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A Subranging Analog to Digital Converter

Using a Four Bit Pipeline

Chapter 1

Pipeline Converter Architecture

A need has developed for analog to digital converters

with 10 to 12 bits of resolution and sample rates in the

range of 25 to 75 million samples per seconds. The

emerging technology of HDTV requires the use of such

converters. Traditionally extremely rapid sampling has

been performed with bipolar technologies which use flash

converter architectures.[1][2] Figure 1.1 presents the

fundamentals of flash converter architectures. Although

flash converters have no problem meeting these sample

rates, achieving more than eight bits in a flash

architecture becomes a problem. For every 'n' bits in a

flash converter there must be 2n-1 comparator cells. A

twelve bit flash converter would require over four

thousand comparators. Because of the extremely large die

size this would require, a flash architecture may not be

the best solution.

Another method which has been used for high speed

ten to twelve bit conversion is the Dual Rank or Two Step

architecture.[3][4] As shown in Figure 1.2, the conversion

is divided into two parts. First the most significant

bits (MSB) are determined with an n/2 bit flash. The

results of this conversion are the input for an n/2 bit

DAC. The DAC output is subtracted from the original

analog input and the residual analog signal forms the

input to the second flash stage. The second flash

stage resolves the least significant bits (LSB). The

combined outputs of the two flash converters form the 'n'

bit result. Using this method the twelve bit converter,

which took four thousand comparators in the pure flash
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approach, would only require 128 comparators. Although

the actual implementation is more complex than discussed

here, the dual rank approach certainly results in a much

smaller device count.

FLASH CONVERTER

POSITIVE REFERENCE DECODING
COMPPRRTORS LOGIC

COOE3

IINFILOS>
INPUT

R

R

R
CLOCK >

!ISO

a-I

LSO .2
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N
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T

0
U
T

U
T

0
R
0

NEGRTIVE REFERENCE

The reference at each comparator is set at one LSB more than at the previous comparator by the
resistor chain. In this case the comparator outputs would form a thermometer code which is decoded
by decoding logic. Note that each comparator sees the same analog input. The decoding logic forms
an 'n' bit output from the 2An minus one comparator outputs.

Figure 1.1. Flash Converter Architecture
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Figure 1.2. 12 Bit Dual Rank converter

Pipeline converters are another technique which may

be useful for high speed ten to twelve bit A to D

conversions.[5][6][7][8][9] Pipeline converters are a

technique by which one bit of an A to D conversion is

performed at a time. For example, the original input

would first be compared to the value of the MSB of the

converter. If the input exceeds the value of the MSB then

the MSB is subtracted out of the input signal, after which

the modified input signal is passed on to the next stage

of the converter. If the input signal does not exceed the

value of the MSB then the input signal is passed on to the

next stage unchanged. The digital result of this initial

single bit comparison, specifically a '1' or '0', becomes
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the MSB of the digital output. The next stage performs

the same operation on the residue presented by the first

stage to generate the next-most-significant bit. This

process is repeated until all bits of the conversion are

completed.

Up to this time pipelined converters have not found

commercial applications, although they have been widely

described in research papers.[5][6][7][8][9] They have

the potential advantage of being able to operate at high

speeds (more than 25MHz) while holding architectural

size to a reasonable level. Pipeline converters fit into

the same niche as Dual Rank converters. They have the

potential to fill the gap between flash converters (that

become extremely large as the number of bits increase) and

other architectures which provide greater resolution but

at much slower sampling rates.

The concept of a Pipeline converter has been known

for a considerable amount of time and has been implemented

using several different approaches. The original approach

[5] as shown in Figure 1.3, had a basic cell that

consisted of a comparator, a one bit DAC and an error

amplifier. Each cell operates as one bit of the 'n' bit A

to D converter. The first cell comparator would be

referenced to the MSB transition level. If the input

exceeded this transition level then the one bit

comparator would register a true value. In response to

the comparator output, the DAC would supply the

appropriate MSB analog level. This would be subtracted

from the original input signal by the Error amplifier.

As described above, if the original input exceded the MSB

level then the output of the first cell would equal the

original input minus the MSB level. However if the

original input did not exceed the MSB level then the

output of the first cell would be the same as the input.

Thus the signal would ripple through each cell in a

similar manner and the output of the comparator
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Figure 1.3. N Bit Pipeline Converter

for each cell would hold the result for its particular

bit. Given sufficient time the comparators would register

the resulting 'n' bit word for the pipeline conversion.

There are several complications in this approach that

must be dealt with in some manner. First of all the

appropriate reference levels must be provided to each

comparator. This could be done in a manner similar to a

flash converter which uses a long reference chain of 2n
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Using a Ladder for the Pipeline
Comparator Reference

Figure 1.4. Using a Ladder for the Pipeline Comparator
Reference

identical resistors. The binary weighted reference

levels for each bit transition are connected to 2n

comparators. Figure 1.4 shows a 3 bit reference chain

with taps. This technique results in a long resistor

chain for the relatively few taps taken off the chain.

Another technique is to use the same reference to each

comparator. This can be accommodated by also providing a

gain of two for the signal in each stage of the converter.

This scheme has the additional advantage of keeping the

signal level larger and consequently less sensitive to
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offset errors. However it has the new problem of gain and

offset errors in the times-two amplifiers.

A second limitation of the orginal architecture is

the speed. Depending on the sampling rate it may be

difficult to get all stages to settle out in an

acceptable time. The greater the number of stages the

greater the problem. This problem has led to the addition

of a sample and hold to the basic cell architecture in

some of the more modern pipeline designs.[7][8][9] As

shown in Figure 1.5, a sample and hold is added to the

input of each stage, the consequence being that at any

given instance each stage is operating on a different

sample. The MSB stage is operating on the most recent

sample and the LSB is operating on the oldest sample. In

each clock period each sample is passed on to the next

stage and the digital data from each stage must be

pipelined through a set of master/slave latches so that

correct data for each sample comes out at the appropriate

time. The data from the MSB stage would run through the

largest number of flip flops with each subsequent

converter stage requiring two fewer latching cells.

Clocking this scheme becomes considerably more complicated

than in the original method. Also the addition of the

latches and sample and holds can add significantly to the

size of the design. However the speed of operation can

increase considerably.

Most of the recently published papers on pipelined

converters have used the additional sample and holds and

latches in their designs.[7][8][9] These designs have

been executed in CMOS processes, which have the advantage

of CMOS transmission gates as an easy and compact method

of implementing the sample and holds. This project will

also use the sample and hold method. However instead of
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Figure 1.5. Single Stage with Sample and Hold

using a CMOS process, it will be designed on the

Tektronix Super High Pi bipolar process.[10] The intent

is to show the possibility of using a pipeline

architecture to attain far greater speeds than have been

achieved by the CMOS designs. One of the primary design

goals of this work is a sampling speed of 50 MSPS.

Today a useful converter design must provide at least

8 to 10 bits of resolution. Due to the limited scope of

this project it will not be possible to implement the full

8 or 10 bit converter; rather this project will partition

such a design into two distinct sections and implement

only the pipeline portion. Referring to Figure 1.6, the
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first section of the proposed architecture will

essentially be the first part of a Dual Rank converter,

and will include a five or six bit flash converter

followed by a DAC with the same resolution and an error

amplifier which will be used to subtract the DAC output

from the initial analog input. The second section

consists of a series of four pipeline converter stages to

convert the four LSBs of the converter. A complete 10

bit Dual Rank converter, based on two full-flash

subsections has been developed at Tektronix. This project

will not develop the Dual Rank section past the

theoretical stage. Once the feasibility and operating

characteristics of this stage are established the rest of

the effort will be spent on the design of the pipeline

stages.

The goals for the pipeline stages are as follows:

* The stages will be designed to operate at sample

rates of 50 MSPS.

* The integral and differential nonlinearity shall

be plus or minus one half an LSB for the four

stage pipeline. This would be the the equivalent

of about plus or minus 3% of full scale at the

four bit level.

* The dynamic accuracy will be 3.5 effective bits

[11] with a 1 MHz sinewave input for a four stage

pipeline sampling at 50MSPS.

* The input dynamic range will be +/- 250mV.

This design will be implemented on a Tektronix

Quickchip 6 array [12] which is a standard array of

transistors, capacitors, schottky diodes, JFETs, and

resistors. Because of the limited number of transistors

on the array, some of the peripheral functions such as

clock generation, bias voltages, and some data latches

will be implemented with external components.
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Flash/Pipeline System

Figure 1.6 shows the overall system and related

timing diagrams for the proposed A to D converter.

Clocking this converter will be a rather complex matter so

for purposes of discussion let us consider the converter

to have a 50 MSPS sample rate, corresponding to a 20nS

period. As shown in the timing diagram this multi-phase

clock scheme necessitates an input clock of four times the

sample frequency or 200MHz. The input clock is used to

create 2.5nS wide pulses for the sample and hold and the

comparator stages. As shown, each stage must acquire the

sample, compare it to a reference and create a new stable

signal at the output of the error amp within lOnS.

Consider now the operation of a single stage over the

duration of a single 20nS period. During the first 2.5nS

interval the sample and hold samples the input signal. At

this time the comparator is in latch mode. During the

next 2.5nS interval the S/H enters hold mode and the

comparator switches into track mode, at which time it

begins to compare the sample with the reference for this

bit. The sample and hold returns to and remains in hold

mode for the final 7.5nS of this lOnS half period. The

comparator output sets the state of the DAC, the output of

which will be subtracted from the signal input by the

error amplifier. Finally the error amp settles to a

stable level which forms the input to the following stage.

For the final lOns-long half period this level will remain

steady and the next stage will operate on the sample. In

this way samples are passed between stages every lOnS (or

half the sampling period). Howewer a new sample is only

taken every 20nS. For every 'n' stages of the converter

there are 'n/2' samples being worked on at the same time.

While the odd-numbered stages are holding in steady state,

the even stages are operating on their samples and when

the even stages hold steady the odd stages are operating

on the samples, much like a digital shift register.
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To this point we have described the basic building

block stage of the pipeline architecture. However,

additional circuit elements are required if the design is

to operate properly. Referring to Figure 1.8, let's first

consider the problem of metastability. Recall that if

the input to a comparator is exactly the same as the

reference level, and if this is a perfect comparator with

no offset, then the output of the comparator can require

an excessively long amount of time to settle to a valid

high or low level. This situation is referred to as

metastability.[12) A metastable state results in an

indeterminant logic state , which can translate into

significant errors in data outputs. Dealing with

metastablity is one goal of this design.

Figure 1.8 shows a technique for dealing with

metastability which assures that there are no

indeterminant states at the data outputs and also assures

that any errors in the digitized result are extremely

small. To understand the following discussion it must be

pointed out that all logic in this design is differential.

All references to voltages should be interpreted as being

the difference between a pair of output or input lines.

The technique shown in Figure 1.8 determines when a

comparator is in a metastable state by using two so-called

'metastable' latches at the output of each comparator.

Both latches have a built in offset of 200mV with the

offset for the "A" latches being +200mV and the "B"

latches -200mV. (Full swing for the comparators is

500mV.) By definition, a +200mV offset means when the

comparator output provides a OV differential output the

latch experiences +200mV, resulting in a logic 1 output.

