
would require too much hardware to generate each of these signals using a separate
folding circuit. A more suitable way to generate these 64 signals is by means of
resistive interpolation. The resistive interpolation between two folding signals will also
smoothen the errors introduced in the folding circuits due to mismatch.

In order to generate 64 folding signals from only 4 folding signals 16 times
interpolation is required. When using a straightforward approach this could be

12 © Philips Electronics N.V. 1997



Chapter 2. Folding and interpolation architecture.

accomplished by using a resister ladder with 16 taps. But it is possible to use a more
sophisticated method for interpolation [2]. This is illustrated in Figure 2-13 for a four
times interpolation system. From this example follows that it is possible to interpolate
16 times using an interpolation ladder with only eight taps.

]'-4---..-r: 4c

f+-----t~ 5c 5

Ie 2e 3e 4c 5e

. .
I 2 3 4 5

Figure 2-13. Example ofafour times interpolation ladder.

... :: .

2.5 Fine encoding.
Mter analog preprocessing 64 folding signals are available. The zero crossings of these
folding signals determine the bit transitions of the binary output code. To generate the
correct output code, the sign of the folding signals has to be detected by applying these
folding signals to 64 comparators. The digital output code of the comparators will be a
circular 64-bit thermometer code (c1-c64) like shown in Figure 2-14. To determine the
corresponding binary output code the location of the 1---70 transition has to be isolated.
To isolate this 1---70 transition a XOR gate can be used, as shown in Figure 2-15a. The
output signals of these XOR-gates are binary signals of which only one signal will be
'1', which indicates the location of the 1---70 transition. Two exceptions will occur
when all output signals of the comparators are '0' or '1', in these cases there is no
1---70 transition and all output signals of the XOR-gates will be '0'.

© Philips Electronics N.V. 1997 13



Chapter 2. Folding and interpolation architecture

0- __
OQ ..... _

999-:
0000
8888

Vin

Figure 2-14. Circular thermometer code ofthe folding signals.

After the location of the 1~O transition has been detected, the corresponding binary
output code has to be generated. It is possible to generate the binary code by using
logic-gates. This will require a lot of hardware and will not result in fast encoding.
Using a ROM-table will result in a much faster encoding.

2.5.1 Error correction.

Comparators are used to determine the sign of the folding signals. When using a real
comparator it is possible that one of the comparators generates an erroneous result.
When applying this code to the XOR gates multiple 1~O transitions will be detected
which will result in an incorrect output code. An example of an erroneous thermometer
code and the resulting codes after the XOR gates is shown in Figure 2-15b.

<12 0-0_0 >12 <12 0-0_ 1 .12 <12 0_0-0_0 .12
<ll 0<0_0 >13 ell 1<0-1 >13

cl3 1_0<0_0 .13
<14 0<0_ 0 .14 c14 0<0_0 >14 c14 0_0<G>_0 .14
cIS 0<0_ 1 .IS cIS 0<0_ 1 cl5 0_0<0_1 >15.15
c16 1<0_0 >16 c16 1<0_0 .16 c16 1_1<0_0 >16
c17 1<0_0 >17 <17 1<0_0 >17 c17 1_1<0_0 .17
cl8 1<0_0 >18 cl8 1<0_0 >18 c18 1_1<0_0 .18
c19 1- cl9 1- cl9 1_1-

Correct operarion Incorrect operation Correct operalion after error c~tion

<a) (b) <c)

Figure 2-15. Detection ofan one-zero transition.

When a comparator would generate an incorrect output code this would result in
glitches in the output signal, which is not allowed. To avoid this problem an error
correction scheme can be applied which removes isolated ones and zeroes. This error
correction can be implemented by using an 'averaging circuit'. This circuit compares
the output signal of each comparator with those of its neighbors, and generates only a
'1' if at least two input signals are '1'. The operation of the error correction circuit can
be described by the following equation:

Out = (ci-\ .c) + (ci-\ . Ci+i ) + (c i • Ci+i ) , with i=2...63

The result of this error correction is shown in Figure 2-15c.

(2.2)

14 © Philips Electronics N.V. 1997



Chapter 2. Folding and interpolation architecture.

Figure 2-16. Error correction.

The first and the last comparator only have one neighbor each, instead of two required
for the error correction. Since the output code of the comparators is a circular
thermometer code signals C2 and C64c can be used to correct signal C1 and signals
Clc and C63 can be used to correct signal C64. This is illustrated in Figure 2-16.

2.6 Coarse encoding.

In a 9-bit eight-times folding converter, six bits can be converted in the fme encoder
using the folding signals, as described before. The remaining bits (MSB, MSB-I and
MSB-2) will be generated separately.

When a full-scale ramp is applied to the converter each folding signal will be a periodic
signal which will have exactly eight zero crossings. For the MSB-2 signal also eight
zero crossings are required. So its possible to derive the MSB-2 signal directly from
one of the folding signals.

The MSB and MSB-I signals can be generated using the output signals of the input
amplifiers. It is possible to derive the MSB signal directly from the output signal of the
middle input amplifier. The zero crossing of this signal will exactly mark the MSB
transition. Since the MSB-I signal consists of three zero crossings it can be generated
using a folding circuit. In this folding circuit the signals of three input amplifiers have
to be combined to generate the desired signal.

To guarantee correct operation of the converter an additional signal is required, which
indicates whether the input signal is out of range. In case the input signal is out of
range the converter has to clip to either it is maximum or minimum value. This signal
can be generated by combining the signals of the first and last input amplifier using a
folding circuit. In order to distinguish between an overflow condition and an underflow
condition, the value of the MSB signal can be used. This results in the following
equations:

© Philips Electronics N.V. 1997 15
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Underflow = OVF / UNF· MSB

Overflow = OVF / UNF· MSB
(2.3)

The signals generated in the coarse-preprocessing part of the converter are shown in
Figure 2-17.

MSB

SyncO
-+----+-----+--+---------J1 \L----i---+----+-----i-

MSB-1

Sync1 ---+--------1-------'1 \L----+-_-----+__+------'I \L------+-_---+_

MSB-2 i / \,------,l t,-----,{ \'-------'/ ~
OvfJUnf nL------+---;.------+-----+---+-----+---+---------Jri

Vm----.·

Figure 2-17. Coarse signals.

2.6.1 Synchronization of the coarse and fine encoders.

One problem encountered in converters which consist of a separate fine and coarse
part, is the synchronization between those two parts. When the coarse and fme part are
not correctly synchronized, glitches can appear in the output code. In the folding and
interpolation architecture presented here it is possible to achieve a good
synchronization without much hardware.

