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Abstract

A sampling jitter tolerant continuous-time (CT) pipeline ADC has been presented in
this thesis. In conventional discrete-time (DT) pipeline ADCs, the input is sampled
upfront. The improvements in the bandwidth and sampling speed due to CMOS
scaling have brought the deleterious effects of sampling clock jitter to the forefront.
Any jitter in the sampling clock edge adds a random error to the input signal thereby
limiting the maximum achievable signal-to-noise ratio (SNR), and hence the effective
resolution of the ADC. The effect of sampling clock jitter has been considered fun-
damental. In the proposed ADC, we do not sample the input upfront. Rather, we
sample the residue from the first stage. Since the residue is bandlimited and has a
small magnitude, therefore it will have a smaller derivative. Hence, the sensitivity to
the clock jitter will be greatly reduced.
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Chapter 1

Introduction

1.1 Motivation

Almost all real-world signals are analog (continuous-time and continuous-amplitude),

for example, temperature, pressure, sound, light, etc. But due to advances in the

integrated circuit (IC) technology, most of the data is stored and processed digi-

tally (discrete-time and quantized amplitude). Therefore, analog-to-digital converters

(ADCs) are an essential part of any electronic system.

The advances in modern communication systems including the 5G mobile net-

works and baseband processors necessitate the ADCs to have a large dynamic range

with high digitization bandwidth (about 1 GHz). Because of innovative architectures,

improved technologies and continual optimization, there have been steady improve-

ments in the performance of ADCs [1]. However, the speed-resolution product is

limited by the sampling clock jitter [2-4]. Fig. 1-1 shows the performance trends of

ADCs [5] elucidating the SNDR limitation due to sampling clock jitter.

In conventional pipeline ADCs, the analog input is sampled upfront [6-12]. If the

sampling clock has any jitter, that directly affects the sampled voltage by introducing

a random error in the sampled input voltage given by

A v = At (1.1)
dt
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Figure 1-1: Performance survey for published ADCs (ISSCC 1997-2019 and VLSI
1997-2019) [5].

where dv/dt is the time-derivative of the input signal and At is the error in the

sampling instant compared to a fictitious ideal sampling clock. Note that the error

due to clock jitter is independent of the clock frequency. Since the jitter in the

sampling clock edge is random, the error in the sampled voltage is also random. This

introduces a random noise in the sampled signal and limits the signal-to-noise ratio

(SNR). For a sinusoidal input signal, the maximum achievable SNR is given by [2,4]:

1
SNRmax - (1.2)

27rfi,o-t

where fin is the input signal frequency and ot is the RMS jitter in the sampling clock.

Typically, it is difficult to reduce the RMS jitter below 100 fs [13]. This limits the

maximum achievable SNR to just 44 dB (which is equivalent to 7 bits) for a 10 GHz

signal. Therefore, unless the effect of sampling jitter is reduced, the performance of

an ADC would be greatly limited for high frequency input signals.

The dynamic range limitation due to the sampling clock jitter has been considered

fundamental. However, some continuous-time delta-sigma modulators (CT-DSMs)

have been shown to be tolerant to the sampling jitter [14-16]. But the requirement of

14
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Figure 1-2: A continuous-time input pipeline ADC presented by Gubbins et al [18].

a relatively high oversampling ratio (OSR) 117], usually greater than 8, renders them

unsuitable for high frequency applications. Therefore, Nyquist-rate ADCs or ADCs

with low OSR are advantageous for high speed data conversion.

1.2 Literature Survey

A continuous-time input pipeline ADC was first introduced in [18]. This work showed

some of the key benefits of using a continuous-time pipeline architecture like inher-

ent anti-aliasing and relaxed non-linearity requirements. Fig. 1-2 shows the ADC

architecture consisting of a continuous-time first stage followed by several switched-

capacitor stages (as in a regular pipeline ADC). To match the timing of the signal

path and the feedforward (ADC-DAC) path, a prediction filter has been used in the

feedforward path. However, the prediction filter needs to be accurate within an error

budget to have a small residue and to avoid saturating the back-end stages of the

pipeline ADC. But even with a 9-level quantizer, the first stage gain is just 4/3 as

shown in Fig. 1-3 because of the accuracy requirements for the prediction filter. Since

the input-referred noise and distortion of the back-end stages is reduced by the gain

of the first stage, a low interstage gain lessens the benefit of having a pipeline.