The comparator is considered to be in a metastable state

if its differential output is within the +/-200mV

window.(See the truth table in Figure 1.9) This is

detected by the fact that Latch A will be high and Latch
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Figure 1.8. MSB and MSB-1 Comparators and Latches

B will be low. Upon detection of a metastable condition

in a given bit, that bit of the converter will be set high

and the remaining bits are forced low, which results in

virtually no error. The logic necessary to achieve this

function is shown in Figure 1.8. Spice simulations on the

comparator showed that the circuit has no problem

regenerating to valid logic '1' or '0' states even when

the differential comparator input is as low as a few

microvolts. If the input is this close to the threshold

of the comparator before causing a metastable state then

it is quite correct to assume this bit high and all

subsequent bits low since the error would be an

insignificant portion of the LSB of the converter. On the

other hand, if the comparator output is precisely at the

threshold of one of the metastable latches then the latch
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would become metastable, which is rendered harmless by

placing enough latches in series so that the likelihood of

an occurrence of a metastable state at the output of the

final latch is so remote that it is no longer considered

to be significant.

Figure 1.9 shows six states that the comparator can have:

State 1

When the comparator output is at a valid high level,

Latches A and B are high and the output of the bit is

high. Since both latches are in the same state the

metastable correction logic does not affect the state of

the lower order bits.

State 2

When the comparator output is a valid low, both

latches and the bit output are low and the lower order

bits are unaffected.

State 4

When the comparator output is at 0 volts

differentially, Latch A would receive +200mV and Latch B

would receive -200mV drive. Under this condition the

latch outputs would become a logic 1 and logic 0,

respectively, and the output logic would set this bit high

and all lower order bits low.

State 3

If the comparator output was at -200mV then Latch B

would receive -400mV and Latch A would receive 0 volts and

would become metastable. As this metastable state was

passed through the sequence of latches it would eventually

become a valid high or a valid low. If it went low then

the bit output would be low and the converter would

continue normal processing. However if it turned into a

logic 1 then the output logic would detect a metastable

state and would handle it the same as the 0 volt case.
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State 1 2 3 4 5 6

VALID 1

+200mV _

OV

-200mV

VALIDO

VALID 1

META

VALIDO

VALID 1

META

VALIDO

VALID 1

Bit

Output VALIDO
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Figure 1.9. Metastable Latches Truth Table

State 5

If the comparator output was at +200mV then Latch A

would receive +400mV and Latch B would recieve OV and

become metastable. Regardless of the state the Latch B

chain settles to, high or low, the result is the same.

Since Latch A is high the output bit would always be high

and the lower order bits, low. State 6 is the same as

State 1 and will not be discussed.
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The subject of metastability will be addressed again

in Chapter 5. The technique discussed above for solving

the metastability problem would be used in the Flash

converter and the pipeline sections of the composite

converter. However in the actual hardware implementation

of the 4-bit pipeline the +/-200mV offset will be placed

at the comparator output rather than in the first stage

of latches. This was done to reduce the number of

transistors necessary to implement the function. The

implementation of this offset will be discussed in detail

in the comparator chapter.

Limits of the Monolithic Implementation

On the QuickChip 6-120 array [11] there are

approximately 500 transistors. The limited number of

transistors determined what functions could be implemented

on the integrated circuit. The IC contains:

* four stages of the basic pipeline unit: the sample and

hold, the one bit DAC, the Error amplifier, and the

comparator.

* bias control circuitry used for the pipeline unit.

* a pair of the metastable latches and a pair of ECL

output drivers for each of the four bits.

All clock generation will be performed external to

the IC. All latches after the first stage of each bit

will also be external.
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Chapter 2

The Sample and Hold

The three sections of the Sample and Hold used in

this design are the Input Level Shift, the Sampling

Bridge, and the Output Buffer. The Input Level Shift

translates the signal to a level which can be used in

subsequent stages. The Sampling Bridge samples the input

voltage and holds this value for the Output Buffer. The

buffer, while providing a high impedance to the bridge,

transfers the voltage level to the next stage.

Sample and Hold Level Shift

Without specialized techniques such as laser

trimming, precision component values in integrated

circuits can not be attained. Lot to lot variations in

resistor values on the Super High Pi process can be as

high as +/-25%. JFET transistors with the same Vds can

have a variation in Idss from 1.5mA to 2.1mA. [1] Because

of unavoidable process fluctuations all devices have

significant variations from one wafer lot to the next.

However on a die the matching of like components is

dependable, with matching improving as the separation

between them decreases. For example, like resistors on a

Super High Pi die are guaranteed to match within 1% and

the Vbe of the minimum size transistor (known as the N2)

will match within lmV. As in most integrated circuits,

this design takes full advantage of device matching

characteristics. In addition, this design uses the

combination of matching on the die and precision

components off the die to create highly accurate voltage

level shifts and gains on the die. The method used is

presented in this discussion.

The only supply for the pipeline converter is -8

volts, with the exception of a +5 volt supply used only in

the Sample and Hold buffer. Since the input signal range
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is +/-250 mV, the input signal must be immediatedly level

shifted down into the supply range. This design passes

the signal along in a single-ended form. A consequence of

this is that, in order to avoid errors, all level shifts

must be over very precise voltage levels. This function

is controlled by the Sample and Hold bias cell and certain

external components (see Figure 2.1). An off chip op amp

-1 volt

reference

Section of Sample and Hold Bias Cell

G NOR

-5V

M1 VOLT

VREF

VEE

3

02
nx

a'

at
04
.2

R2
eau Ile

Figure 2.1. VREF bias Control Circuit
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is used to drive the main circuit bias at the VREF input.

This function was placed off chip to conserve the limited

devices available on chip for other purposes. Using a

-1 volt reference the op amp will keep the M1VOLT node at

-1 volt by controlling the current through Q5. There is

exactly a 1 volt drop across R3 since negative feedback

will force the two inputs of the op amps to the same

voltage level. To do this nominally 250uA must flow

through Q5. Regardless of how the absolute value of the

IC resistors may change from lot to lot, the voltage drop

across R3 will always be one volt. All resistors used in

the analog portion of the design are identical 4k ohm

resistors which are guaranteed to match within 1%. 1%

matching is a 3 sigma variation, so a large majority of

the time the match will be far better. In this design

resistor values that are specified as values other than 4k

ohms are constructed from parallel and series combination

of the identical 4k resistors. Because of consistent

photolithograhpic variations, resistor values made from

identical parallel and series resistors will match more

closely than individual resistors designed to the desired

value. Variations on the level shift circuit constructed

from Q1-7 and Q10 are repeated through this design to

create level shifts and references with extremely accurate
and matched results.

The input signal is supplied to the first stage

Sample and Hold (Figure 2.2). The input portion of the
Sample and Hold is almost identical to the section of the

S/H bias circuit shown in Figure 2.1. The only exception

is that the input signal is supplied to R3 in the sample

and hold. Consequently the input signal is immediately

level shifted down by 1 volt to the base of Q2. It is

further level shifted down by two Vbe drops due to the

combined transistor emitters of Ql-Q3. When the input
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1st, Stage Sample and Ho ld

Figure 2.2. 1st Stage Sample and Hold
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signal is zero volts, the voltage at corresponding nodes

in the S/H bias cell and the S/H level shift will be

identical.

The Sampling Bridge

Schottky diodes, SD1 through SD6 (Figure 2.2) are the

core of the sampling bridge. As discussed in Chapter 1,

the sampling period is 2.5nS. During the sampling period

the VS control input to the sample and hold is high which

steers approximately 1.25mA through Q9 and the sampling

bridge. To examine the DC sampling operation refer to the

equivalent circuit shown in Figure 2.3. From a DC

standpoint it is instructive to divide the sampling

operation into three cases: an input of OV, +250mV, and

-250mV, which are midscale, +fullscale and -fullscale,

respectively.

Figure 2.3. Sampling operation of the Bridge
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Zero Voltage Case

If the signal input has been at a steady state value

of 0 volts for several sample cycles then the voltage at

the hold capacitor and at the bridge input would ideally

be at -2.5 volts. This assumes a 1 volt drop through the

resistor level shift, and .75 volt VBE drop through the

two transistor base-emitter drops (Q2 and Q3) in the level

shift. Assuming 0.5 volts for each Schottky diode's

forward voltage drop, the top of the bridge (node 1) would

be at -2 volts and the the bottom of the bridge (node 2)

would be at -3 volts. A current of 0.5mA would follow

down through R6 (IR6) and would split evenly on either

side of the bridge. No current would flow in or out of

the bridge input or the hold cap. Under these conditions

0.75mA would flow through R7 (IR7), then join with the

0.5mA from the bridge to provide 1.25mA into the collector

of Q9.

+250 Millivolt Case

When the input is at +250mV then the bridge input

and the hold cap would be at approximately -2.25 volts

because of the same 2.5 volt level shift described above.

Since node 1 would be at -1.75 volts, IR6 going into the

bridge would be 437uA. Node 2 would be at -2.75 volts and

IR7 would be 687uA. Since Q9 is demanding 1.25mA, this

leaves 125uA unaccounted for. The extra current is

sourced by Q1 and Q3 through SD3 and into Q9. The average

current in each side of the bridge remains unchanged,

250uA. In a steady state condition, the hold cap does

not source or sink current so SD2 and SD4 must carry

identical current. However the current in SD1 is 125uA

less than that in SD3. The result is an enlarged Vbe drop

in the level shift, an enlarged forward voltage drop in

SD3 and a smaller forward voltage in SD1. Consequently

the bridge is shifted down in voltage and the voltage at

the hold cap is lower than would be expected.



25

- 250 Millivolt Case

In the -250mV case 125uA comes out through SD1 and is

absorbed by the input buffer. The level shift VBE drop

decreases as does the drop across SD1 so the voltage at

the hold cap is higher than would be expected.

Figure 2.4 shows the results of a Spice simulation

where the sample and hold is kept in sample mode and the

input is slowly increased from -250mV to +250mV. The plot

shows that the voltage offsets vary in direct proportion

to the input and as such they constitute a gain loss of

about 4% between the bridge input and the hold cap.

There is also the additional gain loss in the level shift.

Since there is a 500mV voltage ramp at the input, the plot

shows the that loss through the bridge input is

approximately an additional 4% (20mV). Also shown is the

loss in the S/H output buffer which will be discussed

later.

Centering the Bridge

Throughout this discussion it has been assumed that

with a 0 volt input the bridge would be exactly centered

such that in steady state no current enters or exits the

bridge. If instead the bridge happened to center at

- 2.375V (+125mV relative to the ideal OV input value of

- 2.5V) then the transfer curve would have an offset in

addition to a gain loss. An offset is much harder to

correct than a gain loss since when it was passed on to

the next stage it would become an absolute error in the

bit to bit step size. As will become evident later in

this paper, a gain loss does not cause this bit to bit

error. To avoid the offset problem there is additional

circuitry off the IC and in the sample and hold bias
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which guarantee that the sample and holds are centered at

a 0 volt input condition.[2]

In the schematic of the complete sample and hold bias

cell (Figure 2.5) the center taps on both sides of the

bridge are tied together and the BRIDGE input is brought

out to a pad without being connected to the level shift.

The level shift output, which is brought out on pad INL,

is at the exact voltage level desired for the 0 volt input

condition (since no current can come on or off the

bridge). Figure 2.6 shows how an external operational

amplifier is used to bias SHREF to the level necessary to

center the bridge around the OV condition using feedback.

Once again an external op amp is used to conserve the

limited number of devices available for other functions.

Sample and Hold Output Buffer

Before discussing S/H AC performance it is necessary

to consider the Sample and Hold output buffer (see Figure

2.7). The buffer is a so-called Totem-pole JFET buffer.