In the fine part the information of the folding signals is being used. The MSB-2 signal
is also being generated using one of the folding signals, so no problems will arise here.
The MSB and MSB-l signals however are not synchronized with the fine part. When
the zero crossings of signals MSB and MSB-l have an offset, this will cause glitches in
the output code. In Figure 2-17 the 'danger' area's are marked.

It is possible to synchronize the coarse and the fme bits by generating separate signals
which mark the 'danger area's'. When the MSB or MSB-l signals are in these area's
their value will be determined by the MSB-2 signal instead of by the original signals.
This approach will result in a good synchronization because the MSB-2 signal is one of
the folding signals. The OVF/UNF signal can be synchronized using the same principle.

16 © Philips Electronics N.V. 1997



Chapter 2. Folding and interpolation architecture.

2.7 Architecture overview.
The architecture of the complete 9-bit AID converter based on the folding and
interpolation principle is shown in Figure 2-18.

9-bit
output
code

Figure 2-18. Architecture of a 9-bitfolding and interpolating AID converter.

The input circuit consists of a reference ladder followed by a set of input amplifiers.
For high input frequencies a track&hold circuit is required. This track&hold circuit can
easily be integrated in the input circuit and will improve the performance of the folding
circuits.

Two folding stages are used to generate the folding signals. Each folding stage consists
of a number of parallel interpolating folding circuits. Since four folding signals are
required for interpolation, the second folding stage consists of four parallel folding
circuits. Each folding circuit requires three input signals, so six (3* 4/2= 6) folding
circuits are required for the first folding stage. (Only 6 instead of 12 input signals are
required because interpolating folding circuits are being used.)

The first folding stage will require a total of ten (3* 6/2 +1=10) input signals, which
results in a total of ten input amplifiers. Nine input signals will not be sufficient because
only eight signals can be interpolated this way. The same situation exists in the second
folding stage, where only five signals can be interpolated. This however will be no
problem since the folding circuit was designed to generate a nine-times folding signal
instead of the eight-times folding signal required. The 'missing' input signal will result
in an eight-times folding signal, which is sufficient.

The [me encoding block consists of 64 comparators followed by the error correction
logic and XOR gates. The outputs of the XOR gates are connected to a ROM-table
which generates the corresponding output code.

In the coarse preprocessing block the MSB, MSB-l and OVFIUNF signals are
generated by combining the signals of the input amplifiers. The coarse block consist of
a set of comparators, followed by a logic circuit which performs synchronization.

In the last block the output bits are buffered by nine output flip-flops. This block also
takes care of the overflow and underflow situations. When the OVF signal is high all
flip-flops are set to '1' and when the UNF signal is high all flip-flops are reset to '0'.

© Philips Electronics N.V. 1997 17



3. High speed CMOS implementation.
In this chapter the CMOS implementation of a 9-bit folding and interpolating AID
converter will be discussed. Speed will be the most important design consideration for
this implementation and as a result less attention will be paid to power consumption.

3.1 Design of the input amplifiers.

3.1.1 Analysis of a NMOS differential pair.

The signals generated by the input amplifiers will drive the folding circuits and the
coarse preprocessing circuit. It is possible to realize the input amplifier using a NMOS
differential pair, like shown in Figure 3-1. If transistors mnl and mn2 both operate in
strong inversion mode, the drain current will satisfy equation 3.1. (In this equation the
channel modulation and body-effect have been neglected.)

I = Il Cox W (V _ v: )2
d 2 L gs T

(3.1)

-vrlf

,../'

-----=-------~/.

RIRl

Figure 3-1. A NMOS differential pair and its transfer curve.

Now assume transistors mnl and mn2 to be identical, having equal W and L
parameters and the same value for VT • It is obvious that the sum of I] and 12 will equal
Is. For the case only one of the transistors is conducting, the current flowing through
this transistor will equal Is. Using equation 3.1, the differential current I] - h can be
calculated. This results in the following equation:

-Is

l.KV. ~4Is -V. 2
2 In K In

Vin <-J2VgT

-J2VgT <V;n <J2VgT

Yin >J2VgT

(3.2)
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The transfer curve of a NMOS differential pair is drawn in Figure 3-1. This curve can
be approached by straight lines. The linear range of the transfer curve depends on the
value of VgT. The meaning of this parameter becomes clear when calculating the drain
currents for the case an input voltage of OV is applied.

When Vin is zero the drain currents of both transistors will be equal. For this situation
the following equation is valid,

!.J... = K (V _V)2 = K V 2
2 2 gs T 2 gT

V=TI:
gT VK

(3.3)

Using the small signal model of the NMOS transistor the DC-gain of the differential
pair can be calculated, as follows,

(3.4)

The value of gm depends on a lot of parameters and its value cannot always be chosen.
In order to achieve the desired gain it is more efficient to adjust the value of R) to
match the required gain.

3.1.2 Speed optimization of the differential pair.

When designing a differential pair, several choices have to be made with respect to the
values of the different parameters. To guarantee a large bandwidth, these parameters
have to be optimized for maximum bandwidth. Since the main issue for this design is
speed/bandwidth, less attention will be paid to power dissipation. However, power
dissipation should remain acceptable. The parameters which values have to be
determined are:

• W and L of the transistors

• The tail current Is of the differential pair

• The impedance of load resistors Rr

The value of Rr is one of the easiest parameters to obtain. Because the gain of the
differential pair depends on Rrand gm, the value of only one of these two parameters
can be chosen. The value of parameter gm is very important for bandwidth, so its value
cannot be chosen to match the desired gain. This results in the fact that the value of Rr
has to be chosen to match the desired gain.

The most important parameters of the differential pair are the dimensions (W and L) of
transistors mnl and mn2. It is difficult to give an optimum value for these parameters,
because they can not be considered separately. When a choice is made for one of these
parameters, this will affect the optimum value for the other one.

The offset voltage of the differential pair is determined by the matching between
transistors mnl and mn2. Two possible sources for mismatch between two transistors
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have to be dealt with: VT mismatch and ~ mismatch. The matched pair spread of VT

and ~ of two identical MOS transistors can be estimated as presented in [3]:

(3.5)

In these equations A(VT), A(~) and B(~) are process dependent parameters. Since the
values of A(~) and B(~) are small compared to the value of A(VT) , the influence of the
~ mismatch is negligible compared to the influence of VT mismatch.