An alternate solution to using prediction filter for mitigating the timing mismatch

in the signal path and the feedforward (Flash-DAC) path has been presented in [19].

A delay is introduced in the signal path by using an RC-lattice delay line as shown

in Fig. 1-4. Although the cancellation is not perfect over the entire signal bandwidth

15
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Figure 1-4: An alternate continuous-time pipeline ADC with a delay in the signal

path presented by Shibata et al [19].

owing to the phase mismatch in the signal path and the Flash-DAC path, the residue

magnitudes are acceptable for the 4-bit quantizer that has been used in their design.

However, the back-end ADC consists of six identical continuous-time stages which is

responsible for the massive power consumption of 2.3 W. Also, the transimpedance

amplifier uses a simple RC filter to low-pass-filter the residue. This can in fact be

modified to achieve tolerance to sampling jitter in the back-end ADC as described in

more detail in section 3.2.

1.3 Thesis Organization

This thesis is organized as follows. Chapter 2 gives an overview of the conventional

pipelined ADCs. First, the working of the discrete-time (DT) pipelined ADCs has
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been described, followed by highlighting some of the limitations of that architecture.

Continuous-time (CT) pipelined ADCs have been proposed as a solution to overcome

the drawbacks of the DT pipeline architecture and have been discussed in Chapter 3.

The system architecture of the CT pipeline ADC has been described. The effect of

DAC jitter and the clock jitter in the back-end sampler have also been discussed.

Later, in Chapter 4, the behavioral model for the CT pipeline ADC has been de-

scribed. The details of the various sub-blocks - Flash-DAC path, sample-and-hold,

quantizer and DAC-jitter-generator have been presented in this chapter. Then, the

implementation of the digital reconstruction filter has been described, followed by a

discussion on the simulation results showing the jitter tolerance of the proposed CT

pipelined ADC architecture. Finally, the thesis has been summarized in Chapter 5.
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Chapter 2

Concept of Pipeline ADCs

There are several popular ADC topologies for Nyquist-rate A/D conversion like

flash ADC, single/ dual-slope ADCs, successive-approximation ADCs and pipeline

ADCs 120-22]. But pipeline ADCs are preferred for high resolution and high band-

width applications. The concept of a pipeline ADC is an old idea first published in

the 1950s [23]. Various low resolution A/D stages are cascaded and the bits from

all the stages are combined appropriately to give a high resolution digital output.

This chapter describes the working of conventional discrete-time pipelined ADCs and

analyzes the limitations with this architecture. Continuous-time pipeline ADCs have

been proposed as a possible solution.

2.1 Discrete-Time Pipeline ADCs

To illustrate the concept of discrete-time pipeline ADC, a simplified schematic is

shown in Fig 2-1. The analog input signal x is sampled upfront by a sample-and-

hold circuit. Then, this sampled signal is processed by a cascade of pipeline stages.

In order to avoid aliasing due to sampling, an anti-alias filter precedes the sample

and hold. In the first stage, the sampled signal is quantized using a low resolution

(typically 2-4 bits) A/D converter. This sub-ADC adds a quantization error ei to the

19
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Figure 2-1: A simplified schematic of a discrete-time pipeline ADC.

sampled signal. The output from the first stage is:

y1 = x + ei   (2.1)

The sampled signal along with the error ei is passed through a D/A converter which

gives an analog representation of x + ei. This signal is subtracted from the sampled

input signal (delayed appropriately so that it is in phase with x + ei) and a residue

-ei is obtained. To rescale the output to the full scale, the residue is amplified by a

factor A. This amplified residue is passed through the second stage sub-ADC which

adds an error e2 to give the stage 2 output as:

Y2 =-Aei + e2 (2.2)

Therefore, if there are N stages in the pipeline and the stage i sub-ADC adds an

error ej, then the stage i output will be given by:

yj = -Aej_ 1 + e (2.3)

for i = 2, 3, ... , N. To reconstruct the final digital output, the bits from all the

stages are appropriately weighted and combined in order to account for the inter-

stage gain. Note that in this architecture, the delay and residue amplification blocks

20



are implemented in discrete-time. The final digital output is given by

Y = Y1 + Y2 + Y3 + ... + yN-1 + YN (2.4)

1 1
= (x + e1+ + -1 (-Ae2+ e3+

A A

+ -(-AeN-2 + eN-1 + -(-AeN-1 + eN))...))) (2.5)
A A

= X + AN (2.6)

The final output is a combination of the input signal x and the last pipeline stage

error eN attenuated by the product of the inter-stage gains. The errors due to the sub-

ADCs get cancelled, and therefore, we achieve a very high resolution digital output

using low-resolution ADCs in every stage of the pipeline ADC.