These are p-channel depletion-mode JFETs which pinch off

at about -3 volts gate to source. The upper JFET has the

source and gate tied together and thus becomes an Idss

current source. Idss is still a function of Vds and is

nominally l.8mA for Vds=5V. The lower JFET functions as a

source follower for the bridge output. As in the Sample

and Hold, the output buffer has a gain loss and has the

potential for offset. The current through the two JFETs

must be equal. When Vds on the two JFETs is equal,

assuming equal pinch-off voltage, then Vgs will also be

equal and the buffer output will equal the buffer input

(Vgs=0). (Note that Vcc=+5 volts.) The circuit must be

arranged so that when the sample and hold input is 0 volts

the values of Vgs and Vds of both the follower (J2) and

its current source (J1) are equal. This is done by the

basic but effective technique of putting in the best

arrangements of series base-emitter diodes and Schottky
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Figure 2.6. Center the Sample Bridge
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Figure 2.7. Sample and Hold Output Buffer

diodes to achieve the goal. Referring again to the Spice

plot in Figure 2.4, there is additional gain loss in the

output buffer but the offset is minimal.

Sampling Bandwidth and Efficiency

A derivation for a small signal model of the Sample

and Hold is presented in the series of increasingly

simplified circuits shown in Figure 2.8. [3] This model

will only be used for examining the circuit sampling

efficiency and tracking bandwidth while in the sampling

operation. Each diode is initially modeled as a voltage

source and a series resistance (Figure 2.8.A). The SU2

diodes have a 74 ohm series resistance and a 100 ohm

resistance due to the transconductance of the diode with
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Small Signal Model

2.8.B

125
V1

87 vour

2.8.D

1.5pF

Rs VUId Vbe(on)

100

VAN

2.8.A

174 174

2.8.0

1.5pF

Requiv

204 VOUT
VeqUiv.

1.5pF

2.8E

Figure 2.8. Small Signal Model for the Sampling
Bridge

250uA of current (for a combined series resistance of 174

ohms). Since a voltage source has an impedance of 0 ohms

it can be dropped from the rest of this analysis and the

diodes in the bridge will be represented by the 174 ohm

series resistance as shown in 2.8.B. The calculated

output impedance of the S/H level shift input is about 38

ohms including transistor parasitics, and is modeled as

such at the input in Figure 2.8.B. In tracking operation

the switched current is channelled through Q9 while Q8
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remains off (Figure 2.2). Since the early voltage of Q9

is about 25 volts the output impedance of Q9 is about 24K

ohms. From a small signal standpoint, this is in parallel

with the 4K ohm resistance of R7. Thus a reasonable

approximation for the resistance at the top and bottom of

the bridge is 4K ohms to ground as shown in Figure 2.8.B.

The final component of the model is the 1.5pF hold cap.

The input impedance of the JFET output buffer can be

ignored in this model since the buffer has an extremely

high input impedance.

Sampling Efficiency:

By simplifying the circuit to that shown in Figure

2.8.D the sampling efficiency can be calulated. Sampling

efficiency or tracking gain is the ratio of Vout/Vin given

sufficient time so that the time constant involving the

Hold cap is no longer a factor. That is, time Vout would

equal Vi (Figure 2.8.D) and the voltage at Vi would be

determined by the voltage division between the 125 ohm and

2k ohm resistor. In this case the sampling efficiency

equals 100% times 2K/(2K + 125) or 94%. It may be apparent

that sampling efficiency and the gain loss described in

the three voltages cases discussed previously are

describing the same phenomena from two different points of

view. As discussed, the gain loss is compensated in the

DAC/Error Amplifier (Chapter 4).

Bandwidth

Tracking bandwidth can be calculated from Figure

2.8.E. In this case:

Requiv = (125 II 2K) + 87 = 205 ohms

and the sample bandwidth would be

SB = 1/(2*pi*Requiv * Chold) = 518MHz.
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This bandwidth should be more than sufficient to meet

the needs of this design since the input is not specified

to receive a frequency greater than 25MHz.

Another view point is to compare the RC time constant

of Figure 2.8.E and the sampling time. The RC time

constant equals (205 ohms times 1.5pF) 0.31nS which is

less than one eighth of the sampling period, 2.5nS.

Voltage Dynamics

A Sample and Hold must be to able slew and settle to

within some percentage of the full scale range in one

sampling period. The more bits in the ADC, the smaller

this percentage will be. However since there are time

constants involved in this action, within a limited time

it will approach but not reach this ideal. The following

simple analysis, which verifies that this circuit will

adequately respond to a full scale voltage change within

a single sampling period, assumes a linear charging action

on the hold cap. For the OV input condition the average

current charging the hold cap is 375uA. This will be

considered the average charging current for a full scale

step. Using;

dt = C * (dV / I)

where dV is 500mV, I is 375uA and C is 1.5pF, the charging

time, dt, is 2nS, which is less than the 2.5nS sampling

period. This first rough estimation indicates that this

design is sufficient to follow a full scale step on the

input. As discussed below, Spice simulation results were

relied on to substantiate this result.

This design has the dynamic goal of 3.5 effective

bits for a 25MHz input signal (the Nyquist frequency).

This implies an error of no more than 1/2 an LSB. At the

Nyquist frequency the input could change from 0 to full
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scale in a 20nS converter sampling cycle. If a full scale

step is applied at the Sample and Hold input then the hold

cap should charge to within atleast 1/2 an LSB of the full

step at the conclusion of one sampling period. The plot

in Figure 2.9 shows the Spice simulation data for full

scale steps at the S/H input. Shown in this plot are the

voltages at the input to the bridge, the hold cap, and the

FET buffer output. Also shown at the bottom of the plot

is the sample clock which consists of 2.5nS pulses. The

sample clock has been offset in voltage by +2.5V to keep

the resolution of the plot smaller. After a full scale

step, the voltage at the hold cap is within 3 to 4mV of

the level it attains during the subsequent sampling

period. This subsequent level can be considered the

destination level (the final value). The full scale step

response attains a level which is less than 1/8 of an LSB

from the destination and therefore meets the performance

criteria.

The Hold Cycle

During the hold cycle the voltage on the hold cap is

held constant. To do this the diodes connected to the

hold capacitor must be reversed biased. SD5 and SD6

(Figure 2.2) are used to establish this condition. During

the hold period current is shifted from Q9 to Q8 and

pulled through SD5 and SD6. When SD5 and SD6 turn on SD1-

4 become reversed biased and turn off, trapping the charge

on the hold cap. Because of the high impedance at the

hold cap looking into the bridge and the JFET buffer, the

current leakage from the hold cap is extremely small and

not a significant cause of error at the specified clock

rate of this design. The largest leakage off the hold cap

is through the reversed bias Schottky diodes which have a
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leakage current of 10nA at 80 degrees C with 1 volt

reverse bias.[4] It would take almost 0.5mS to discharge

250mV from the hold cap with a 10nA current, which is well

out of the bounds of concern for this design.
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The transition from "sample" to "hold" is not

instantaneous nor without side effects. For the purpose

of this discussion it will be assumed that a OV input

signal results in a voltage of -2.5 volts at the bridge

input and that the forward bias voltage of all Schottky

diodes is 0.5 volts. If the S/H input is in the OV

condition then during the sampling period the top of the

bridge (node 1) is at -2V, the hold cap is at -2.5V and

the bottom of the bridge (node 2) is at -3V (see Figure

2.10). As the sample to hold transition takes place the

voltage at the top of the bridge changes from -2 to -3V

Hold Period

Operation

from Input )
Buffer

To JFET Buffer

Figure 2.10. A model for the Hold period operation
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and the voltage at the bottom of the bridge changes from

- 3 to -2V. SD1-4 become reverse biased junctions which

have a capacitance inversely proportional to the voltage

across the junction. In the OV case all the junctions

have the same reverse voltage and thus the same

capacitance. The net change in voltage across SD2 is -1V

and across SD4 is +1V. Even with the swap in voltage

levels at nodes 1 and 2 the net charge passed to the hold

cap is zero since SD2 and SD4 have voltage changes that

are equal in magnitude but opposite in polarity. Figure

2.10 shows a representation of the bridge once it reaches

the steady state hold condition. In the hold condition

there is no DC current coming off the hold cap (except for

reverse leakage as previously discussed). The current

passing through SD5 and SD6 is always the same 500uA

coming from R7 and the voltage at the top of the bridge is

always -3V and the bottom -2V.

When the input is +250mV then the hold cap is at

- 2.25V, node 1 is at -1.75V, and node 2 is at -2.75V. In

the transition to hold mode, node 1 changes by -1.25 volts

to -3V and node 2 changes by +0.75 volts to -2V. The

- 1.25 volt change at node 1 will pull more charge off the

hold cap than the +0.75 change at node 2 will add to the

hold cap. The result is a net decrease in voltage on the

hold cap. This can be approximated by a net change of

- 0.5 volts distributed across the series combination of

50fF and the 1.5pF hold cap which would result in a net

decrease of 16mV on the hold cap. The actual scenario is

more complex than presented here because of the voltage

dependence of the Schottky diode capacitance and because

the bridge diodes do not all turn off and on at the same

time. The Spice plot in Figure 2.11 shows the result of

ten 50mV stair steps across the whole input range. As

predicted for the OV input condition (which is about

- 2.62V at the hold cap) there is no loss in the hold cap

voltage during the transition from sample to hold, there
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is a decrease of 10mV on the hold cap over the +250mV

input range, and there is an increase of 10mV on the hold

cap over the -250mV input range. The net result is a

another gain loss which is compensated for in the DAC

Error Amplifier.
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Chapter 3

The Comparator

As discussed in chapter 1, the comparator takes an

input signal from the sample and hold and compares it to a

standard reference which is representative of a level

midway in the input range (OV). The following discussion

examines the design of the comparator, which remains the

same for each of the four stages of the pipeline.

There are four sections in the comparator: the input

reference generator, the input amplifier, the regenerative

latch, and the output buffer (Figure 3.1). The goal of

the comparator design is to be able to recognize a step at

the comparator input which is lmV above or below the

reference voltage and to be able to regenerate to a full

logic level within one clock period after the step. Since

lmV is less than 1/30 of an LSB, an error resulting from a

step smaller than this is not significant.

The Comparator Reference

Since the input signal range is -250mV to +250mV, the

cut point for the most significant bit is zero volts.

Thus the first stage comparator detects an input which

excedes OV. As discussed in the Sample and Hold chapter,

the input signal is immediately shifted down by 1 volt

plus two VBE drops before being sampled. The sampled

signal is supplied to one of the comparator inputs. The

other input is a zero volt reference which is level

shifted down through circuitry identical to that used in

the sample and hold level shift (see Figure 3.1). The

side of R23 which is connected to GNDA is the reference

input which is shifted down through R23, Q25, Q26, and Q27

to its internal level of -1V minus two VBE(on). INP is

the input from the sample and hold. If it is assumed that

there is no offset in the sampling bridge or the JFET
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buffer then a OV input signal should result in identical

voltage levels at the signal input and the reference input

to the comparator. Input signals in excess of OV cause

the comparator to generate a "true" output, indicated by

DOUTP going high.

The comparator reference circuit is identical in each

stage and therefore each has the same reference level

regardless of its bit rank. This arrangement is

acceptable since the DAC/Error Amplifier has a gain of

two. A more thorough argument for this scheme will be

presented in Chapter 4.

Comparator Input Amplifier

The comparator has an input amplifier formed around

Q1-Q5, which buffers and amplifies the input signal.

Since the amplified signal at the input to the latching

stages is larger than it would be without the input

amplifier, the presence of the amplifier reduces the

sensitivity to kick-out from the latch. The relative size

of the clock kick-out compared to the input signal is

reduced by adding the amplifier.

The reference and the sample and hold output are

supplied to Q4 and Q3 respectively. This differential

amplifier has an approximate gain of 8 which is set by the

2k load resistors and the 250 ohm emitter degeneration

resistors. The current source bias voltage, VCSA, is the

same voltage level as the VREF bias reference although

they remain unconnected on the die. VREF is used for

biasing in the analog sections while VCSA is used in the

digital sections. By only connecting VREF and VCSA off

the die, the intent is that any noise created on the VCSA

reference by logic levels switching will be isolated from

the analog VREF reference.