The offset introduced in the input amplifiers will disturb the linearity of the AID
converter, so for a good performance the offset should be minimized. For this
converter the offset should be less than 1 LSB for the 3cr case. This results in the
following restriction for W and L:

(3.6)

The bandwidth of the input amplifiers is very important, because the bandwidth of the
entire converter will always be less than the bandwidth of the input amplifiers. The
bandwidth of the input amplifiers in turn cannot exceed the bandwidth of transistors
mnl and mn2. The bandwidth of a transistor is defined by parameter fT , which can be
calculated as follows:

f
gm

T - 2 C
7t gs

(3.7)

Cgs =a.C' W L
ox

In this equation the parameter a. will equal 2/3 when the transistor operates in strong
inversion.The bandwidth of a transistor depends mainly on the channel length (L). A
certain minimum value for fT will result in a limit for the L parameter of the transistor.

An important parameter of the input amplifier is the linear range, which is defined by
VgT,

v - rIL
gT-V~W

(3.8)

The value of VgT is dependent on the W/L ratio and Is. When choosing a fixed value
for VgT, and choosing a maximum value for Is. This will result in another restriction for
W and L. All restrictions for the values of W and L can be drawn in a chart, like shown
in Figure 3-2.

Due to several restrictions the possible values for Wand L are limited, but still a lot of
possibilities remain. To be able to make a decision, it is necessary to calculate the

© Philips Electronics N.V. 1997 21



Chapter 3. High speed CMOS implementation.

bandwidth of the differential pair as a function of W and L. The outputs of the
differential pair will be connected to the folding circuit, and will be loaded by the gate
capacitance of this circuit. This load has to be taken into account when calculating
bandwidth and will be represented by CL• Using the small signal model the bandwidth
can be calculated and results in the following equation:

1
f-3dB = 2rrR C

[ [

2 Gain L
Gain = R[ 8 m ~ R[ =---

J..loCox VgT W

f
__1_ J..l 0 Cox W VgT

3dB -- 21t 2 L GainC[
(3.9)

The result of this equation can be drawn in Figure 3-2 as a straight line. The optimum
performance can be achieved when this line overlaps the line that marks the Is
restriction. Now the possibilities for optimum Wand L are limited to only a small part
of this line. Choosing the gate area of the transistors (WL) small will result in lower
input capacitance and will result in smaller parasitic capacitances. Now it is easy to
give an optimum value for Wand L, which is marked in Figure 3-2.

Offset fT,min I.......

Figure 3-2. Possible combinations ofW and Lfor optimum performance.

It is difficult to give an optimum value for the value of parameter Is, because a linear
relationship exists between the bandwidth of the differential pair and the value of Is.
This can be derived as follows:

_ Gain _ VgT Gain
RL - -- - ---:;.---

8m Is
1

f-3dB = 21t RLCL

1 Is
f-3dB = 2 V G' C1t gT am L

(3.10)
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This relationship is derived using a 'simple' transistor model. To verify this relationship
various simulations have been run using different values for Is. For each of the
simulations the value of VgT and the gain were kept at a constant value. This makes it
easy to compare the results, because the DC-transfer curve will be the same for all
values of Is. A source follower was being used as load. The results of these simulations
are shown in Figure 3-3. These simulations prove that equation 3.10 is correct and
bandwidth will increase when Is increases. No optimum value can be found for Is when
only bandwidth is considered, instead power dissipation will be a limiting factor when
choosing a value for Is.

1000

900
800

N" 700::t:

~ 600
s::... 500'tl

i 400'tl
C
III 300III

200
100

0
0 0 0 0 0 0 0 0
0 0 0 0 0 g 0 g,... C\I C')

"'"
Ii) ""
Is (uA)

Figure 3-3. Bandwidth ofa differential pair versus tail current.

3.1.3 Influence of the input amplifiers on INL.

The input amplifiers are connected to the reference ladder and the input terminal, like
shown in Figure 3-1. In this implementation of a folding and interpolation architecture
a total of 10 input amplifiers is used. From these 10 signals only one folding signal can
be generated. For a 9-bit 8-times folding converter however 64 folding signals are
required. The additional 63 signals can be generated by means of interpolation.

Vreflo Yin

Vrl il

Vr2
i2

----..
Vin

Vr3 i3

Figure 3-4. Input amplifiers and their output signals.

When using input amplifiers which have a transfer curve that is perfectly linear,
interpolation will have no influence on the linearity of the converter (INL). In practical
implementations however the transfer curve will not be perfectly linear and
interpolation will result in INL.
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A differential pair as described before will be used as input amplifier. The transfer
curve has a small range in which it is almost linear. By increasing this linear range the
INL-error caused by interpolation can be reduced. In Figure 3-5 the result of
interpolation between two non-linear signals is shown. Since the transfer curve of the
differential pair is symmetrical, the interpolated signal which is exactly in the middle
will not cause linearity errors. The other interpolated signals however will have zero
crossings which are shifted with respect to the ideal zero crossings.

zero crossing

--.
Vin

Figure 3-5. Interpolation between non-linear signals.

As mentioned before it is not possible to generate perfectly linear signals using
differential pairs. This will result in a 'systematic' INL error as opposed to the random
INL error caused by offset in the input amplifiers. It is possible though to reduce the
INL by increasing the linear range of the input amplifiers. In order to be able to make a
choice for the linear range of the differential pair, it is necessary to derive the
relationship between the linear range of the input amplifiers and the corresponding INL
error.

For each interpolated folding signal the INL error will be different, and can be
determined by calculating the difference between the location of the real zero crossing
and the ideal zero crossing. The ideal zero crossings will be equally distributed over the
entire input range. It can be derived that the result of interpolation between the output
signals of the first two input amplifiers equals

64-i
VitP,i =~Gain Yin 1-(~J2 +

2VgT

24

i G' (v VrangeJ 1- am . --- -
64 In 8

,with i= 1,2, ... ,63.(3.11)
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V
(In this equation --!!!!!!!.... is used although 10 input amplifiers are being used. These 10

8
input amplifiers are used to generate a 9-times folding signal, but only an 8-times
folding signal is required. This is why only 9 input amplifiers (8 segments) are required
for the actual input range.)