2.2 Discrete-Time to Continuous-Time Transforma-

tion

The above mentioned DT pipeline ADC can be transformed into a CT pipeline

ADC by removing the sample-and-hold (S/H) upfront, and replacing the discrete-

time blocks (delay and residue amplifier) with their continuous-time counterparts. A

simplified schematic of the transformed CT pipeline ADC is shown in Fig. 2-2. Since

there is no S/H upfront, the discrete-time delay block z- 1 has been replaced by its

continuous-time counterpart e"T. The delay T is chosen to match the delay in the

ADC-DAC path. Similarly, the discrete-time residue amplifier A is replaced with

a continuous-time amplifier H(s) with a DC gain of A and sufficient bandwidth to

accommodate the input signal.

For digital recombination of the bits from every stage, the weighing factor 1/A is

replaced with H-1 (z), the inverse of the residue amplifier transfer function '. The

'Strictly speaking, we have to apply an impulse-invariant transformation on H(s) before taking
its inverse to get H- 1 (z). This has been discussed in detail later in section 4.3
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Figure 2-2: Transformation of a discrete-time pipeline ADC to a continuous-time

pipeline ADC.

final digital output in case of CT pipeline ADC is:

y=x+ eN (2.7)YXHN-1

Again, similar to DT pipeline ADC, only the error in the last stage sub-ADC ends up

reaching the output. All of the other intermediate sub-ADC's errors get cancelled to

the degree that H- 1(z) is matched to H(s). Also, since H(s) has a low-pass response,

the error in the final digital output is high-pass shaped.

2.3 Inherent Anti-Aliasing in CT Pipeline ADC

As discussed previously in section 2.1, in a DT pipeline ADC, the analog input is

sampled upfront which causes aliasing. Since aliasing happens right at the input,

there is no way to distinguish the signal from the aliased components. Therefore, it is

impossible to get rid of the aliased components anywhere in the signal chain during

the discrete-time processing.

This necessitates the use of an anti-alias filter (AAF) before the signal is given to

the DT pipeline for A/D conversion. Since the AAF is processing the signal directly,

any distortion in the AAF will directly impact the signal. Therefore, a high linearity

specification is needed for the AAF. Moreover, since the AAF needs to drive the

22



capacitors in the S/H block, it has to have a high peak driving current. Hence the

power consumption of the AAF is expected to be quite high.

On the other hand, a CT pipeline ADC provides inherent anti-aliasing. Even

though aliasing happens at all the sub-ADCs, the errors in stages 1, ... , N-I (ei, ... , eN-1)

get cancelled and do not reach the output. Only the error in the last sub-ADC (eN)

reaches the output, and therefore, aliasing matters only in the last sub-ADC. The

residue goes through a cascade of H(s) (N - 1 times) which acts as an inherent

anti-aliasing filter.

2.4 Summary

In this chapter, the concept behind pipelined A/D converters was explained. First,

the working of the conventional DT pipeline ADCs was discussed, followed by how it

can be transformed into a CT pipeline ADC. A CT pipeline ADC inherits the wide

bandwidth benefit from the DT pipeline architecture while having inherent anti-

aliasing due to a continuous-time front end. A qualitative comparison of CT-AE

ADC, DT pipelined ADC and CT pipelined ADC is shown in Table 2.1. Although

coming with the cost of a more complex digital reconstruction, CT pipeline looks to

be a promising architecture for high speed and high resolution A/D conversion.
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CT-AE ADC DT Pipeline ADC CT Pipeline ADC

Inherent
Anti- Yes No Yes
Aliasing

Driving
Current Small Large Small

Stability Can go unstable Always stable Always stable

Bandwidth Low (OSR > 8 or 16) High (Nyquist-rate) High (OSR < 4)

Digital
Recons- Simple Simple Complex
truction

Table 2.1: Qualitative comparison of continuous-time AE ADC, discrete-time
pipelined ADC and continuous-time pipelined ADC.
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Chapter 3

Proposed Continuous-Time Pipeline

ADC

As discussed at the end of the previous chapter, the SNR limitation due to clock jitter

is fundamental in conventional discrete-time pipelined ADCs because of the sample

and hold upfront. Therefore, to eliminate this error, we remove the sample-and-hold

from the input of the first stage and place it at the input of the second stage as shown

in Fig. 3-2. This opens room for the use various innovative techniques throughout

the signal chain as will be discussed in the rest of this chapter.