The nominal amplifier tail current is set by VCSA and
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Q5 to 250uA. Higher speed operation could be obtained

with a larger tail current but one of the goals of the

design was to keep the power down to about 1 Watt. Q1 and

Q2 are common base stages which are used to keep the

voltage at the collectors of Q3 and Q4 nearly constant and

consequently reduce their Miller capacitance and increase

the amplifier speed.

The bias for the common base stages, VCB, is supplied

by the circuit shown if Figure 3.2. VCB is nominally at

-1.1V since the tail current in Q2 is 500uA. There is

only one VCB generator in the design. The input amplifier

outputs are level shifted down through the emitter

follower stages formed by Q6 and Q14 and into the latching

section of the comparator.

GNDD
rcc R1;.ce R2

RP 1K RP 1K

*ICC

UCC

UCSA

UEE

KE

UCB

Comparator
0 2

N2 Coscode Bias

rcc R3
RP 1K

R4
RP 1 K

\ZE E

Figure 3.2. VCB reference generator for comparator
cascodes.
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The bandwidth of the input stage must be sufficient

to handle the maximum specified input frequency, 25Mhz.

Figure 3.3 is a Spice plot showing differential gain as a

function of input frequency. The 3dB bandwidth measured

from this data was 1.15GHz which is more than sufficient

to guarantee insignificant gain loss for a 25MHz input.
10

mag(v(cp1.1)-

1

lmeg

v cp1.4))

I 111(111 I 111 1 111 I I 111 111 I I

lOmeg 100meg lg lOg

freq
Figure 3.3. AC response of the Comparator Input

Stage

Comparator Latch

Recall from Chapter 1 that the latch of each

comparator is in a latched state for all but 2.5nS of the

20nS converter period (Figure 3.4). For each individual

stage the sample and hold tracks the input signal for

2.5nS, then holds the signal for the comparator and the

error amplifier stages. During the next 2.5nS the

comparator input stage is allowed to settle and establish

an initial condition on the input section of the latch, Q7

and Q8. In this 2.5nS period CLKP2 is high which steers

the Q9 current through Q12. The differential voltage

between the bases of Q7 and Q8 is amplified across the

load resistors, R7 and R8. This voltage difference is

level shifted down to the inputs of the regeneration
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Clock Timing Diagram
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SST

dock

hold

latch

Figure 3.4. Clocking the pipeline

differential pair, Q15 and Q16, (which have no current

passing through them when CLKP2 is high). When the

comparator track time ends CLKP2 goes low and CLKN2 goes

high which redirects the Q9 current into the regeneration

section, Q15 and Q16. During this latch cycle there is

positive feedback around the R7/R8, Q17/Q18, Q15/Q16 loop

such that any small initial offset at R7/R8 is amplified

until limiting occurs at about 500mV differential.

Figure 3.5 is a Spice plot of the comparator input

and output. In this case the input changes from 50mV

above the reference level to 200uV below the reference

level. The input, 'inp', is shown crossing the reference,

'inn', at 12nS. At 18nS the comparator starts to track

and the difference at the input is amplified at the

output. Then at 20nS the comparator goes into latching

mode, and the small differential voltage at the output

quickly regenerates to the maximum differential voltage of

500mV. As shown, the comparator easily resolves this

transition within 2nS after it latches.

The comparator regenerates exponentially with a time

constant referred to as the regeneration time constant

(Tr). The Spice plot shown in Figure 3.6 shows the output

regenerating from a luV differential voltage at the input.
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Since this is an exponential function increasing according

to EXP(t/Tr) where 't' is one half a clock period

[1][2][3], the value of Tr can be extracted from the above

data using functions available in the Tektronix version of

Spice, TekSpice [4]. Tr would equal 1/((d/dt)ln(vout)).

The inverse of this function is shown plotted in Figure

3.7 (since doing otherwise resulted in division by zero).

To understand the plot one needs to known that in TekSpice

the derivitive is 'dif' and 'ln' is 'log'. During the

majority of the regeneration period Tr is 1/12GHz or about

80pS. It is possible to estimate the probability of a

metastabile state in the comparator from the regeneration

time constant. However, as discussed in Chapter 1,

metastability in the comparator is corrected by the dual

latch arrangement, so it is not a major concern. However

it is still a concern in the latches and the technique for

predicting the probability of a metastabile state will be

discussed with the latches in Chapter 5.

600m
v(cp1.35)-v(c

500m

400m

300m

200m

100m

0

.25)

0 500p In

time

1.5n 2n 2.5n

Figure 3.6. Comparator regeneration from a luV
differential voltage
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The bandwidth of the latch stage while in tracking

mode must also be sufficient to pass the maximum input

frequency, 25MHz, without significant roll-off. Although

the bandwidth is not as great as the input stage, it was

measured from the Spice plot (Figure 3.8) as being 580MHz

which is still more than adequate.

Comparator Offset

The three most important sources of offset in the

comparator are Vbe mismatch in the input differential

pair, Q3 and Q4, load resistor mismatch in R3 and R4, and

offset in the reference level shift. The three sigma

mismatch in N2 transistors is better than lmV.[5] The

resistor values are guaranteed to match within 1% or 40

ohms in the case of these 4K resistors.[5) At the load

this mismatch would be 5mV; referred back to the input it

would be 5/8mV since the gain of the input amplifier is 8.

Thus the maximum possible total offset is 1.63mV which is

about one twentieth of a LSB. This much offset in the

comparator input amplifier is not a significant problem.

A more significant offset problem occurs in the

reference level shift. Since this same level shifting

arrangement is used throughout the design, this discussion

will be relevant for all usages. The initial 1V level

shift is across a 4K resistor which has a tolerance of 1%

which could result in up to a 10mV matching error. There

are also two base-emitter forward voltage drops in the

level shift which each have a matching tolerance of lmV.

Since matching is a statistical phenomena, the combined

matching error is the RMS of the total of the two 1mV

errors and the 10mV error. Thus when two level shifts are

compared the potential offset between the two would be

10.1mV. This is 1/3 of an LSB at the input to the four-

bit pipeline. The reference level at the bottom of the

first stage comparator level shift is compared via the
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sample and hold with the voltage at the bottom of the

signal input level shift, so an 10.1mV offset between the

two would be a 1/3 LSB error in the converter. This has

the potential to be the most significant error in the

pipeline, however since each matching tolerance is based

on a 3 sigma deviation from the norm, there is a low

probability that any one die will exhibit this offset.

Since the signal is amplified by a factor of two in

each stage of the pipeline, the LSB step size doubles at

each stage so that errors caused by the offset are reduced

by a factor of two relative to the LSB in successive

stages. Consequently the offset errors are of most

concern in the first stage.

Comparator Outputs

DOUTP and DOUTN are the comparator outputs which

drive the inputs of the one-bit-DAC within the error

amplifier. The comparator output is shifted down by

approximately one volt and two VBE drops to keep the one-

bit-DAC out of saturation. As discussed in Chapter 1,

each comparator also drives two pipelines of parallel

latches. The two pipelines are used for metastable

detection and correction. Theoretically if the comparator

input and reference were both exactly at the transition

voltage then the differential comparator output would be

differentially at zero volts. In this case the one-bit-

DAC would also stay in an unresolved intermediate state.

The indeterminant DAC output would be subtracted in the

error amplifier which would result in a significant error

in the analog signal passed on to subsequent stages.

Chapter 1 introduced the concept of using parallel latch

chains to detect and correct for comparator metastability.

R15-18 create a +200mV offset in the signal passed to

latch A and -200mV to latch B. Since the voltage swing at

the comparator load resistors is +/-500mV, in a non-
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metastable state each latch is guaranteed to receive a

minimum of +/-300mV and a maximum of +/- 700mV which are

both more than sufficient to control the latches. Refer

to Chapter 1 for the explanation of metastable detection

and correction.
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Chapter 4

The DAC/Error Amplifier

The inputs to the DAC/Error Amplifier are the sample

and hold output and the comparator output. The four

sections of the DAC/Error Amplifier (Figure 4.1) are the 1

bit DAC, the times two Error Amplifier, the error

amplifier reference, and the output buffer. If the

comparator detects that the input signal is greater than

its reference then the DAC subtracts out the voltage

equivalent of this bit from the signal at the Error

amplifier load by pulling extra current through R2. (see

Figure 4.1) The one bit DAC is composed of Ql, Q2, Q3 and

R4. The Error amplifier applies a gain of two to the

input signal present at the bases of the differential pair

Q4 and Q5. The DAC inputs are centered around the same

voltage as the amplifier input in order to minimize any

error in the current the DAC substracts out from the

amplifier load (R2). Since the outputs of the DAC and the

Error amplifier are connected and the inputs are centered

at the same voltage level, the base collector voltages of

the DAC and Error amp differential pairs remain very

similar, which eliminates current mismatches due to Early

voltage effects.

DC operation

In order to provide an easily understood explanation

for the function of this circuit a few assumptions and

circuit simplifications will be used. Assume:

* all transistor betas are infinite

* the gm of the amplifier is infinite

* all transistor input and output impedances are

infinite

* the emitter degeneration resistors of Q4 and Q5

are exactly 500 ohms.
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VC C IF DAC/Error Amplifier

DACP

DACN

ERRP

1 BIT DAC TIMES 2

AMPL IF IER

REFERENCE OUTPUT

BUFFER

UOUT

Figure 4.1. DAC/Error Amplifier

A differential amplifier with an emitter degeneration

resistor (RE), a load resistor (RL), a transistor output

impedance (RO), and a transconductance (gm) has a gain

(Adm) where [1]

gm * (RL 11 RO)
Adm = .

1 + (gm * RE)

In the ideal case described above where gm and RO are

infinite, the differential gain of the Error amplifier

reduces to RL/RE where RL is the 2k ohm load resistor and

RE is the 500 emitter degeneration resistors. Thus the

differential gain is 4 and the single-ended gain is 2.
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The Error Amp reference which is provided at the base

of Q5 is the same as that used in the sample and hold bias

and the comparator circuit. Once again it represents a OV

(mid-scale) input, level shifted down by exactly one volt

and two Vbe drops. The only difference between these

circuits and the S/H input (see Figure 2.2) is that the

top of R3 in the S/H is the input signal rather than

being connected to OV. As described in Chapter 2, the

voltage drop across R3 in the S/H is exactly 1V so that

when the input is at OV, the voltage at the bottom of R3

is exactly -1V. The input voltage range of -250mV to

+250mV corresponds to a -1.25V to -0.75V range at this

location. This same pattern is repeated in the Error

amplifier load (R2) at the collector of Q5. A mid-range

condition is -1 volt while the signal range can vary from

-750mV to -1.25 volts. In addition to maintaining a gain

of two the amplifier must also assure that the level at

the load follows the prescribed range. It is not obvious

that it satisfies the above mentioned specification,

however a step-by-step example is provided below. Table

4.1 shows the cut point voltage associated with each

output code. This will serve as a reference for the

following discussion.

The first stage Error amplifier operation will be

clarified with the following example, still utilizing the

simplifying assumptions. All circuits referenced in this

example are assumed to be in the first stage of the

pipeline. If the initial input signal is at -luV, which

is just below the first stage cut point, then the ERRP

input (from the S/H) will be at almost the identical

voltage level as the amplifier reference at the base of

Q5. It is assumed the S/H passed the -luV signal

perfectly to the comparator input and the DAC/Error

amplifier input. The one-bit-DAC will not turn on since

this signal is just below the comparator's cut point. The

Error amplifier will have a differential voltage of -luV
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which is small enough that the nominal amplifier tree

current (750uA) will divide evenly on either side of the

amplifier, steering 375uA down each side of the amplifier

across the 2K load resistor. This current will result in

a voltage of -0.750 volts at the collector of Q5 which is

a full scale output for the Error amplifier. Since the

input was just below the MSB level, the next stage should

see an output just below its full scale input, which it

does.