It is very difficult to derive the actual location of one of the zero crossing of the
interpolated signals using equation 3.11. Instead of calculating the exact location of the
zero crossing, the difference between the location of the real zero crossing and the
ideal zero crossing is calculated using a linear approximation of the interpolated signal.
Now the INL error caused by interpolation between the non-linear signals can be
calculated as follows:

~V. = Vi/Poi (Videal zerocrossin g )

I Gain

B = ~~ 512
INL

Vrange

512 V in (1 - 8V
in J

Vrange

1-(~J2 -
2VgT [

V. _ Vrange ]2
In 8

1-
2VgT

(3.12)

Using this formula the INL error can be calculated for each of the interpolated zero
crossings by inserting the value of the parameter Vin for the case of an ideal zero
crossing. The ideal zero crossings will be located at the following positions:

V
in

=i Vrange , with i= I, 2, ... , 63.
512

(3.13)

In Figure 3-6 Boo. has been plotted for several values of parameter VgT• It becomes
clear from this figure that VgT has to be at least 150 mV in order to keep Boo. below
0.5 LSB. Choosing a larger value for VgT will result in a larger value for parameter L
which will have a negative influence on bandwidth. Since the random linearity error
introduced by offset has a 0' of 0.33 LSB, the value of VgT will be chosen to result in
the same error. This results in a value of 200 mV for parameter VgT•
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__0.2

····.·····0.25

Interpolated zerocrossings

Figure 3-6. Interpolation errors for several values of VgT.

3.1.4 A comparison of technologies.

The parameters of the input amplifier have been optimized for maximum bandwidth.
However, no attention has been paid yet to the technology in which this circuit will be
implemented. As CMOS technology advances, devices get smaller which can be
advantageous for bandwidth. This AID-converter will be implemented in C075, a new
0.35J.lm process. In order to compare this new process to its predecessor CWO, a
0.5J.lm process, the circuit shown in Figure 3-7 will be used. This is an input amplifier
which is loaded by two source followers.

RI

Vino---1

RI

Figure 3-7. Input amplifier with sourcefoliowers.

The load capacitance will consist mainly of the gate-source capacitances of the source
followers. The gate-source capacitance is proportional to the gate area of the
transistor. The minimum required gate area in tum, depends on the desired offset. The
bandwidth of this circuit can be calculated as follows:
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From this equation follows that the bandwidth will increase, when the channel length
decreases. Even if the technology allows smaller channel lengths, this does not
necessarily mean it is possible to use minimum channel lengths due to matching.

When comparing C075 to ClOO an improvement in matching can be seen. For C075
this results in a minimum gate area which is half of that required in C 100. This will
result in a lower value for the gate-source capacitances of the transistors.

The values of parameters gm and Cgs are proportional to respectively WIL and the total
gate area. These parameters are also process dependent and significant differences
between ClOO and C075 can be observed. When comparing the ratio g,JCgs , for both
technologies it turns out that the value of this ratio in C075 is only 80% of that in
ClOD.

Table 1. Parameters in C075 and ClOD

In Table 1 the differences between C075 and ClOD are shown. From these figures
follows that the performance in C075 will increase by 40% compared to C 100. Several
simulations have been run, using different values for Is while keeping VgT constant,
using C075 and ClOD parameters. In Figure 3-7 the simulation results are shown which
show that performance will increase in the new technology.
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Figure 3-8. Bandwidth in C075 and ClOD.

3.1.5 Realization of the input amplifiers.

Now that an analysis has been made of the different parameters that have influence on
the bandwidth of the input amplifiers, a [mal design of the input amplifier has to be
realized.

Since the gate area of transistors mnl and mn2 has to be large to satisfy the matching
demand, the drain-bulk capacitance will be relatively large. This drain-bulk capacitance
can be seen as an additional load at the output. It is however possible to reduce the
influence of this additional load by using a cascode transistor. The cascode transistor
will reduce the influence of the drain-bulk capacitance by a factor gm,cascode. The
cascode transistor should have a minimum length to get a high value for gm.

Until now, no attention has been paid to the current source, which supplies the tail
current Is. This current source can be easily realized by just one NMOS transistor. The
value of parameter L of this transistor should be relatively large, which results in a
large value for RaUl. Furthermore a larger value of L will result in a larger value for VgT

which makes the transistor less sensitive to deviations in parameter VT•

f------+---+----o\but

/"J',.~I ..!-------i II
·........r/

f-~---------j~~
!----------------------------------------_.!

Figure 3-9. Realization of the input amplifier.
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Table 3-1. Parameters of the input amplifier.

3.2 Reference Ladder

3.2.1 Feedthrough.

In a standard implementation of the input circuit, one of the tenninals of the input
amplifier is connected to the input voltage while the other terminal is connected to one
of the taps of the reference ladder. Due to the gate-source capacitances of transistors
mnl and mn2 of the input amplifiers, the input signal will be coupled to the reference
ladder. This will result in deterioration of the reference voltages, which will result in
distortion in the NO converter. The amount of distortion caused by feedthrough of the
input signal is dependent on the ladder resistance. The distortion caused by
feedthrough of the input signal has to be calculated to obtain the maximum allowable
ladder resistance.

Vrnid

Vreflow R/4 R/4 ±R/4 R/4 Vrefhigh

,T
C/8

T
C/4

Cf4 T
Cf4

t/8 ·
1-1 T 1 T

Vm

Figure 3-10. Modelforcalculation offeedthrough on the reference ladder.

The maximum feedthrough will occur at the middle tap of the reference ladder. To
calculate feedthrough of the input signal, a simplified model is used which is shown in
Figure 3-10. In this model the total resistance R of the reference ladder is divided in
four equal sections, which have a resistance of R/4. The total coupling capacitance C
of the input stages has been divided into five capacitors. Since the model is
symmetrical, only one half of this model has to be used to calculate the feedthrough on
the middle tap of the reference ladder. Calculation of the feedthrough on the middle tap
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of the reference ladder when an input signal with amplitude Vin and frequency fin is
applied, results in

a(a +32) .
2 ' WIth a =1t /;n RC.

a +32a+128
(3.1S)

This equation can be simplified when it is assumed that a « 1. Simplification will
result in the following equation for the feedthrough on the middle tap of the reference
ladder:

Vmid = 1t +. RCv: 4 lin
In

(3.16)

When the maximum allowable feedthrough is known, it is possible to calculate the
maximum ladder resistance. This will result in the following equation:

(3.17)

In this equation <p represents the feedthrough in LSB and n the number of bits.

The coupling capacitance of one input amplifier consists of two gate-source
capacitances connected in series. Each differential pair has a coupling capacitance of
Cgsl2. This will result in a total coupling capacitance of SCgs•

Now the maximum allowable ladder resistance can be calculated for the 9-bit
converter, when feedthrough should be below 1 LSB. When using the input amplifiers
as described before and assuming an input signal frequency of 100MHz, this result in a
maximum ladder resistance of 12.Sn. This would require a minimum ladder current of
80 rnA for the desired input range of 1V!