S/H Upfront

ADC 'I DT Back-end
Input stage ADC

Digital Error Digital
Correction Output

Figure 3-1: A conventional discrete-time pipelined ADC with a sample-and-hold up-

front.
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No S/H
1CLK

ADC CT Back-end
Input stage ADC

DigitalDigital Reconstruction Filter -e a

Figure 3-2: Eliminating the sample-and-hold upfront and using a continuous-time

first stage.

3.1 System Architecture

Fig. 3-3 shows the overall system architecture which comprises two stages. The analog

input Vi is applied to the first stage. The sub-ADC in the first stage is typically

a 3-4 bit flash ADC which gives a digital estimate of the input (discrete-time and

discrete/quantized-amplitude):

Di = Vin + EADCl (3.1)

where EADC1 includes all the errors from the stage 1 sub-ADC. Error from the stage

1 sub-ADC is dominated primarily by the quantization noise. The stage 1 sub-ADC

output goes to the DAC which converts the incoming digital input to an analog

Analog ]ea 2 Backend
input D .(E A/D

A/D DA

+ Digital
Digital Reconstruction Filter Output

Figure 3-3: The overall system architecture for the proposed jitter tolerant

continuous-time pipeline ADC.
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output:

Vin,est = Vin + EADC1 + EDAC (3.2)

where EDAC is the DAC error due to any non-idealities. The sub-ADC-DAC path

(which we will also refer to as the Flash-DAC path) introduces a delay of half clock

cycle. Therefore, we need a delay block in the signal path to match its delay to the

Flash-DAC path 1. Then, the estimate of the input is subtracted from the delayed

input to give the residue:

Vres = Vin,del - Vin,est = -(EADC1 + EDAC) (3.3)

This residue goes through a low-pass filter with cut-off frequency equal to the

bandwidth of the input signal to filter out the out-of-band noise. Then the low-pass

filtered residue is amplified to full-scale. In conventional discrete-time pipeline ADCs,

the residue is amplified by a factor of 2 N1 -1 where N1 is the resolution of stage 1 sub-

ADC. The interstage gain is chosen to be 2x smaller to avoid overrange due to errors

from the stage 1 ADC [11, 22]. In a continuous-time pipeline ADC, the interstage

gain doesn't have to be 2 N1 -1 necessarily. Any value of interstage gain that prevents

overloading the stage 2 ADC works fine in practice 2. The input to the second stage

ADC or the backend ADC is

V2 =HLPF - Vres = HLPF - (-EADC1 - EDAC) (3.4)

where HLPF is the combined transfer function for low-pass filter and amplifier. The

backend ADC can either be regular discrete-time pipelined ADC [18], a continuous-

time pipeline ADC [19], or any high-resolution ADC that can digitize the residue.

'Having a delay with a sine magnitude response will be even better because then the transfer
functions from both paths will be perfectly matched, and it will eliminate any undesirable compo-
nents at multiples of clock frequency, essentially providing better anti-aliasing. Also, this will prevent
any undesirable frequency components at fCLK and its multiples from over-loading/saturating the
backend ADC.