Table 4.1. Ideal input level associated with the
transition point for each code

Input STAGE1 STAGE2 STAGE3 STAGE4 CODE
(mV)

-250 0 0 0 0 0
-218.75 0 0 0 1 1
-187.5 0 0 1 0 2
-156.25 0 0 1 1 3

-125 0 1 0 0 4
-93.75 0 1 0 1 5
-62.5 0 1 1 0 6
-31.25 0 1 1 1 7
0 1 0 0 0 8

+31.25 1 0 0 1 9
+62.5 1 0 1 0 10
+93.75 1 0 1 1 11
+125 1 1 0 0 12
+156.25 1 1 0 1 13
+187.5 1 1 1 0 14
+218.75 1 1 1 1 15
+250 1 1 1 1 15

If the initial input signal is at +luV then the MSB

cut point will just be surpassed and the 1st stage

comparator will turn on the DAC, pulling an additional

250uA through R2. The level at the collector of Q5 will

now drop to -1.25V which is the bottom end of the input

range for the next stage. Since the initial input just

exceeded the MSB level all subsequent bits should be zero,

which agrees with the Error amplifier result.
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Having examined input values immediately above and

below the MSB level, it would now be appropriate to look

at the results of an initial input of -250mV and +250mV.

For a -250mV input, the voltage level at ERRP would be

250mV below the Error amp reference at the base of Q5.

The 250mV differential voltage would be present across the

ideal 500 ohm degeneration resistors since gm is infinite.

This would steer 625uA through Q5 and result in a voltage

at the Q5 collector of -1.25 volts which is the bottom of

the input range for the next stage.

If the initial signal input is +250mV, then there

would be -250mV across the ideal 500 ohm degeneration

resistors and only 125uA would be steered through Q5.

However since the input is 250mV more than the MSB level,

the comparator output would be 1 and the DAC would switch

on pulling an addition 250uA through R2. The total 375uA

current through R2 would drop the voltage level to -750mV

which is the full scale input range for the next stage.

When the input is +250mV each stage should experience its

maximum input level and all bits would be 1.

Gain Loss Compensation

Earlier in the chapter there were several assumptions

made about this circuit to create an ideal gain. As

discussed in Chapter 2 there is gain loss in the input

buffer, the sampling bridge and the output buffer of the

Sample and Hold. Also the reality of nonideal conditions

like finite gm, input impedance, and output impedance

would lower the Error amplifier gain. To compensate for

the losses, the gain of the Error Amp has been increased

to a value greater than 2 by decreasing the value of the

degeneration resistors. The total gain in any stage from

the Sample and Hold input to the DAC/Error Amplifier load

resistor (R2) must be 2. By empirically adjusting the

gain through Spice simulation results, a gain of two has

been calibrated into the design for a temperature of 80
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degrees C. The current source and level shift assumptions

will remain accurate over temperature since they are

controlled through external feedback circuitry and a

precision reference. However certain gain losses (like

emitter follower losses due to parasitic emitter

resistance) will vary some with temperature (because of

the temperature coefficeint of the emitter resistance).

In a four bit design these flaws are not fatal, however in

a higher bit design they would have to be addressed.

The Output Buffer

The Error Amplifier output buffer (Q16-18) is

identical to the input buffer in the first stage sample

and hold. As discussed above, the voltage on the Error

Amplifier load resistor, R2, behaves identically to the

first stage sample and hold input resistor, R3. The

result is that the combination of R2 and Q16-18 function

as the input buffer for the following S/H stage. The

Sample and Hold used in stages 2 through 4 (as shown in

Figure 4.2) has the sampling bridge as an input. The

Error amplifier output is the input buffer for the bridge.

Base Current Loss Compensation

In the first stage S/H and the many occurrences of

the reference circuit there are three transistors which

are used to compensate for a base current loss. These

transistors in the Error Amplifier's occurrence of the

reference circuit are Q26-28. Q26 and Q27 are common base

stages both operating on the approximately 250uA supplied

by the current source Q22 and R12. The only purpose of

Q26 and Q27 is to make the current at the collector of Q27

equal to the collector current of Q22 minus (250uA *

2)/beta. This does not have any effect on the basic

assumption of the VREF voltage established in the S/H bias

circuit. The voltage drop across the Error Amp R4 will

still be controlled by the external op amp to precisely
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minus one volt. The reason for this base current

compensation resides in the main path of the Error Amp.

2nd, 3rd, and 4th Stage Sample and Hold
f'GNOR

.., "SZ L3 L's

(KC

VS

VH

SHREF

.. '1Z EL

.:.

" Is.r
-J--

r

VEE 0

....1111

BOUT

Figure 4.2. Sample and Hold in Stages 2-4

Q6, Q7, and Q9 supply a nominal 750uA to the main

amplifier. In a mid-range condition for this amplifier R2

has exactly a 1 volt drop across it and 500uA passes down

through Q5. For this 1 volt assumption to be true based

on the function of the S/H bias, compensation for the base

current of Q5 must be placed in all the references and the
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first stage S/H input. The base current in Q5 is

500uA/beta which is exactly equal to the effect of Q26 and

Q27. Thus Q26 and Q27 and their equivalent transistors in

the other references correct a potential error in the main

section of the Error Amplifier. As the Error Amp input

moves away from the mid-range value the compensation

becomes less than perfect since there is no longer 500uA

collector current in Q5. This is a compromise that would

not cause more than a 1% error in the value passed on to

subsequent stages which is an acceptable error in a four

bit converter.

Performance

Since the output from the Error Amplifier drives the

sampling bridge in the subsequent stage, there should be a

precise gain of two from the input of the first stage

bridge to the Error Amp output. Figure 4.3 shows a

simulation of the first stage S/H, comparator, and DAC

Error Amplifier (Figure 4.4) in which the system input is

stepped from -250mV to +250mV in 125mV steps. The input

is kept constant for two full clock cycles between steps.

Two clock cycles were used at each level to assure the S/H

had an extra cycle to settle to the destination level.

This section is not concerned with the step response of

the S/H. The purpose is to examine the relationship

between the voltage at the bridge input and the Error Amp

output.

In the Spice plot (Figure 4.3), when the input is at

-250mV the Error Amp output is 3.5mV more than the bridge

input. Although this is not obvious in Figure 4.3,

additional magnified plots were made which showed the

finer resolution. These plots will only be referenced in

this paper.

Due to the gain of two, when the input is at -125mV

the Error Amplifier output should be at its mid-span

voltage level which should be the same level the bridge



attains for a OV input. Magnification of the plot

revealed that the bridge is 3mV more than Error Amp

output.
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When the input is at OV the Error Amplifier should be

driven up to full scale. However OV is the bit threshold

for the first stage comparator. The decision made by the
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Figure 4.4. The first stage of the pipeline

comparator is that the input exceeds the threshold and

consequently the DAC turns on which pulls the Error Amp

output down to the bottom of its scale. But because there

is a delay from the time the S/H starts tracking to the

time the comparator makes its decision, the Error Amp
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initially follows the S/H output. The result is the spike

marked (1) in the Error Amp output. During the next

comparator tracking period, which is marked with a (2) on

the Error Amplifier trace there is another spike. The

comparator input level is very close to its threshold

level. Because of the limited gain of the comparator the

DAC goes back to an intermediate level and the Error Amp

output rises (point (2)). When the comparator latches

again the DAC pulls the Error Amplifier output back to the

bottom of its scale. The offset from the -250mV input

level of the bridge and the OV response of the Error

Amplifier is -6mV.

When the input steps to +125mV the Error Amp should

go back to its midscale level. Looking at the plot it is

apparent that the Error Amplifier exceeds the OV level of

the bridge. The error is 12mV.

When the input steps to +250mV the error between the

two full scale signals is less than lmV. Let's assume the

signal at the bridge is ideal since it has only passed

through the input buffer. The maximum error experienced

in the simulation was 12mV. At the output of the first

stage the LSB size is 62.5mV. Thus the maximum error is

one fifth of an LSB.

Bandwidth

Bandwidth is not a source of error for the Error

Amplifier stage. Since Super High Pi is a process with an

8GHz Ft there is little difficulty in designing an

amplifier with the 25MHz bandwidth necessary for this

design. Using a dominant pole assumption [2] the bandwith

for the Error Amplifier is

Rs + rb + Rpi
BW = - 670MHz,

(Rs + rb)*Rpi*(Cpi +(l+Av)*Ccb)

where Rs is the source resistance from the FET buffer (1k
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ohms), rb is the parasitic base resistance of the

amplifier's N2 transistors (246 ohms), Rpi is (1/gm)*beta

(5.5k ohms), Cpi is Cje plus Cb (110fF), Ccb is Cjc

(39fF), and Av is the amplifier gain. With a bandwidth of

670MHz the Error Amplifier bandwidth should not limit the

performance of the design.
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CHAPTER 5

LATCH AND DATA OUTPUT BUFFER

Theory of Operation

The latches are used for capturing the data output of

the comparator and for detecting and correcting metastable

states. As discussed in Chapter 1 and 3, two latches are

connected to four of the comparator outputs (see Figure

5.1). LOUTP1 and LOUTN1 are connected to the positive

input and negative input of Latch A respectively. LOUTP2

and LOUTN2 are connected to the positive and negative

input of LATCH B respectively. Referring back to the

Input

FIGURE 5.1

COMPARATOR 01-1-Sh

TO THE LATCHES

CavPARATOR

A Outputs

Latch A

± Inputs

LOUTP1

Vref

LOUTN1

+200mV

+200mV

To Next Stage

LOUTN2 LOUITS

Inputs

Latch B

Outputs ±
) To Next Stage

Figure 5.1. Comparator Offset to the latches
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offsets in the three different levels of differential

outputs in the comparator (Figure 5.2), Latch A is

connected to comparator differential outputs with +200mV

of offset (LOUTP1 and LOUTN1) and Latch B is connected to

comparator differential outputs with -200mV of offset

(LOUTN2 and LOUTP2). When there is a comparator left in a

metastable state resulting in 0 volts (differential) at

the top comparator outputs (LOUTP1 and LOUTN2) then Latch

A receives +200mV (differential) and Latch B receives

-200mV (differential). This results in a true output on

Latch A and a false output on B, which is decoded by the

metastable correction logic as a 1 for this bit and a 0

for all lower bits. The correction circuitry is not

implemented in this design. Since the comparator output

to the DAC is OV (differential), the DAC is placed in an

intermediate state which will cause an error in the analog

input received by subsequent stages. Because of this

error, the latches and logic must make the correction

described above to preserve a correct digital output.

During a non-metastable state the comparator can have

either +500mV or -500mV (differential) at the top outputs

(LOUTP1 and LOUTN2). In the case of +500mV (differential)

at the top outputs, latch A receives +700mV and latch B

receives +300mV which are both sufficient levels to be

resolved by the latch. In the case of -500mV at the output

latch A receives -300mV and latch B receives

-700mV.