It is obvious that even for a high speed converter this power consumption is not
acceptable. It is possible though to reduce the feedthrough by externally decoupling the
middle tap of the reference ladder. In case of an 'ideal' decoupling the maximum
allowed ladder resistance increases by a factor four. A total ladder resistance of son
would still require 20 rnA, which is too much! Furthermore, the external decoupling
will suffer from induction in the bond wire, reducing the effective decoupling at higher
frequencies.

3.2.2 A differential input circuit.

The use of a simple reference ladder which is connected to the input amplifier is not
possible in a high speed 9-bit converter, due to feedthrough. This however is not the
only problem. Because of matching demands the transistors of the input amplifiers are
relatively large, which results in large gate capacitances. When the input signal applied
to the AID converter is generated by an ideal source, this will not be a problem. In
reality, the source which generates the input signal will have an output impedance (Zs)
of at least son. The impedance of the bond wire (Zb) has to be added to this value. In
Figure 3-11 a schematic drawing of the input circuit is shown. From this figure
becomes clear that the combination of Zs, Zb and the gate capacitance will act as a
filter. When taking into account the fact that the gate capacitances are voltage
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dependent, it is obvious this will deteriorate performance at high frequencies.
Simulations show that second harmonic is at least -38dB, which is not acceptable for a
9-bit converter.

If---,r------i Vmid
Cgs

Figure 3-11. The input circuit of the converter.

From these observations it becomes clear that a different approach is required. The
main problem is the frequency of the input signal. A more efficient circuit is shown in
Figure 3-1.

rIO ric

r2 r9c

Figure 3-12. A differential input circuit with T&H.

The main advantage of this circuit is the track and hold operation in front of the input
amplifiers. In [1] is shown that the use of a track and hold circuit will improve the
performance of an NO converter. The track and hold function could have been easily
implemented by adding a hold capacitor to the input amplifiers like shown in [4]. But
the high input frequency would still cause problems. By inserting the track and hold
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(3.18)

operation in front of the input amplifiers, the problem of input capacitance of the input
amplifiers and feedthrough on the reference ladder can be eliminated.

The two amplifiers A1 and A2 should have a high gain and can be realized using an
OTA, like shown in Figure 3-13. To increase gain, a folded cascode configuration is
used. In [5] is derived that the small-signal gain of this circuit is

A = gm3 ( Rol5 Ro13 J
R07 + R05

Rol5 = '015(1 + gm15'06)

Ro13 = '013 (1 + gm13'021)

The matching between transistors mn3 and mn4 is one of the dominant factors
contributing to offset. The offset of amplifiers A1 and A2 will influence the DC-offset
of the entire converter. Because offset is a statistical parameter, the offset can be
calculated as follows

0' offset = (0' offset,AIr+ (0' offset,A2r
= .J2 (0' offset,A)

(3.19)

When allowing a maximum 30' offset of 2 LSB this will result in a minimum gate area
which can be half of the gate area required for transistors mnl and mn2 of the input
amplifiers.

To achieve a large bandwidth, the current sources mp21, mp22, mn27 and mnlO have
been biased to supply a current of 500/lA each.

Vdd
Vdd ..~--.-.-----..........,

Biaslp ...........-tt----=.,.,---------II

P21

MN6
50/1

MN10
75/1

MN.3 MN4

Vin~ 75/1 75/1
I~ViP

MP1.3

BiasCp 50/0..35

....In
0:: ~

Out

MN15

BiasCn
.30/0..35

MN27

Biasln ..........;r-----'...:75"---/1'----- .... 1

Vss ..~-+--------.--------------------<o

~gnd

Figure 3-13. Implementation of the OTA.
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The NMOS transistor (Figure 3-12) at the bottom of the reference ladder will act as a
second gain stage. Since the output signal is fed back to the input of the OTA, stability
will be a problem. Using miller compensation, the problem of stability can be solved. In
order to get a stable system and a large bandwidth, the gain of the second stage should
be high. In order to increase the gain of this stage, a cascode transistor has been added.

The current sources at the top of the ladder have to supply large currents. When using
a single PMOS transistor as a current source, the current supplied by this transistor is
dependent on the drain voltage. If the source-drain voltage becomes less than VgT, the
transistor will no longer be in saturation and the current will be reduced. For correct
operation the transistor should remain in saturation, which implies that either the value
of VgT should be small or the drain voltage should be low. The drain voltage is
dependent on the voltage level at the bottom of the ladder, so it is easier to choose a
small value for VgT• For large currents this will result in a transistor which has minimum
channel length, which results in a low value for Rout. To calculate the influence of Rout

on the reference voltages, the model shown in Figure 3-14 will be used. The value of
the differential voltage V'c Vxc can now be calculated, and results in the following
equation:

_ R(9-x) . _
V x -vxc -2Vjn -IL R(9-2x)+(Vdd - V;n) (R

oUl

+9R)' wIth x-I, 2...9
\ ,

gain "error

(3.20)

From this equation it becomes clear that the error caused be Rout will be a gain error,
which will not result in linearity errors or distortion.

Figure 3-14. Model to calculate the influence ofRout.
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3.2.3 Realization of the reference circuit.

The actual realization of the input circuit is shown in Figure 3-15. As mentioned
before, miller compensation is used in order to get a stable system. To implement the
miller capacitance the gate-capacitance of a PMOS transistor could be used. This
however requires a certain bias-voltage across the transistor. In this case a maximum
bias-voltage of O.5V can be applied, which is not sufficient for correct operation.
Instead of using a transistor to implement the miller capacitance a sandwich of 5 metal
layers is being used. This way a miller-capacitance with a value of 3pF can be realized
on an area of O.Olmm2

•

The reference ladder is loaded by ten input amplifiers. To guarantee fast settling of the
reference voltages the impedance of the ladder has to be low. By adding source
followers in front of the input amplifiers, the load can be reduced and settling will
improve. In Table 3-2 the values of the design parameters used in this implementation
are listed.

Table 3-2. Parameters ofthe input circuit.
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Figure 3-15. Implementation of the input circuit.
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3.3 Folding circuit.

3.3.1 Generation of folding signals

The folding circuit has to generate a folding signal by combining the signals generated
by the input amplifiers. Because the input amplifiers generate differential signals the
folding circuit can be implemented using a circuit shown in Figure 3-16. This circuit
consists of a number of differential pairs which all are connected to only two load
resistors. In normal operation, only one differential pair will be in it is linear range. In
the other differential pairs the tail current will flow through only one of the common
source transistors. The current supplied by the differential pairs which are out of their
linear range should be equally distributed over the load resistors. This will result in an
odd number of differential pairs; one which is in its linear range and an even number of
differential pairs which is out of its linear range. So when using this circuit an odd
folding rate is preferred, because generating a signal with an even folding rate would
require an additional 'dummy' -pair for proper common mode biasing.

f-Vbc:

Figure 3-16. CMOS implementation ofa folding circuit.