2 Although from MATLAB simulations it turns out that an interstage gain of 2 N1 -1 is a pretty
good choice for an oversampling ratio of 4 and filter order = 1 to 6. This will be elaborated further
in section 3.2.
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The backend ADC digitizes the residue from stage 1 to give

D2 =HLPF - (-EADC1 - EDAC)+ ESTG2 (3.5)

where ESTG2 includes all the errors from the stage 2 ADC. Now, the digital reconstruc-

tion filter (DRF) combines the stage 1 and stage 2 outputs D1 and D2 respectively

to give the final digital output:

Dout = D1 + HDRF - D2 (3.6)

= VIN + EADC1 + HDRF - [HLPF - (-EADC1 - EDAC) + ESTG2 (3.7)

If the DRF transfer function is chosen to be HJ'F, then the error due to the stage

1 ADC will get cancelled and the final digital output will be 3

Dout = VIN + EADC1 - [1 - HDRF -HLPF]

+ HDRF -HLPF - (-EDAC) -HDRF -ESTG2 (3.8)

Dout VIN - EDAC + HDRF •ESTG2 (3.9)

Eq. 3.8 tells us that the any error due to the stage 1 Flash ADC will get cancelled

to the degree that HDRF is matched to HLPF. This is similar to the regular pipeline

ADC, albeit slightly different from the discrete-time pipeline ADC because of a more

complex digital recombination of the bits from stage 1 and stage 2. In case of a

discrete-time pipelined ADC, the digital recombination is extremely simple - the bits

from each stage are shifted and added (with one-bit overlap to account for the 2x

smaller interstage gain) to give the final digital code. But in case of continuous-time

pipeline, the digital reconstruction filter has to match the inverse of the analog low-

pass-filter between stage 1 and stage 2 to effectively cancel the errors from the stage

1 sub-ADC.

3 Notice that we have been tacitly avoiding either a Laplace-Transform or a Z-Transform notation
to represent transfer function for the low-pass filter transfer function and the DRF. This issue has
been addressed and resolved with great clarity throughout Chapter 4 and specifically in section 4.3.
But for now, it suffices to focus on the working of the continuous-time pipeline ADC.
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Figure 3-4: A plot showing the analog input, DAC output and the residue signal at

stage 1 before and after low-pass filtering.

The digital reconstruction filter has a high-pass response, the exact opposite of

HLPF. From Eq. 3.9 we can see that the errors due to stage 2 ADC will be shaped

(high-pass). Eq. 3.9 also tells us about the effect of the DAC errors and the stage 2

ADC errors which are discussed in section 3.2-3.3.

3.2 Effect of Stage 2 Jitter

As shown in Fig. 3-2, there is a sample and hold at the input of stage 2. A random

error will be introduced in the sampled residue voltage if there is any jitter in the

sampling clock. This error is proportional to the derivative of the signal V2 (the input

to the second stage) as evident from Eq. 1.1. The residue voltage from stage 1 before

and after low-pass filtering are shown in Fig. 3-4. Before low-pass filtering, the residue

has the exact same derivative as the input signal 4. Therefore, if it were sampled,

there would have been no improvement in jitter sensitivity.

But we can see that the low-pass filtered residue has a much smaller amplitude,

and since it is a bandlimited signal, it has a much smaller derivative as well. Since

4 Ignoring the transition points which occur near the clock edges.
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after amplification, the differential residue's amplitude goes up to at most the full-

scale voltage VFS (to avoid overloading the backend ADC), therefore we can be certain

that the amplitude of the low-pass-filtered residue is less than VFS/2N1- where N

is the resolution of the stage 1 ADC.

We assume here that the clock jitter in the sampling clock At is a random variable

with zero mean and Gaussian distribution. Let the RMS jitter be U-t. Since the clock

jitter is independent of the input signal, it is also independent of the residue and its

derivative. Therefore, the power in the error voltage Av can be written as:

P 2 ~ dv2 (3.10)
,AV- Ut d )RMS

where (d)2MS is the power in the derivative of the low-pass-filtered residue. The

RMS value of the derivative of the residue reduces by approximately the gain of the

first stage. Therefore, the RMS noise voltage due to clock jitter reduces (at least 5)

by about 2N1 -1. Therefore, if we use a 4-bit Flash-ADC in stage 1, then, in absence

of any other non-idealities, we get an improvement of about 20 log(2 4 -1) = 18-dB in

the SNR limit due to clock jitter. This means that if we have an 800 MHz input

signal sampled with a clock having 200 fs RMS jitter, then the SNR limitation due

to clock jitter will be 78 dB instead of 60 dB (as calculated from Eq. 1.2) in absence

of any other non-idealities.