If there is a metastable state that results in +200mV

at the comparator top outputs (LOUTP1 and LOUTN2) then

Latch B will receive 0 volts (differential) and will enter

a metastable state. By connecting enough latches in

series, any extremely small difference at the inputs will

experience enough gain through the latch stages to

regenerate to a valid logic level. The probability of a

metastable state in a logic output quickly becomes

insignificant. The actual probabilities will be discussed



69

later in this chapter. In this example the DAC would

receive +200mV and would decide that the bit is true.
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Figure 5.2. Output stage of the Comparator

Operation of Latch and Output Buffer

The latch shown in Figure 5.3 (which is used in this

design) is a typical ECL design. During the tracking

period of the latch, the comparator output is amplified by

the differential pair Q2 and Q4. CLKP is high and Q3

steers current through the differential pair. During the

latching period CLKN is high and Q11 steers current into

the differential pair Q7 and Q9. The parasitic capacitance

on the collectors of Q2 and Q4 retains enough charge

during the switch from "data track" to "data latch" to
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preset the state of the differential pair (Q7 and Q9).

The two positive feedback paths which extend from the load

resistors (R1 and R2) through the two emitter follower

stages (Q1, Q5, Q6, and Q10, Q12, Q13) to the bases of the

differential pair (Q7 and Q9), will regenerate the preset

state to full logic levels. The emitter follower stages

level shift the signal at R1 and R2 down by two VBEs to

the output. This is necessary to avoid saturation of the

transistors in the input differential pair in the ECL

stage which follows the latch. This will be discussed

further in the section on the ECL output drivers.

The tail current in Q8 is 250uA while the current in

the output emitter followers of the latch is approximately

lmA. The output buffer stage (Figure 5.5) which follows

the latch, drives up to 20mA into a 50 ohm load. By

stepping up the bias current gradually in successive

stages from the latch input to the output buffer, the

switching speed of the gates is enhanced.

The bandwidth of the latch must be great enough to

pass the 50 MSPS data. Figure 5.4 shows a Spice plot of
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the gain and bandwidth of the latch stage. The gain is

about 8 and drops 3dB at about 700MHz which is more than

enough bandwidth to pass the data.

10
mag(v(yh)-v(y

1

100m

lmeg

I I If 'I

lOmeg

1 I I 1111 1 I 111111

100meg lg lOg
freg

Figure 5.4: AC response of the Latch

The output buffer shown in Figure 5.5 generates an

ECL output with logic high nominally at -0.8 volts and

logic low nominally at -1.8 volts. The tree current of Q2

is 4mA, resulting in a 1V P-P logic swing on the 250 ohm

collector resistors. This swing is level shifted down by

about .8V through Q5 to the output. Since 'Y' is an

output of the integrated circuit it has been protected

with ESD (electrostatic discharge) diodes, SD1 and SD2,

which will protect against static discharges of up to

+/-2000 volts.[1] The output is designed to drive a 50

ohm load which is terminated to -2V and thus must source

more than 20mA in a logic high state. As shown in the

Spice plot of Figure 5.6 the gain of the circuit is about

4.5 and the bandwidth is in excess of 1GHz which is more

than adequate for the design.
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Figure 5.6. AC Response of the ECL Output Driver
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Metastability in a Latch

Regardless of the number of latches which are

cascaded in the data path there is always some probability

of a metastable state at the output and a designer must

decide what is an acceptable error rate for a particular

application. A figure of merit used to quantify

metastable probability in a latch is called 'rejection'

[2] [3] where:

"T"

T/ 2

Rejection = EXP( )

Tr

is the period of the latch clock and "Tr" is the

regeneration time constant. The units of Rejection are

samples per error where an error is a failure to generate

a valid logic level. Figure 5.7 shows the regeneration of

the latch with a luV differential voltage at the inputs.

500mv(y11)-v(y1) -]

400m

300m
_

200m
_

100m

0

0 500p
i

In time
,

1.5n 2n 2.5n

Figure 5.7. Step response of the differential latch
output

As performed for the comparators in chapter 3, the

regeneration time constant can be extracted from the Spice

plot by computing 1/((d/dt)ln(vout)) for the output data,

the inverse of which is shown in Figure 5.8. The
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500p In 1.5n 2n 2.5n
time

(dV/dT)1n(latch-output)

regeneration time constant calculates to be 1/14GHz, or

71pS. With a clock period of 20nS (50MSPS), the rejection

calculated is 1.47 E61 samples/error. Given this error

rate and the\ 50MSPS sample rate one calculates an error

every 2.94 E53 seconds or 9.66 E45 years. Obviously this

is an acceptable error rate and there is no need for more

than one latch from the point of view of metastable

errors. If the regeneration time constant had been 400ps

rather than 71ps, then the rejection rate would be 7.2 El0

samples/error or 1144 seconds/error which is less than one

half an hour at 50 MSPS. This may not be an acceptable

rate and may require additional latches. By cascading

latches the net Rejection rate is obtained by multiplying

the Rejection rates of all of the individual stages, which

leads to a rapid decrease in the error rate.
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This diagram reiterates the clocking scheme described in

Chapter 1 where stages 1 and 3 receive one set of clocks

while stages 2 and 4 receive another set which is

identical to the first but offset in time. A timing

diagram for the clocks is shown again in Figure 6.2.

Latch stages 2 and 4 are clocked 180 degrees out of phase

from latch stages 1 and 3. (Refer back to Chapter 1 for

a more complete description of clocking.)

Clock Timing Diagram

Time (nS)

Input Clock

Data Clock

1st & 3rd Stage S/H Clk

1st & 3rd Stage Comp ak

2nd & 4th Stage S/H Clk

2nd & 4th Stage Comp ak

0 10 20 30 40 50 60 70 80
I I I I I I I I I

sample

track

hold

Wes

sample

hold

track

latch

Figure 6.2. Timing Diagram for the Pipeline Clocks

Figure 6.3 shows a schematic of the 1st pipeline

stage. The bias cell has been included as part of the

first stage schematic but is used by all stages. Note

that the four stages of the ADC pipeline shown in Figure

6.1 are not identical. The first stage S/H includes a

1V-plus-two-VBE level shift which is not necessary in the
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OUT

ELOUTP1

ELOUTM
LOUTP2

LOUTN2

* absent in stages 2-4

other three stages since this function is performed by the

DAC/Error amplifier which precedes the final three S/H

stages. The complete DAC/Error amp used in stages 1

through 3, is not necessary in the final stage since the

signal is passed no further. The DAC/Error amp of the

final stage (Figure 6.4) acts only as a load for the

preceding S/H so that each S/H has the identical load.
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UC C

Figure 6.4. Fourth Stage DAC/Error Amplifier

Each stage needs two latches with offset thresholds

and two corresponding ECL output buffers for metastable

detection as described in Chapters 1, 3, and 5. The

schematic for the latches and ECL output buffers for an

individual stage are shown in Figure 6.5.

Simulations were performed on individual stages, on

two stage combinations, and on the complete four stage

design. One test which was performed on the complete

four-bit pipeline system was a transient analysis using an

input with 16 LSB-size (31.25mV) steps which extend over

the input range from -250mV to +250mV. The voltage level

of the steps was actually offset from the expected cut

points by one half an LSB to assure that bits switched
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sequentially. If the steps were set at the cut points

then the digital output at each count would be

indeterminate since it could settle to the digital value

which is valid directly above or below the cut point.

Each input level was kept for only 20nS which is one clock

cycle for the 50 MSPS system clock. The voltage levels at

the DAC/Error amp load, R2 (Figure 4.1), was monitored for

absolute voltage and change in voltage between steps.
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This is a convenient location to check since the expected

range at each of these stages is -0.75V to -1.25V, which

is centered around -1V. Figure 6.6 shows a plot of the

simulated voltage at the load of the 1st stage (T1) and

the voltage at the input after the initial one volt level

shift (TO). As shown, each step has a 20nS period except

for the mid-scale voltage which was kept for 40nS. An

LSB step at the input should result in a 62.5mV change at

the first stage error amplifier load, 125mV at the

second, and 250mV at the third. The cause for the binary

increase in LSB size in successive stages is the gain of

-700mL

-800m

-1.2

0 50n 100n 150n 200n

time

250n
I I

300n 350n

Figure 6.6. Voltage at the input and 1st stage
error amplifier
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two in each DAC/Error amplifier. Of course the state of

the one bit DAC at each stage would alter this pattern.

Table 6.1 shows the result of this simulation at each

DAC/Error amp load. The table shows the change in voltage

associated with each step. These values were extracted

from the plots by windowing in upon each transition.

Table 6.1.

transition

Change in voltage at each stage

1st Amp(mV) 2nd Amp(mV) 3rd Amp(mV)

0-1 59 110 214
1-2 62 127 --
2-3 58 111 257
3-4 62
4-5 64 132 260
5-6 63 135
6-7 64 127 259
7-8
8-9 64 125 245
9-10 61 120
10-11 63 135 277
11-12 63 --
12-13 62 130 247
13-14 61 125 --
14-15 59 116 236

An examination of the table reveals that the error

from the ideal step sizes of 62.5mV, 125mV and 250mV does

not exceed about 1/8th of an LSB, which is well within the

bounds of acceptable performance for this design. The

specification for differential nonlinearity is 0.5 LSBs.

The blanked entries in the table are the transitions in

which the one bit DAC associated with each stage changes

state. Since the DAC cause a much bigger change in the

Error Amplifier voltage, these changes have been left

blank.

This test, in addition to verifying step size, was

used as an indication of dynamic performance. In this

simulation the circuit was clocked at the maximum

specified clock rate (50 MSPS) and performed with a
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maximum error of 1/8th an LSB as described above. Although

this is not a direct indication of the specified 3.5

effective bits performance, the small size of the error at

full clock speed would indicate that the effective bits

specification is realistic. Effective bits measurements

will be discussed in more detail in Chapter 9 while

discussing measured performance. It is not a practical

task to simulate effective bits performance for the whole

circuit since the required transient analysis would be

unmanagable with available simulation methods.

2.5
d 0 osB)

d1+1

d2+2

I

i

i

1---,

I
I

4

1 3 4 5 a 7 8 9 10 1 1 -12 13 -.14 15

3 4 5 6 7 8,
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10 11 12 13 14 15

2

1.5 -

1
d 3+3 (MSB)

500m

0 _

-500m

-1

-1.5

-2
0 100n 200n

time

300n

Figure 6.7. Sequencing of Digital Outputs

400n 500n

This simulation was also used to verify the proper

sequencing of the output codes. It should be remembered

that the digital outputs for a particular analog sample do
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not emerge from the converter at the same time. For a

particular sample the digital result of the 2nd stage

(MSB-1) emerges one half a clock cycle after the 1st stage

(MSB) and the result of the 3rd stage (MSB-2) emerges

another half clock cycle later, etc. Figure 6.6 shows

data outputs of the four-bit pipeline for the simulation

described above. Each code transition is marked for each

bit, reflecting the staggered nature of the data. As

expected, the outputs follow the binary counting sequence

between binary 0000 and 1111. Code 0111 last for 40nS

since the 0 volt input also persisted for 40nS.
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Chapter 7

ADC Layout

The ADC was laid out on a Tektronix QuickChip 6-120

standard array [1] as shown in Figure 7.1. The QuickChip

6-120 array is manufactured on the Tektronix SHPi process

which is a double diffusion bipolar process with oxide

isolation between devices. The process contains npn

transistors with an Ft of 8.5 GHz, lateral pnp

transistors, implant and nichrome resistors, schottky

diodes, MOS and junction capacitors, and JFET transistors

with an Ft of 600MHz. There are two levels of metal

interconnect which are both laid out on a 4um grid.

Figure 7.2 shows a cross section of an SHPi npn

transistor. The emitter width of the npn is 1.6um with

emitter length varying from 4um for the smallest device

(referred to as the N1) to the largest device which has

four emitter stripes each 32um long (N32).[2] There are

three different npn transistors on the Q6-120 array, the

N2, N8, N32. The N2 reaches its peak Ft with a collector

current of lmA, the N8 at 4mA, and the N32 at 16mA. There

are three different implant resistors. The RP250 (250 ohm)

and RP1K (1K ohm) are resistors which are made with the p+

implant used at the base contacts of the npn transistors.

