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Abstract

In this thesis the design of the timing error calibrationddor a time-interleaved ADC is described.

The realization of fully-digital radio transceiver reqesra wideband capture ADC that can si-
multaneously capture all the commercial wireless bandseptein a mobile handset. These ADCs
are expected to operate at GHz sampling speed with good\eeéfigiency. Both of these con-
tradicting requirements can be fulfilled by employing timeerleaved architecture. Unfortunately,
time-interleaved ADCs suffer from interleaving issue likismatch in sampling time error. These
issues can be addressed by designing a dedicated caliblatio.

In this thesis an attempt is made to design a calibration thapdetects and corrects the sam-
pling time errors with high precision. The timing error d&ten technique relies on introducing two
additional reference ADCs. The correction of timing errirslone using the least mean square it-
erative algorithm (LMS). Convergence and stability of sgefibration loops are extremely critical.
Hence, they are exhaustively investigated in this thesactdfs that hamper the loop convergence
were identified and relevant solutions are applied to ovaecthem. Furthermore, it was found that
the loading effect of the reference ADCs greatly affectsabeuracy of the timing error detection.
A simple solution using delay lines is shown to remove thisaf Finally, techniques like inserting
dummy sampling circuits, scaling sampling capacitancd,matching the clock-paths, are employed
to achieve timing error correction accuracy in the orderfefiével.

Some of these techniques are implemented at the archiégeletvel, whereas some are imple-
mented at circuit level. The effectiveness of the architectievel techniques is verified through
MATLAB modeling while the circuit level techniques are vieed through circuit simulations. The
sub-blocks for the calibration loop are designed in indalks28nm CMOS process and relevant simu-
lation results are presented. Circuits like 1140i:W DAC with 0.6LSB DNL, a track-and-hold with
H D5 of 72dB at 1GHz input frequency, and clock-path with a medaydef 11ps, are designed for
the timing error calibration loop.

Keywords: LMS calibration loop, Timing error detection, Time-inteaving, Observer Effect,
Reference lanes, Wideband capture ADC, Digital-to-Anaogverter, Track-and-hold, Low-power.
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Chapter 1

Introduction

NTEGRATED circuits technology has undergone rapid scaling sincewsrition. In 1960, Gordon

Moore made an empirical observation that the number of devan a chip approximately doubles
every 18 months. With scaling to new technology nodes, feaize shrinks by 70%, transistor den-
sity doubles, wafer cost increases by 20% and chip cost cdowes by 40%. These new technology
nodes result in faster, smaller and cheaper transistofacindue to scaling the price of one transistor
has dropped 100 million times and the trend still contindéss rapid drop in price of a transistor has
stimulated new applications and enabled advanced comationécomputing appliances. By making
the transistors and the interconnects smaller, more tércan be fabricated on each silicon wafer
thereby reducing the price of each circuit. Additionallycuaits of various nature like digital, analog,
and RF circuits can be integrated together to reduce the pfithe total system.

1-1 Motivation

Wireless systems like mobile phones are one of the manyragdteat have benefited greatly from the
integrated circuit technology. For instance, integratetia subsystems for GSM [4], WLAN [5], and
Bluetooth [6] have already been demonstrated in the lileeatPresent mobile-handsets contain many
such transceivers of different standards, packed densgbthier. On the other hand, new wireless
standards are being rapidly introduced in the market. Tihhswmer demand of accessing these new
wireless services from a single handset is thus, ever isitrgaln the rush of providing more wireless
services, future mobile handsets will only grow in size andtavhich would eventually defeat the
benefits derived from technology scaling [7]. This proliégon in size and cost of mobile-handsets can
be subdued by integrating various wireless services usurgvarsal and tunable hardware platform.
Such a platform should be able to tune to a carrier frequeney @wide range, and should support a
variety of modulation and data rates.

One such possible architecture, as proposed in [1], is shvig.(1-1). The receive link (Rx)
which comprises of an amplifier and an ADC would receive RIralg from all wireless standards.
Based on the service required by the user, the digital sigoakessor (DSP) will tune respective carrier
frequency and demodulate the received data. Similarlyeni@pg on desired wireless service, the data

Master of Science Thesis Nandish Mehta



2 Introduction

— Radio based
on Digital

Signal
Processor

RX

Tx

|
Fala

Figure 1-1: Mitola’s wideband radio [1]

is accordingly modulated by the DSP which is transmitteedally by a DAC. Thus, all functionality
of aradio are implemented on a highly tunable platform of OFsfally, in addition of being tunable, a
fully-digital radio implementation (like on a DSP) is alssvbred by steady performance improvement
of digital circuits with technology scaling.