3.3 Effect of DAC Jitter

From Eq. 3.9 we see that the DAC error shows up in the final digital output. Intu-

itively, this happens because the DAC error doesn't show up in the stage 1 digital

output D1 while it goes through the low-pass-filter, stage 2 and the DRF to show up

in the stage 2 output D2. Any clock jitter in the DAC will show up directly at the

output and thereby limit the maximum achievable SNR. Therefore the DAC design
5 The amplitude of the residue, and therefore the RMS of the derivative of the residue, depend

on the stage 1 Flash ADC and DAC errors. So it can either increase or decrease based on how well
the Flash-DAC path has been designed. But in any case, the residue amplitude will be less than
VFS/2N1 1
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is very crucial in this continuous-time pipelined ADC.

Some jitter tolerant DAC architectures using switch capacitor DACs already exist

and have been used in the design of continuous-time delta-sigma ADCs [14-16,24-26].

Using a raised sinewave DAC is another possibility [27]. A similar DAC architecture

can be used in this design as well.
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Chapter 4

Behavioural Model

4.1 MATLAB Model Description

Our continuous-time pipeline ADC architecture consists of analog, digital and mixed-

signal blocks as shown in Fig. 4-1. We have modelled all the blocks by writing our own

custom functions for sample-and-hold, quantizer and low-pass-filter which constitute

the ADCs, DAC and the digital reconstruction filter. Although a bit cumbersome,

this was done to make sure that none of the essential properties of continuous-time

signals were compromised given that we modelled the system in MATLAB which is

inherently discrete-time. In our ADC model, the clock frequency FCLK is 6.4 GHz

(- 156 ps) with a signal bandwidth of 800 MHz (OSR = 4). But to model the

continuous-time signals we have used numerical sampling frequencies of 128. FCLK

(~ 1.2 ps), 512 - FCLK (- 305 fs) or 4096 - FCLK (~ 38 fs) depending on how fast or

how accurate we want the simulations. The description of the various sub-blocks has

been given in the following sections.

4.2 Flash-DAC Path

The Flash-DAC path in stage 1 has been modelled as a sample-and-hold followed

by a quantizer since it achieves the same functionality (described in section 4.2.1-

4.2.2). This is true only when there is no clock jitter in the sub-ADC and the DAC.
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Figure 4-1: A behavioural model for the continuous-time pipeline ADC highlighting
the continuous-time and discrete-time portions of the system.

In presence of clock jitter, the Flash-ADC will sample an erroneous value at the its

input and the DAC output edges will have some timing error. Clearly, the ways in

which the clock jitter affects the ADC and DAC are quite different. Also, in general,

the values for the RMS jitter in both the clocks can be different. Therefore, it is

imperative to model the effect of clock jitter on the ADC and the DAC separately.

Given any continuous-time input, the purpose of the Flash-DAC path is to digitize

the input, extract Ni bits and then produce an analog output which can only take

one out of the 2 N1 quantized values. We can model the continuous-time signals as

sampled signals (discrete-time) but with a very high numerical sampling frequency,

say F, where F » FCLK-

We can imagine a single system equivalent to the Flash-DAC path which has

one input (the analog input signal), several input parameters (RMS jitter for sub-

ADC clock, the DAC jitter, resolution of the sub-ADC N 1, sampling frequency for

continuous-time signals F, and clock frequency FCLK), and two outputs (digital out-

put D1 from the sub-ADC and the continuous-time DAC output VDAC). This system

consists of three components (implemented as functions in MATLAB): sample-and-

hold, quantizer and a DAC-jitter-generator.
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4.2.1 Sample-and-Hold

The sample-and-hold function looks at the analog input signal at multiples of the

clock period TCLK =1/FCLK. Therefore,

VS/H = VIN -n' TCLK) (4.1)

for n = 1, 2, 3, ... , N such that N - TCLK < TSIM where TSIM is the simulation

time1 . In presence of finite clock jitter in the ADC clock, the sample-and-held voltage

becomes

VS/H = VIN(n ° TCLK + Ati,ADCO) (4.2)

where Atn,ADC is the random jitter in the ADC clock edge at the nth sample2 .