As mentioned before only one of the differential pairs will be in its linear range, so the
differential output signal of this circuit will equal the output signal of a single
differential pair. The common mode level will be shifted with respect to the output
level of a single differential pair due to the current supplied by the other differential
pairs. Now assume a folding circuit like shown in Figure 3-16, which consists of x
differential pairs. Furthermore assume only the leftmost differential pair is in its linear
range. Now the following equations can be derived for the output signals:

Vi = V"" - RL ( ~ 1, +-\-K(V. - V.J ¥t-(V. - V.J' J

Vi< = V"" - RL ( ~ 1, --\-K(V. - V.J ¥t-(V. - V..)' J

Vi - Vi< = R{tK(V. - V.J i -(V. - V..)' J

(3.21)
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Similar equations can be derived for the case one of the other differential pairs is in it is
linear range. As follows from these equations, the common mode level of the output
signals is determined by the values of the load resistors and the value of the bias
current. The differential output voltage is determined by only one of the differential
pairs.

3.3.2 A three-times folding circuit.

For this converter an eight times folding signal is required. Because an odd folding
factor is preferred, a nine times folding signal will be realized. When realizing a nine
times folding circuit by connecting nine differential pairs as described before, attention
has to be paid to matching. When assuming an error of M in one of the resistors this
will result in the following equation for the differential output voltage:

(3.22)

From this equation becomes clear that the influence of mismatch in the load resistors is
relatively large. The offset caused by resistor mismatch in this folding circuit will be 9
times the offset caused in a single differential pair. Furthermore the tail currents of the
differential pairs should match, because mismatch between these currents will also
cause offset. When considering only the differential pairs which are outside of their
linear range, a total of 4*Is will flow through each of the resistors. Due to mismatch in
each of the individual current sources, the standard deviation of the currents through
the load resistors will equal

(3.23)

In this equation a(Is) is the standard deviation of one single tail current.

Considering the various matching requirements, it is obvious matching will be more
difficult as the folding rate increases. In order to design a folding circuit that will
achieve a good performance, a low folding rate should be chosen. When choosing a
folding rate of three, a nine-times folding signal can be generated by using two three
times folding stages. In the first folding stage three signals have to be generated, which
can be combined in the second folding stage.

The design constraints for the differential pairs in the folding circuit are similar to those
of the input amplifiers. Since only one of the differential pairs is in its linear range at a
time, only one differential pair has to be considered. Because the input signal has been
amplified by the gain of the input stage, the offset in the folding circuit can be larger
than the offset of the input amplifiers. The linear range of the differential pair is also
dependent on the gain of the input stage (GainIP). Because the signal applied to the
folding circuit is an amplified version of the input signal, the linear range of the folding
circuit has to be larger. This will result in the following equations:
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3.3.3 Implementation of an interpolating folding circuit.

In order to generate a set of four folding signals using only ten input amplifiers, four
times interpolation is required. It is possible to realize an folding circuit which also
performs the interpolation function. When using interpolating folding circuits for both
folding stages, a total of four folding signals can be generated using only ten input
amplifiers. An interpolating folding circuit can be realized by 'splitting' the common
source transistors of the differential pairs, in two. This is illustrated in Figure 3-17.
Each of the interpolating differential pairs will interpolate between their two input
signals. The interpolating differential pair behaves like a normal differential pair which
is preceded by an interpolation stage. The interpolation is determined by the ratio
KalKb• When transistors mnla and mnlb are identical, the interpolated signal will be
exactly in the middle of the two input signals.

~Vaxc Vbx...j ~vcxc

Figure 3-17. Interpolating folding circuit.

A signal that has been generated by interpolation between two signals will have a
different shape than the two original signals. Because resistive interpolation will be
performed between the four folding signals, these folding signals should be alike. This
can be achieved by interpolating all signals using an interpolation ratio of 0.25/0.75,
like shown in Figure 3-18. When using this approach the shape of all signals will be the
same.

-----+v..

Figure 3-18. Interpolating between signals.

The required linear range of the input amplifiers is dependent on the number of input
amplifiers and the input range. When the number of input amplifiers increases, the
required linear range will be smaller. The linear range of the differential pairs used in
the folding circuit should be equal to the linear range of the input amplifiers multiplied
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by the gain of the input amplifiers. When using interpolating folding circuits, additional
folding signals are generated. Because an additional signal is now being interpolated
between each two folding signals, the linear range can be reduced by a factor two. In
general, the following equation will valid for the required linear range of the folding
circuit:

V Gain/p
gT,min =VgT,IP 't

I Pfoldl

(3.25)

In order to generate a nine-times folding signal, two folding stages are required. The
second folding stage will also consist of interpolating folding circuits. The required
linear range of the second folding stage can be calculated as follows:

Gain /P Gainfold I Gain fold I
V T . =V _----':0....__-"'-_ =V T fi Idl ----"--

g ,mm gT,IP·
f

· g , 0 't
I P foldl ltp fold 2 I P fold 2

(3.26)

Parameters itp/oldJ and itp/old2 represent the interpolation factor, which will have a value
of 2 for both stages. In order to use the same folding circuit in both stages, the gain of
the folding circuit should be equal to itp/old2. This will result in the same value for VgT in
both folding stages.

Only a minimum value for VgT has been derived, but no maximum has been given yet.
For optimal operation of the folding circuit, only one differential pair should be in its
linear range at a time, which requires a minimum value for VgT• As a result parameter
V gT should be equal to VgT,min.

The design of the current sources of the folding circuit requires some extra attention.
As mentioned before, mismatch between the tail currents will cause offset. Assume one
of the differential pairs is in its linear range and assume furthermore the tail currents of
the other two differential pairs are not equal. The offset caused by a mismatch of AI in
one of the current sources, will equal:

V =AI RL [LSB]
offsel,l G' G'am/p am fold

(3.27)

As follows form this equation, the gain of the input amplifiers will reduce the offset
error caused by the folding circuit. When using a current source which consists of a
single NMOS transistor, the value of AI can be calculated as follows:

(3.28)

The matching of the current sources improves when L increases. A large value for L
will also result in a large value of Roul• When designing a current source a large value
for L should be used. In order for the current source to operate correctly, the NMOS
transistor should remain in saturation. The minimum drain voltage required for
saturation is determined by the value of parameter VgT• Since the value of parameter L
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is already detennined by the matching requirement, the value of parameter W should
be chosen to match the desired value of parameter VgT•

The parameters used for the design of the folding circuit are shown in Table 3-3.