The focus of this research is to improve performance of th&B& for wideband radios targeted
for mobile applications. As the ADC is close to the antennahould support finer input signal
amplitude and wider input frequency range. This translmtesa stringent requirement on linearity,
speed and resolution of the ADC. For instance, a widebareivwecfor cable applications is designed
to simultaneously capture 16 channels located betweerD@8MHz TV band, with 50dB SNDR
(signal-to-noise and distortion ratio) 2.6GS/s samplipgesl, and 10b quantization while consuming
0.5W power [8]. Note that a higher resolution may also be irequin order to support complex
modulation schemes across various wireless standards.

The accuracy of an ADC can be expressed by effective numbstsofENOB) which is defined

as,
SNDR — 1.76
ENOB = 6.02 (1-1)
where,SN DR is defined as ratio of input signal power to total noise antbdien power. Depending
on the design an ADC can consume varying amount of energyhie\ac same ENOB. In order to
compare energy efficiency of two different ADC design, a paptigure-of-merit (FOM) used in the

literature [2] is given as,

PToml
2-min(fs/2, ERBW) - 2ENOB

FoM = (1-2)
where, Py, IS the total power consumed by the AD§ is the sampling frequency, andkR BW

is the effective resolution bandwidth. Fig.(1-2)(a) is fiet of figure of merit (FoM) versus ENOB,
for all ADCs published at ISSCC and VLSI symposium betweef718nd 2013. A larger value
of FOM means that the ADC consumes more energy to while it swake step to convert analog
input to digital value. It is evident that FOM for ENOB of 12tdis in the order of 20fJ/conv-step
which is far from target FoOM of 1fJ/conv-step (derived in Applix-A). The FOM increases rapidly
for a higher value of ENOB. FoM is also high for lower ENOB besa, these designs primarily have
high sampling speed designs. It is evident from the plot biest state-of-the art FOM lies between

Nandish Mehta Master of Science Thesis
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Figure 1-3: FoM versus sampling frequency for single lane and M-lanerieaved ADC

an ENOB of 8 to 9. A similar observation can also be made for r@¥sus sampling frequency.
The plot in fig.(1-2(b)) shows FoM versus sampling frequefaryADCs designed in 65nm CMOS
process. The number on each data point represents ENOB dé#lign calculated using eqgn.(1-1).
For sampling frequencies below the knee frequeligw g, the FOM curve is flat as the power
consumption Pr.,;) increases linearly wittfs. But for fg greater tharfx xrg, the speed-power
relation turns non-linear and hence, mediocre improvenmelfit is achieved at considerable power
penalty. The value of x ng is determined by technology. For instange;n g is between 300-
500MHz for CMOS 65nm process. Note that the FoM plot in fi@(lh)) is on log-log scale and
hence, forfs greater tharfx y g, the FOM increases linearly.

As shown in fig.(1-3), interleaving can break this speedgiotrade-off and can improve the
FoM of ADC. The technology limitfx x g, for a single channel can be extendedio fxygE by
interleaving M-lanes operating #k yrr. Due to overhead associated with interleaving, the benefits
in FOM are not immediately visible. There exist a break evenudencyfs above FOM improves by
interleaving. In other words, an interleaved ADC is morecedfit than a single ADC fofs abovefp.
For fs below fp a single ADC is more efficient than an M-interleaved ADC beeathe hardware
required to implement interleaving contributes onlyRg.;.; in eqn.(1-2). On the other hand, for
fs greater thanVf - fxnypE the power consumption increases more rapidly for M-ingabel ADC
than that for a single ADC. Hence, M-lane interleaved ADC ldamprove FoM only for sampling
frequencies greater thgiz and smaller thad/ - fxnvpE.

1-2 Basics of Time-Interleaved ADC

In a time-interleaved ADC many slow ADCs operate in paraitehchieve higher net throughput.
The concept of time-interleaved ADCs is not new and was @egdirst in [9]. However, the critical
advantage of time-interleaved ADC is that it can break syemder trade-off in a given technology.
This benefit was not recognized till a decade ago. The rdseaxrfl0] is mostly one of the first
work to show that for a given speed and resolution overallggosonsumption of an ADC can be
reduced by operating multiple slow single ADCs in time-ilgaved fashion. Since then research on
time-interleaved ADCs has been quite active.

Nandish Mehta Master of Science Thesis
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(a) Time-Interleaved 4-ADCs (b) Timing error in one of the sampling instance

Figure 1-4: Block diagram of basic 4-ADC interleaved with timing error.