The RMS value of this jitter is o-AtADC which is a parameter in the sample-and-hold

function. Although technically the output of a sample-and-hold is a discrete-time

signal, we have modelled VS/H as a continuous-time signal (i.e. with a sampling rate

of F, and not FCLK) such that

VS/H (nTCLK + ALn,ADC: (n + 1)TCLK+Atn+l1,ADC)

- VIN rTCLK + Atn,ADC)

with the understanding that downsampling VS/H by a factor of FS/FCLK will give us

the discrete-time sample-and-hold output at the ADC clock rate FCLK-

4.2.2 Quantizer

The quantizer function simply takes VS/H (at sample rate F,) and N1 (the resolution of

stage 1) as inputs and quantizes the amplitude to one of the 2Ni + 1 levelS 3 depending

on the current value of VS/H. If the output of the quantizer VQ is downsampled by a

'The end case from t = N -TCLK to TSIM has been handled separately.
2 The value of sampling period for the continuous-time signals 1/F, has to be sufficiently smaller

than Atn,ADC else the effect of the clock jitter will never show up in VS/H.
3 One extra level has been added to cover the entire full-scale from Vss to VDD in the quantizer

output.
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factor of M = F/FCLK, then we will get the stage 1 digital output

Di[n] = VQ[n - M] (4.4)

which can be combined with the stage 2 digital output D2 to get the final digital

output DOUT (discussed in section 4.3). Note that in the absence of any clock jit-

ter, the DAC output VDAC will be same as the quantizer output VQ since both are

continuous-time signals (sampled at F,). But in the presence of clock jitter, the DAC

output will differ from the quantizer output as discussed in the following section.

4.2.3 DAC-Jitter-Generator

The DAC output gets affected by the jitter in the sub-ADC clock as well as the DAC

clock. If there is any jitter in the sub-ADC clock, the quantizer output might have

an error4 . This means that the digital input (discrete-amplitude) to the DAC itself

has an error. Therefore, even if there is no other non-ideality in the DAC, its output

will still have an amplitude error. Now if the DAC clock has some jitter, then the

timing of the DAC output transition will be slightly off (as compared to a fictitious

ideal clock) and this will lead to a timing error in the DAC output.

The primary requirement of the DAC-jitter-generator function is to incorporate

the DAC timing error while simultaneously taking into account any amplitude errors

due to sub-ADC clock jitter. This can be done as follows:

VDAC(nTCLK - Atn,DAC : (n + 1)TCLK+Atn+1,DAC)

= VQ(nTCLK + Atn,ADC) (4.5)

where Otn,DAC is a random jitter in the DAC clock affecting the timing of the nth

DAC output. The argument (time index) of VQ captures any amplitude error due to

the sub-ADC clock jitter while the argument of VDAC captures the timing error due

to the DAC clock jitter. Similar to the sample-and-hold function, the DAC-jitter-
4 This error probability due to clock jitter will be very small since VQ will be limited by quanti-

zation noise and not the jitter noise because the stage 1 ADC is only resolving 4 bits.
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generator function also takes the RMS DAC jitter oYAt,AC as an input parameter.

In general, oAtA,c and orAt,AC can have different values depending on the clock path

design. But VDAC captures all the effects and can be used as the DAC output for

further processing in our continuous-time pipelined ADC model.

4.3 Digital Reconstruction Filter

The role of the digital reconstruction filter (DRF) is to combine the stage 1 and stage

2 outputs in such way so that the errors due to the stage 1 sub-ADC get cancelled

as shown by Eq. 3.8. This entails the DRF transfer function to match the inverse

transfer function of the analog low-pass filter between stage 1 and stage 2. Since the

inputs to the reconstruction filter are digital, the DRF has to be a digital filter. The

DRF transfer function can be obtained by applying impulse-invarint transformation,

I, on the analog low-pass filter transfer function [19,28]

HDRF(Z) I{HLF(s)} (4.6)

where HLPF(S) is the low-pass filter transfer function.

The analog low-pass filter has a cut-off frequency of 800 MHz (equal to the input

bandwidth BW). In our MATLAB model, we modelled the analog low-pass filter as

a digital filter with a cut-off frequency

oc = (4.7)
Fs/2

The stage 1 and 2 digital outputs are coming at the rate of FCLK. Using the

decimation identity as shown in Fig. 4-2, the filtering and decimation operations

can be interchanged [28]. Therefore, the cut-off frequency for the DRF becomes

BW/(FCLK/2) as shown in Fig. 4-3.