Table 3-3. Design parameters for the folding circuit.

3.4 Design of the comparators.

3.4.1 Basic comparator architecture.

Master-slave comparators are being used to detect the zero crossings of the folding
signals. Because 64 folding signals are being generated, 64 comparators are required
for the fine part. In order to reduce power consumption, a comparator which uses the
same current during reset-phase and latch-phase is being used.

In Figure 3-1 a few possible realizations of a comparator are shown. The comparator
shown in Figure 3-1a is a very simple comparator. During the reset-phase, when the
clock signal is low, the input signal is pre-amplified by the load resistors and transistors
mnl and mn2. The latch phase will be initiated with a falling edge off the clock signal.
In this phase transistors mn3 and mn4 will form a positive feedback loop. Due to
practical limitations, realization of this circuit is not possible.

The parasitic capacitances of transistor mn5 will form an oscillator in combination with
transistors mn3 and mn4. This effect will only occur only when the clock signal is low.
When the clock signal is high, transistor mn5 will act as a resistor. As long as the on
resistance of transistor mn5 is below a certain level, no oscillations can occur during
the latch phase. (Oscillation can be avoided by choosing the gain of the latch pair less
than one! This however will not result in a good comparator.)
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mn5

T
elk/:

(a) (b)
Figure 3-19. Possible comparator implementations.

(c)

To avoid the oscillation two additional transistors can be added, like shown in Figure
3-19b. When the clock signal is high, transistors mn6 and mn7 will 'bypass' transistors
mn3 and mn4. This will reduce the gain of the latch-pair during the reset-phase and
avoid oscillations. This comparator will only require one clock-signal. Simulations
show however that this circuit is very sensitive to kickback of the slave comparator.
This is caused by the on-resistance of transistor mp5. During the latch-phase this
transistor should connect the sources of the latch transistors. If the on-resistance of this
transistor is too high, this will make the comparator more sensitive to kickback effects.

The comparator shown in Figure 3-19c will not suffer from this problem. During the
reset-phase, when the clock signal is high, the comparator will behave like a normal
differential pair. The latch phase is initiated with a falling edge of the clock signal, and
the entire tail current will be supplied to the latch-pair. The main advantage of this
circuit is the fact that one current is used for both the reset phase as well as the latch
phase. This will reduce power consumption.

The output signal of the master comparator has to be latched by a slave. It is possible
to use a slave which performs the latch function and has standard CMOS output levels.
In Figure 3-1 the entire master-slave comparator is shown. During the latch-phase of
the comparator, transistors mp9, mnll, mplO and mn12 will apply the differential
output voltage of the master to the slave. At the rising edge of the clock signal, the
two inverters will amplify the result to standard CMOS-levels.
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~mn5
elk

mn6 ~
elk

mp9

Figure 3-20. Master-slave comparator.

3.4.2 Implementation of the comparator.

Offset in the comparators is more severe than offset in the previous stages. Between
each two folding signals generated by the folding stages 15 additional signals will be
generated by means of interpolation. The offset caused in the folding circuits will be
'smoothed' because of this interpolation, which will result in a lower value for the
DNL error. The offset of the comparators however, will directly result in DNL error.
As a result the offset of the comparators should be less than the offset of the input- and
folding-stages. The minimum gate area of the transistors mn] and mn2 can be
calculated as follows:

(3.29)

In this equation <I> represents the 3cr -value for maximum allowable offset in LSB's. The
value of parameter Gain is determined by the total gain of the input-and folding
circuits.
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Stable
~=:::::-----:States

Vml---+

(a) (b)

Figure 3-21. Calculation modelfor Bit Error Rate.

Besides offset of the comparator, bit error rate (BER) is also a very criterion when
designing a comparator. The bit error rate of the comparator is defined as the
probability of a meta stable state (Figure 3-21b) that occurs during the latch phase of
the comparator. A meta stable state will result in an undecided output signal of the
comparator. In this case the digital encoder may encode an incorrect output code. To
ensure proper operation of the AID converter, a prediction of the bit error rate is
necessary. In Figure 3-21a a calculation model for the bit error rate is shown. In [6] it
is derived that the probability of an occurrence of a meta stable state, whose duration t
is longer than a time interval tn is given by:

A-I
--I

p(t> tn ) = e t " (3.30)

with A and 't according to Figure 3-21. In this equation the time interval tn can be
considered half of the sampling period:

1
t =--
n 2iclt

(3.31)

In order to decrease the probability of the occurrence of a meta stable state, the factor
(A-l)/'t has to be maximized. For the comparator shown in Figure 3-20 this factor is
given by:

(3.32)

In this equation CL is the total capacitance at the drains of transistors mn3 and mn4.
Now equation 3.25 can be rewritten as:

(3.33)

From this equation follows that in order to achieve a low bit error rate, the gain of the
latch pair should be high and the load capacitance should be minimal. The load
capacitance depends on the gate area of the transistors which is determined by
matching requirements. The value of parameter gm is dependent on the value of the tail
current.
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Using the equation which has been derived, a comparator can be designed to match
specifications. For this AID the comparator has been designed using the values
specified in Table 3-4.

Table 3-4. Design parameters for the comparator.

3.5 Digital fine encoding.

3.5.1 Implementation of the fine encoding.

The signals generated by the comparators will form a cyclic thermometer-code. This
code has to be converted into a binary code. As mentioned in the previous chapter, the
output signals of the comparators are fed to an error-correction circuit. The error
correction circuit will 'remove' isolated ones or zero's using the following logical
function:

Out=(a·b)+(a·c)+(b·c) (3.34)

After error-correction, the '1 '~'O' transition has to be detected using an XOR-gate.
The XOR-gate as well as the error-correction circuit are easy to implement in CMOS.
In Figure 3-22 the implementation of both circuits is shown.

a--1 a--1 -l~a
b--1 b--1 ~b

Out S Out S
0 0

a--1 a--1 ~a

b--1 b--1 Jb
Error correction cell XORcell

Figure 3-22. Implementation of the error correction cell and XOR-cell

Only one of the signals generated by the XOR-gates will be high. These signals can be
used to drive a ROM-table. Using a ROM-table will result in a very simple and fast
implementation of the digital encoding. The ROM-table consists of 64 'rows' which
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each contain a 6-bit binary code. Each XOR-gate will be connected to one 'row' of the
ROM-table. When one of the XOR-gates produces a '1', a single 'row' in the ROM
table will be activated which contains the correct binary code. In Figure 3-23 the
implementation of the ROM-table is shown. (Only 63 signals are required to generate
64 binary output codes, because code '111111' requires no input signal due to the
pull-up PMOS transistors.)

cO -+---tt---+----I+---+---tt---+----I+---t----tt---+------jl

cl-+-----H--+------1+-----+---Il--+------1+---+--I1

C2-+---tt---+----I+--+---tt---+----1+---+----+------j1

c3-+---t+--+---I+-----+---t+--+---II

c61-+----------------H

bO

'000000'

'000001'

'000010'

'000011'

'111101'

c62-+-------------------

Figure 3-23. ROM-table implementation.