The third implant resistor is the RA4K which is a 4K ohm

resistor made at the same implant step as the active base

area of the npn transistors. There are two Schottky

diodes, the SU2 which is a small signal diode and the SG20

which is a large device primarily intended for ESD

protection. The appendix has a summary of device

charateristics.[1],[2]

This 6-120 array has 12 macrotiles (Figure 7.1),

which are an identical arrangement of devices in a 576 X

576 micron square. The macrotiles are placed in a 4 X 3

array. Around the pheriphery of the array is an
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arrangement of large NPN transistors and Schottky diodes

(SG20s). There are 64 pads around the outer edge of the

array.
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The 4 X 3 arrangement of the macrotiles was ideal for

the layout of the 4-bit ADC. As shown in Figure 7.1, the

top four macrotiles housed the four sample and holds and

four DAC/Error amplifiers. Each macrotile contains one

sample and hold and one DAC/Error amp, with the first

stage of the pipeline on the left and the last stage on

the far right. The middle row of macrotiles contain the

four comparators, arranged from left to right in stages

one to four. Each macrotile in the bottom row contains

two latches and two ECL output drivers. Figure 7.3 shows

a photograph of a die on the wafer which was manufactured

for this design.

The arrangement described above allows good isolation

between areas where the analog input signal is present

and between the digital area. The analog signal is
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primarily located in the top row of macrotiles (with the

sample and holds and DAC/error amplifiers). The exception

is the analog signal which is brought down to the

Figure 7.3. A pipeline ADC die

comparators. As discussed in Chapter 6, the grounds and

power for the analog and digital section are separated on

chip for further isolation. All digital related inputs

and outputs enter and leave the chip in the lower half of

the die and all analog related inputs enter the die in the

upper half.
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Chapter 8

System Testing

Figure 8.1 is an overview of the system used to test

the pipeline ADC. An HP8131A pulse generator was the

source for the system clock and an HP8656B signal

generator was used for the input signal source to the

pipeline converter during all dynamic testing. Several

power supplies were used to supply the power necessary for

the ADC and support circuitry. The clock, the input

signal, and power were supplied to a prototyped test

board. Data was acquired from the test board with a

Tektronix DAS9100 (Data Acquisition System). The DAS 9100

transferred the data to a computer which had resident

programs for processing the data. The computer, DAS9100,

and the HP8656B signal generator are part of a system used

by Tektronix Microelectronics for testing high speed

converter products.

1-IP8131A

Clock Source
Pulse
Generator

Test Board
with Tektronix

Pipeine ADC 4 Bits and DAS 9100 Radix 386

Input Signal
and

Support Circuitry
Clock

Data
ComputerHP8656A

Swam Acquisition
Sinewaye System
Generator

Power
Supplies

Figure 8.1. Test System for pipeline ADC
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Testing the design required a test fixture capable of

carrying clock signals with frequencies up to 200MHz and

input signals up to 25MHz. The fixture was built on a

fiberglass board with solid copper on the top and bottom.

The copper surface was used as a ground plane. All point

to point connections which carried high frequency signals

were made with a flexible 50 ohm coaxial cable which has a

solid copper outer coating. This coax has an outer

diameter of 0.05 inch which made it possible to connect to

integrated ciruits with the same or larger pin-to-pin

spacing. Power buses were run on the copper plate by

gluing a thin insulating fiberglass paper in selected

areas and then placing copper tape for the power bus on

top of the fiberglass. The ADC die were packaged in a 44

pin TEQ (Thermally Enhanced Quad) package which is a quad

package with eleven J-leads on a side (see Figure 8.2).

The package has a metal slug on the top to provide a

thermally conductive path from the die to the air. The

die is mounted on the slug. The part was mounted on the

board in a low profile socket which necessitated drilling

44 holes in the board. In each hole, other than those

which housed ground pins, the copper was bevelled back

around the hole to prevent shorting to the ground plane.

Support ICs carrying high frequency signals were glued to

the copper board with all pins (other than grounds) bent

to elevate them above the copper ground plane. Other ICs

which didn't have to carry high frequency signals were

placed in vector board and mounted above the copper board.

Clock Generation

As discussed in Chapters 1 and 3, it was necessary to

generate five pairs of differential clocks: two for the

sample and holds, two for the comparators and one for the

latches. These clocks are created with two flip-flops

(Figure 8.3), four four-input AND gates and the HP8131A

pulse generator. A timing diagram of the five phases
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Figure 8.3. Clock generation on the test board



93

is shown in Figure 8.4. In full speed operation the pulse

generator produces a differential 200MHz squarewave. The

two flip-flops are configured as a divide-by-four. By

ANDing the available phases of the 200MHz, 100MHz, and

50MHz squarewaves, the necessary pulses are created. All

of the logic is ECL (Emitter Coupled Logic). It is a

common configuration to operate ECL circuits between GND

and -5V, with the outputs terminated by 50 ohm resistors

to -2V. In this arrangement the output states are

nominally -1V logic high and -2V logic low, which is a 1V

logic swing. The clocks entering the A/D are required to

have logic high around -4.5V and logic low of -5.0V, which

is half the standard ECL swing. In order to meet these

two requirements the following technique was used. First

Clock Timing Diagram

Time (nS)

Input Clock

Data Clock

1st & 3rd Stage SA-I Clc

1st & 3rd Stage Comp Ck

2nd & 4th Stage SM Cik

2nd & 4th Stage Comp Clk

0 10 20 30 40 50 60 70 80
1

sample

track

hold

latch

sample

hold

track
latch

Figure 8.4. Clock timing diagrams
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the supplies used by the logic were -3V and -8V, which

maintained the 5V rails necessary for the logic. Each

clock was terminated at the A/D with two series 25 ohm

resistors connected to -5V, with the clock inputs

connected between the series 25 ohm resistors (see Figure

8.5). At the ECL output the logic levels are -4V high and

-5V low. However, the 25 ohm voltage divider adjusts the

logic levels at the A/D input to the required -4.5V high

and -5V low.

Clock

-3V

-8V

-5V

25 25

25 25

-5V

ADC
clk+

clk-

Figure 8.5. Clock connection to the ADC

Output Latching

Since metastability is a rare event, there was no

attempt to correct for metastable states in the A/D data

outputs. Only the output ports of the +200mV offset

latches were used for data acquisition. Since the input

signal for a particular sample is passed down through the

four stages, the four bits of data for a sample come out

of the converter staggered in time. When sampling at 50

MSPS, each lOnS (half clock period) a particular sample

will be processed and then passed to the next stage. The

result is that the first stage data for a particular
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sample emerges from the converter lOnS before the second

stage, and the second stage data emerges lOnS before the

third stage, and the third stage data emerges lOnS before

the fourth stage. Additional latches were added to the

three MSBs to add the appropriate delay to line up the

data (see Figure 8.6). The equivalent of three additional

latches were added to the MSB, each of which delays the

data by one half a clock cycle. Two were added to the

MSB-1, one to the MSB-2 and none to the LSB. Using

another output of the HP8131A pulse generator and two

flip-flops a second 50MHz clock was created. This served

as the clock for the latches.
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Generating the Clock and Lining Up the ADC Data for
Capture By the Logic Analyzer
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Figure 8.6. Output latches for lining up the data
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Bias Reference Voltages

As discussed in Chapter 2 on the Sample and Hold, two

reference voltages are needed: one for creating the proper

level shifts and bias currents (see Figure 2.1) and one to

center the Sample and Hold at the correct voltage level

(see Figure 2.6). To avoid repetition, these circuits

will not be discussed here. Please refer back to Chapter

2 for an explanation. Figure 8.7 shows the implementation

for the required external circuits for each of the two

references.
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4

-By
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vcsa

ADC

bridge

in!

shref

Figure 8.7. ADC reference voltage circuit on the
test board.
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Chapter 9

Measured Performance

DC Performance

The DC performance goal for this design was to have

an integral and differential nonlinearity of 0.5 LSBs. To

calculate linearity performance for the ADC the cut point

for each LSB transition was measured. The technique used

to perform this test increased the voltage at the ADC

input until a bit transition occurred, at which point the

voltage level for each transition was recorded. During

this measurement the ADC was clocked at a sampling rate of

10MSPS. Below are the measured results for three

different parts. Also shown are the step sizes between

the transitions.

Table 9.1. Step size between LSB transitions on 3 parts

Transition Voltage Level(mV) Step Size(mV)
#4 #5 #6 #4 #5 #6

0-1 -216 -223 -224
1-2 -186 -193 -198 30 30 26
2-3 -158 -165 -166 28 28 32
3-4 -129 - -132 -136 29 33 30
4-5 -98 -107 -108 31 25 28
5-6 -70 -80 -82 28 27 26
6-7 -42 -50 -52 28 30 30
7-8 +1 -7 -10 43 43 42
8-9 +28 +14 +15 27 21 25
9-10 +55 +42 +40 27 28 25
10-11 +83 +68 +68 28 26 28
11-12 +111 +100 +100 28 32 32
12-13 +142 +126 +129 31 26 29
13-14 +171 +153 +155 29 27 26
14-15 +201 +185 +186 30 32 31

The above data shows that the actual average step size is

29.25mV which is less than the ideal step size of 31.25mV.
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Differential Nonlinearity [1],[2] is defined to be:

Diff Lin = (individual step size / average step size) -1

Although in many cases the differential nonlinearity

compares the actual step size to the ideal, for this ADC

it is more accurate to compare it to the average step

size. The difference between the measured average step

size and the ideal step size is due to a gain error which

results in a smaller than expected dynamic range for the

converter. This in no way detracts from the linearity of

the converter. What is of more concern is the real

variation in step size which does effects the linearity

and is defined in terms of the relationship between

measure step size and average measured step size.

Table 9.2 shows the differential nonlinearity for

each step of the three parts whose results are shown in

Table 9.1.

Table 9.2.

Step

Differential Nonlinearity for 3 parts

Differential Nonlinearity (LSBs)
#4 #5 #6

1-2 +.025 +.025 -.111
2-3 -.042 -.042 +.094
3-4 +.00 +.128 +.025
4-5 +.059 +.050 -.145
5-6 -.042 -.076 -.111
6-7 -.042 +.025 +.025
7-8 +.47 +.47 +.43
8-9 -.076 -.282 -.145
9-10 -.076 -.042 -.145
10-11 -.042 -.111 -.042
11-12 -.042 +.094 +.094
12-13 +.059 -.111 -.008
13-14 -.008 -.076 -.111
14-15 +.025 +.094 +.059

The largest error in each part occurs at the 7 to 8

transition or binary 0111 to 1000. In each case this step

was about one half an LSB too large while the 8 to 9

transition was consistently too small. There are many
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potential explanations for this error, however without

probing a wafer (which is outside the scope of this

project) the actual cause can not be determined. However

certain types of errors can be rejected as the cause. A

gain error such as high gain in the first stage error

amplifier would cause a systematic reduction in the full

scale range but would not cause an error in the step size

between codes 7 and 8. A careful examination of the

effects of high or low gain would have the same result

regardless of which stage(s) it occurs in. High or low

gain changes the full scale range but does not cause

linearity errors. As noted above, the average step size

was 29.25mV rather than the ideal 31.25mV which would

indicate higher than expected gain.

The observed error between bits 7 and 8 is most

likely caused by an offset error. For example if the

first stage comparator threshold was 10mV high (and

everything else was ideal), then the step size between 7

to 8 would be 41.25 mV rather than 31.25mV and the step

size between 8 to 9 would be 10mV smaller than expected.

This example matches closely with the measured results.