5The DAC-jitter-generator does not take oatADC as an input. Rather, the sample-and-hold
function saves the timing information, which is fed to the DAC-jitter-generator to be able to account
for any amplitude errors.
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Figure 4-2: The decimation identity: the filtering and decimation operation can be
interchanged if the filter transfer function is transformed as shown.
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Figure 4-3: The digital reconstruction filter operating at FCLK.

Input Delay .2Bak end
H(S)
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H(zM) - 4M F P+ DOUT

Figure 4-4: The digital reconstruction filter becomes an exact replica of the analog
low-pass filter operating at F,.

Alternatively, instead of applying HDRF to the stage 2 digital output D 2 , we

can apply HLPF to the stage 1 output D1 at the rate FCLK. Again, by using the
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decimation identity, the decimation and filtering can be interchanged. Therefore, the

continuous-time sub-ADC output VQ (at rate F,) can be passed through the same

low-pass filter (modelled as a digital filter with cut-off frequency wc) as the residue

as shown in Fig. 4-4. This is equivalent to having an inverse filter at stage 2.

4.4 Simulation Results

The simulation results based on the MATLAB behavioural model have been presented

in this section. A sinusoid signal at 800 MHz is applied at the input of our continuous-

time pipeline ADC. The sampling clock frequency is 6.4 GHz. The resolution of the

stage 1 sub-ADC is 4 bits. The analog low-pass filter has been modelled as a 4 th

order elliptic filter with 0.1 dB passband ripple and 40 dB stopband attenuation.

The interstage gain is 8 and the stage 2 has 8-bit resolution, therefore the effective

resolution of the ADC is 11 bits. A 65536-point Hann-windowed FFT of the stage 1

digital output, stage 2 digital output and the reconstructed digital output is shown

in Fig. 4-5. With 1 ps RMS jitter in the stage 2 clock, we get an SNR of 62.2 dB

(with 200 fs DAC jitter). In the case of upfront sampling, the SNR is limited to 46

dB for an 800 MHz input signal sampled with a clock having 1 ps RMS jitter (from

Eq. 1.2). This shows that we get an improvement of about 16 dB in the maximum

achievable SNR.

To demonstrate the jitter tolerance of this architecture, we calculate the SNR of

the final reconstructed digital output for various RMS values of stage 2 clock jitter

and compare it with the SNR from the conventional pipeline ADC architecture with

upfront sampling. Fig. 4-6 shows the effect of stage 2 jitter on the overall SNR (in

absence of sub-ADC and DAC jitter).

For small values of RMS jitter, the error due to clock jitter is smaller than the

quantization error. Therefore, the overall SNR is limited by the quantization noise.

As the RMS jitter increases, the overall SNR starts decreasing, but still, it is much

higher compared to those of conventional pipeline ADCs.
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Chapter 5

Conclusion

5.1 Thesis contribution

In this thesis, we have presented a novel continuous-time pipeline ADC architecture

that is tolerant to the sampling jitter. In conventional pipeline ADCs, the analog

input is sampled upfront which introduces a random error due to uncertainty in the

sampling clock edge. This is akin to adding a random noise voltage to the signal

thereby limiting its SNR. In the proposed ADC, we remove the sample-and-hold

from the first stage, process the analog input signal in continuous-time and sample

the voltage residue at the input of the backend ADC. The residue that goes to the

backend ADC has a small magnitude and therefore a smaller derivative since it is a

bandlimited signal. Therefore, the effect of the clock jitter will be greatly reduced.

We designed a system level behavioral model in MATLAB to verify the concept

of continuous-time pipeline ADCs in general, and jitter tolerance in particular. The

design of various sub-blocks like the sub-ADC, DAC, low-pass filter, and digital recon-

struction filter have been discussed in detail. Finally, from the system-level behavioral

simulations, we have shown an increase of at least 16 dB in the maximum achievable

SNR if a jitter-tolerant DAC is used in the first stage Flash-DAC path.
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5.2 Future Work

One can imagine converting the problem of amplitude quantization to time quanti-

zation by using non-uniformly sampled (NUS) A/D converters [29-34]. Technology

scaling also favors this since with smaller devices, the time accuracy generally im-

proves. Therefore, we are exploring the possibility of using this idea of NUS ADCs

in a continuous-time pipeline ADC to get even better tolerance to the sampling clock

jitter. Also, we are working towards estimating the energy efficiency gains by com-

paring the power consumption of our topology with that of the case where a more

precise clock with lower jitter is used.
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