'111110'

3.5.2 Coarse preprocessing and encoding.

Up till now no attention has been paid to the generation of the coarse signals. The
generation of coarse signals can be performed using folding circuits. In Figure 3-24 the
required folding signals are shown. Signal MSB-1 for example can be generated by
combining three input amplifier signals, using a three times folding circuit. The other
signals can be generated in a similar way.
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Figure 3-24. Coarse signals.

(3.35)

Two 'sync' -signals have been generated in order to synchronize the fine- and coarse
part of the converter. This synchronization will be performed in the digital encoding
part. The actual MSB (b8) is generated by combining the information of signals MSB,
SyncO and MSB-2. The generation of b8 (the actual MSB which is sent to the output),
can be described using the following logical expression:

b8 = (MSB .~)+ (MSB - 2· SyncO)

= (MSB+ SyncO)' (MSB- 2· SyncO)

Instead of using several NAND and NOR gates, the entire function is implemented in
one single cell. This will result in fast settling of the digital system. The implementation
of this circuit is shown in Figure 3-25a.

The generation of signal b7 is more complex than the generation of signal b8. Instead
of one 'sync'-signal, two 'sync'-signals are required now. The following logical
expression describes the generation of signal b7:

b7= (MSB-l. (SyncO+ Sync1)) + (MSB-2. SyncO) + (MSB- 2· Sync1)

-:---------=---:---------:-J===-~ (3.36)
=(MSB-l+SyncO+ Sync1). (MSB-2+ SyncO). (MSB -2+ Sync1)

This function can also be implemented in one single logical cell, which is shown in
Figure 3-25b.

Finally the overflow and underflow conditions have to be detected. The OVFIUNF
signal will only indicate an overflow or underflow condition, but will not distinguish
between those two conditions. This can easily be detected though by using the MSB-2
signal, as follows from Figure 3-24. Using this approach, the overflow and underflow
signals will also be synchronized with the fine part. The generation of these signals can
be described by the following logic equations:
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Underflow = OVF I UNF . MSB - 2 = OVF I UNF + MSB - 2

Overflow = OVF I UNF . MSB - 2 = OVF I UNF + MSB - 2
(3.37)

These signals can be generated using simple standard NOR-gates.

MSB-l--1 MSB-~

SyncO--1 SyncO --1

MSB--1 Jf-M8S-2 Sync1 --1

Sf-8ynoO b7
SYDC0--1

b8 MSB-l--1

MSB--1 ~yncO

MSB-2--1 ~SynCO

(a) (b)

Figure 3-25. Generation ofsignals b8 and b7.
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4. Simulation results.
In order to check the performance of the AD-converter, some simulations have been done.
Because simulations of the entire NO-converter require a lot of simulation time, it is not
always possible to do a simulation of the entire converter. So for some very time
consuming simulations only parts of the NO-converter have been used.

The input circuit has been simulated for input frequencies of 80 MHz and 100 MHz at a
clock frequency of 200 MHz. In Figure 4-1 the spectrum of the reference signals, which
are applied to the rest of the converter, is shown for both input frequencies. From this
simulation becomes clear that third-order harmonic distortion will deteriorate the
performance of the converter.

300.Om SOO.Orr
2OO.Om 4OO.0m

DB(A V 1(80 2(0»
0.0

(LIN)

-20.0

-(j().0

-100.0

-140.0
DB(B_v1(100_200» LIN

0.0

-20.0

-{j().0

-100.0

-140.0

0.0
100.0m

(LIN) Freauencv

Figure 4-1. Spectrum ofthe reference signals. Clock frequency 200 MHz. Input frequencies 80 MHz (upper part) and
100 MHz (lower part).

In order to determine the maximum clock frequency for the digital encoding, a MSB
transition has been simulated. The results of this simulation show that the signals
generated by the digital encoding circuit settle within 3.5 ns. This will be fast enough for a
clock frequency of 285 MHz.

To determine the linearity of the NO-converter, a low frequency ramp has been applied to
the input of the NO-converter. The resulting values for INL and DNL represent only
systematic linearity errors, and do not account for random linearity errors caused by offset.
In Figure 4-2 the INL of the entire converter is plotted and in Figure 4-3 the DNL is
shown.
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Figure 4-2. Systematic Integral Non Linearity (INL) of the entire AID-converter
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Figure 4-3. Systematic Differential Non Linearity (DNL) of the entire AID-converter.
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In Table 4-1 a summary of the specifications of the entire AID-converter is given. AI
values are based on simulation results.

Table 4-1. Specifications of the AID-converter.
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5. Conclusions.
The 9-bit folding converter has been implemented in C075 technology, and simulations
show that it operates correctly. In order to maximize bandwidth, a track&hold circuit
is put in front of the converter and a differential reference circuit is being used. This
however will still not provide sufficient bandwidth for 100 MHz input signals. Due to
harmonic distortion the input frequency is limited to 80 MHz in order to achieve 9-bit
performance. At a input frequency of 100 MHz only an 8-bit performance can be
achieved.

The converter will operate correctly at sample frequencies of up to 200 MHz. In order
to operate at a sample frequency of 200 MHz the signals generated by the digital
encoding circuit have to settle within 5 ns. This can be achieved by using a ROM-table
for the fine encoding and using custom-logic for the coarse encoding, instead of using
standard cells. Using this approach no pipelining is required in the digital encoding
part.

The simulations of systematic linearity errors show a good DNL and INL performance.
A good DNL performance is a property of the folding and interpolation principle,
because interpolation 'smoothens' linearity errors. The systematic INL of the converter
is caused by interpolation between non-linear signals and is mainly determined by the
linearity of the input amplifiers.

As mentioned before, the main problem for this design is the bandwidth limitation of
the input circuit. Because of matching, large transistors are required in the input
amplifiers, which results in a high input capacitance. Because the input capacitances of
the input amplifiers are non-linear, this will cause harmonic distortion. In order to The
offset introduced by the small transistors can be compensated for using an offset
compensation circuit.
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