The actual offset could just as easily be at other

locations in the first stage and have the same effect.

Offset is a bigger problem for the first stage since, as

discussed in Chapter 6, the LSB voltage size doubles in

each successive stage (31.25mV, 62.5mV, 125mV and 250mV).

A 10mV offset error in the first stage has a much greater

effect on the final result than in the last stage where

10mV is only 0.04 LSBs.

There are two methods which are normally used to

measure Integral Nonlinearity. One method computes a

least square best fit line through the measured cut points

as a function of codes. The difference between the best

fit line and the measured cut points at each code is

calculated and expressed as a portion of an LSB. The

second method connects the lowest and highest cut points
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with a straight line. As in the first method, the

difference between this line and the measured cut points

at each code are calculated and expressed as a portion of

an LSB. The second method has been used in this paper

because it usually results in a more conservative result.

Integral Nonlinearity for part #6 is shown plotted in

Figure 9.1 and the calculated value for each cut point of

the same three parts is tabulated in Table 9.3. The

results stay within the specified limits of a half an LSB

error. The largest errors occur in the code 7-to-8

transition where the error reaches +.407 LSBs in part #5.
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Figure 9.1. Integral Nonlinearity for part #6



Table 9.3. Integral Nonlinearity for 3 parts

step Integral Nonlinearity (LSBs)
#4 #5 #6

0-1 0 0 0
1-2 +.014 +.024 -.122
2-3 -.046 -.014 -.030
3-4 -.072 +.188 -.040
4-5 -.032 -.024 -.049
5-6 -.092 -.097 -.196
6-7 -.152 -.068 -.138
7-8 +.291 +.407 +.296
8-9 +.197 +.128 +.150
9-10 +.104 +.090 -.003
10-11 +.045 +.030 -.075
11-12 -.016 -.020 +.052
12-13 +.024 +.080 +.042
13-14 -.002 -.028 -.070
14-15 +.005 -.101 -.012
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AC Performance

The specified AC performance for the ADC was 3.5

Effective bits at a sample frequency of 50MSPS and a full

scale input at a frequency of 25MHz (Nyquist frequency).

This required a 200MHz clock to create the various clock

phases as described in Chapters 1 and 6. In testing it

was found that the clock generation circuitry on the test

fixture would not function with an input clock higher than

150MHz. Beyond this frequency glitches started to appear

within the S/H and comparator clock signals. Most testing

was done with a 100MHz clock source (which corresponds to

25MSPS). The expectation is that with more robust

external clock circuitry the part would function up to the

required sample rate.

Effective bits is a means of characterizing the

performance of an ADC and is a measure of the difference

between the measured converter performance and an ideal

converter of an equal number of bits. Effective Bits is

defined as [3],[4]:
rms error(actual)

ENOB = n - log2
rms error(ideal)
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where the actual error is a comparison between the

measured data and a least square fit ideal sine wave which

has been fit to this data. The ideal error compares an

ideal 'n' bit digitizer and the ideal perfect sine wave,

where 'n' is the number of bits in the converter.

Tektronix Microelectronics has developed a test

system which is used for AC testing of high speed analog

to digital converters. This system is capable of

computing effective bits, computing and displaying FFTs

(Fast Fourier Transforms), computing SNR (Signal to Noise

Ratio), plotting a reconstruction of the digital output,

and other functions useful in evaluating and testing A/D

converters. The test system uses a highly filtered sine

wave generator as a signal source for the ADC input and

acquires the data with a Tektronix DAS9100 logic analyzer.

During evaluation of the 4 bit pipeline ADC it was

discovered that there is a software bug which occurs

during computation of effective bits on a 4-bit converter.

Therefore it was decided that FFT and signal to noise

ratio would be the evaluation tools. The analytic

relationship between signal to noise ratio and effective

bits has been derived [5] as;

ENOB = (SNR - 1.8)/6.02

where ENOB is effective bits and SNR is the signal to

noise ratio in dB. All further references to specific

effective bits values will be based on this relationship.

All FFT computations use a sample size of 1024.

Figure 9.2 shows three FFT plots at 25MSPS with input

frequencies of 1MHz, 9.88MHz and 24.22MHz. The SNR for

each case is between 23.25dB and 23.5dB which converts to

an effective bits of about 3.58. Thus the effective bits

at a particular sample rate is quite flat over a wide

range of input frequencies and in all cases meets the

effective bits goal for the part. At 25MSPS the Nyquist

frequency is 12.5MHz which is the frequency at the right

hand side of each plot. Above this input frequency the
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ADC is aliasing and the location of the frequency folds

back on the plot so that at 24.22MHz the fundamental

appears at the location of 0.88MHz.

Figure 9.3 shows four FFT plots with a standard input

frequency of 1.01MHz and sample rates of 5MSPS, 25MSPS,

31.25MSPS and 36 MSPS. The SNR and thus the effective

bits does drop some with sample rate. The SNRs are

24.29dB, 23.39dB, 23.31dB, and 21.29dB which are

equivalent to 3.73,3.58, 3.57, and 3.24 effective bits

respectively (see Figure 9.4). At 36MSPS the clocks are

starting to deteriorate which accounts for the sharper

drop. However at 5MSPS the performance was better than at

25 or 31.25MSPS, which indicates some drop in performance

with sample rate.

Figure 9.5 contains two plots which are histograms of

codes. These are accumulations of the number of

occurrences of each code over 50 acquisitions with 2000

samples each. It would be expected for a sine wave input

signal that the highest and lowest codes would recur most

often. This is because the largest portion of a period is

spent in this area (which is reflected by the zero slope

on the waveform at the top and bottom of the sine wave).

Since the least time is spent at mid-amplitude where the

slope approaches 1, the codes should occur least

frequently in the mid code range (7 and 8). The histogram

of codes for a perfect converter would look much like a

parabola. In the histograms shown in Figure 9.5, code 7

occurs more frequently than 6 or 8. This spike in the

histogram is another view of the large differential

nonlinearity between codes 7 and 8 which was reported in

the DC performance. Since the step from 7 to 8 was about

one half an LSB too large, the region in which the

converter would report a 7 would be large, which results

in more occurrences of code 7 than would be expected.

Note also that the size of this error increases with

sample frequency.
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Figure 9.6 shows reconstructed plots of the converters

output for input sine wave frequencies of 100KHz and

24.9KHz. Since the clock sample rate was 25MSPS for both

samples, the Nyquist frequency would be 12.5MHz. Beyond

this input signal frequency the converter is aliasing. In

the case of the 24.9MHz input, the converter will see no

difference between it and the 100KHz input. This fact is

clearly exhibited by the two plots in Figure 9.6. In this

case, the AC performance of the converter was very

similar. The signal to noise performance of both sets of

data was about 23.5dB.

r

100 KHz input

13

24.9 MHz input

Figure 9.6. Reconstruction of the digital output
with a 25MSPS sample rate
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Chapter 10

Conclusions

The primary intent of this project was to validate

the use of a bipolar pipeline ADC for the second stage of

a subranging architecture which uses a flash architecture

for the first stage. The design which has been presented

contained a six bit flash followed by a four bit pipeline.

A valid implementation of the pipeline section would only

need the accuracy of a four bit converter since there are

no subsequent stages. The goals specified in Chapter 1

for the four bit pipeline are as follows:

* The stages will be designed to operate at sample

rates of 50 MSPS.

* The integral and differential linearity shall be

plus or minus one half an LSB for the four

stage pipeline. This would be the the equivalent

of approximately plus or minus 3% of full scale

(for the 4 bits).

* The dynamic accuracy will be 3.5 effective bits

[1] with a 1 MHz sinewave input for a four stage

pipeline.

* The input dynamic range will be +/- 250mV.

As outlined in Chapter 9 all of the specifications were

met except for the 50 MSPS sample rate. The sample rate

was limited by the external circuitry which could not

maintain the integrity of the clock pulses past 36 MSPS.

One could conclude that the circuit would work up to 50

MSPS with a more robust external clock circuit. The two

reasons for this conclusion are first, there was no

serious degradation in dynamic performance with increased

sample rate until the clock pulses started to degrade and

second, Spice simulations indicated that the circuit would

perform at 50MSPS.
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The results of the DC parameters, integral and

differential nonlinearity and the AC parameter, effective

bits, all surpassed the specifications stated above. The

worst case differential nonlinearity was 0.47 LSBs while

the worst case integral nonlinearity was 0.296 LSBs. For

an input signal frequency of 1 MHz the worst case

effective bits was 3.57. This does not include the

effective bits measurements at the clock frequencies in

which the clock pulses had started to deteriorate.

Based on the above sighted results, the conclusion is

reached that a subranging ADC architecture, as described

in this paper, could successfully use a high speed bipolar

pipeline to achieve sampling rates in excess of 50MSPS.

This particular project used limited manpower resources

and was restricted to using the available devices on the

QuickChip 6120 array to complete the design. There have

been many designs at Tektronix that use each of the

particular elements of the pipeline with clock rates and

bandwidth in excess of 1 GHz and accuracies in the 10 bit

range. Based on this it would seem reasonable to assert

that pipeline designs are possible well in excess of 100

MSPS. However one of the major advantages to the pipeline

approach, which is the compact nature of the design, would

start to disappear as the design was stretched to very

high frequencies and performance levels. The basic

elements of this design (S/H, comparator, DAC/Error amp)

were kept very simple in this design. Whereas, a design

like a 1 GSPS 10 bit accurate sample and hold is a major

design and takes a large amount of silicon real estate.

There is certainly a point at which performance and number

of bits will be limited by die size.
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The most significant limitation to extending the

pipeline architecture used in this design to more than

four bits is offset. As described in the comparator

section (Chapter 3), each of the one volt level shifts

used in the comparator and DAC/Error amplifier stage has

the potential for an offset of 10mV which is almost one

third of an LSB in the first stage. These precision level

shifts were necessary because of the single-ended signal

path used in this design. A single-ended approach was

used because it used many less devices than a differential

approach. Because of the limited number of devices

available in the array this decision was a necessity. A

differential design may prove fruitful in extending the

bipolar pipeline architecture to more than four bits. A

robust differential design would eliminate most common

mode errors and would eliminate the necessity to use large

precision level shifts with resistors.
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APPENDIX A

Device Parameters

NPN

Parameter Typical Units

DC beta 100
Forward Early voltage 28 volts
BVcbo 15 volts
BVces 3.6 volts
BVebo 5 volts
BVcs 34(min) volts
Vbe matching 1 mV(3 sigma)

PNP

Parameter Typical Units

DC beta 20
Forward Early voltage 23 volts
BVcbo 15 volts
BVces 15 volts
BVces 4.4 volts
BVbso 34(min) volts
Vbe matching 1 mv(3 sigma)

JFET

Parameter Typical Units

Channel Satuaration
Current 1.81 mA

Saturation Current
Matching 65 uA

Pinchoff voltage 3.0 volts
BVgdo 15 volts
BVgso 11 volts
gate leakage current 10exp-12 A
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Schottky Diodes

Parameter Typical Units

SU2:

forward voltage(100uA) 360 uA
Vforward mismatch 4 mV
series resistance 74 ohms
junction C (OV) 0.05 pF

SG20:

forward voltage(100uA) 310 uA
Vforward mismatch 4 mV
series resistance 9 ohms
junction C (OV) 0.71 pF

RESISTORS

Parameter Typical Units

P+ implant (RP250, RP1K):

sheet resistance 80 ohms/sqr
TCR +1300 ppm/degC
match 1 %

Active Base implant (RA4K):

sheet resistance 1500 ohms/sqr
TCR +1730 ppm/degC
match 1 %

Nichrome:

sheet resistance 50 ohms/sqr
TCR +200 ppm/degC
match 1 %