Fig.(1-4)(a) shows a simple time-interleaved ADC where diviidual ADCs are operating in
parallel. Duringg; the input is sampled by the respectidé C;. Under ideal conditions the overall
outputy(t) is obtained by adding the output of all 4 ADCs together. Havew real time-interleaved
ADCs there are interleaving issues like input offset, gaismatch, timing error and bandwidth mis-
match. These issues are dealt in greater detail in Chaptéte? sake of argument let's assume
that only timing error,At, is present (sources of timing error are covered in ChapteAs shown
fig.(1-4)(b), due to the timing error the sampling instan€ed®C5 is shifted byAt¢. This makes
ADCs5 sample input signal at a wrong time instance making an efrds:o Now, when the outputs
are added together, along with the input signal informasioradditional spurious tone is also created
due to the error voltagévw.

The focus of this thesis is to minimiz&t¢ by employing a calibration loop around the time-
interleaved ADCs. As will be shown in the subsequent chaptiey suppressind\t as much as
possible, the magnitude of the spurious tone can be redugpdrious tones are also generated by
other interleaving issues. However, the problem of inptgatfand gain mismatch can be solved like
in any other ADC but the problem of a timing error is very sfiedb time-interleaved ADCs. Even
though significant amount of work on timing errors has alyebéen done, it is still an active area
of research in current literature as it is not yet complesalived. Finally, out of all the interleaving
issues timing error is the most difficult to calibrate beeaiisioes not easily lend itself to detection
or correction which makes the design of calibration loogradl more interesting. Hence, the focus of
this thesis is to solve timing errors out of all the otheriilgaving issues.

1-3 Application: Wideband Capture ADC

Time-interleaving is a well-suited architecture to realizideband capture ADCs for mobile appli-
cations as it can achieve high sampling-speed and low posvesuenption simultaneously. To better
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1-4 Target Timing Error Correction Accuracy 7

understand the functioning of a wideband capture ADC, itastiwvhile to understand the role of an
ADC in conventional Rx link. Fig.(1-5) shows one such Rx liiok zero-IF receivers. An antenna
would receive an input signal from 0.8GHz to 2.5GHz, whickess all the major bands used by to-
day’s mobile handsets [7]. Typical signal spectrum at tiperirof the LNA is shown b@ in fig.(1-5)
where the desired signal is received along with a blockees.tdfithe LNA is assumed ideal then this
spectrum will appear at the input of mixer unscathed. Theendown-converts the received signal by
multiplying it with local oscillator frequency. Thus, aspgrent fro, the desired signal is moved
to baseband and can be retrieved by simple low-pass filtefing receiver can tune to a new channel
by analog tuning of the local oscillation frequency (showrfig.(1-5)). Thus, as depicted from the
spectrum a@, the presence of a blocker tone does not hamper the recaivetidnality.

Fully digital radio of fig.(1-1) can be realized by swappitg tposition of mixer and low-pass
filter with that of the ADC. Thus, as shown in fig.(1-6), mixerdalow-pass filter are moved com-
pletely into digital domain which relaxes their design. Fwmtance, channels can be easily tuned by
changing the digital tuning control word. As argued in thstfgection, this flexibility enables the
implementation of a radio on a DSP platform. However, as tB&CAnoves closer to the antenna,
its design specifications get more stringent and thus, th€ ABsign becomes more involved. For
further apprehension, assume again that the spectrum oét¢kesed signal is represented as shown
by@ in fig.(1-6). Due to the timing error)t of the time-interleaved ADC an image is created for
the blocker tone. The image is only created for the blockee t@nd not for the desired signal as the
desired signal has much smaller amplitude level. Furthes, td the sampling process of the ADC
which samples at the rate ¢, this image of the blocker tone can fold-back into the desgignal
band as shown i@ in fig.(1-6). Once the image of blocker tone lands in the @essignal band
even digital filtering will not help. Hence, as shown by thedpum a@, the image of the tone will
persist at the output as it is indistinguishable from therddssignal.

Hence, designing a wideband capture receiver relaxesrdspigifications on the mixer, filter
and channel selection, but it greatly increases the desighenge for the ADC. As the ADC will
be invariably a time-interleaved ADC, its timing error shibbe low enough to avoid creating strong
image of blocker tones.

1-4 Target Timing Error Correction Accuracy

While designing the calibration loop to compensate for timenty errors, it is important to know the

level of accuracy expected from such a calibration loop. Witgkeband capture ADC would capture all
wireless standards present in a mobile handset, includ®ig Gellular. As per GSM specification the
sensitivity of the receiver should be at least -100dBm. Hmge of received signal is from -10dBm to
-100dBm. Consider a case as shown in fig.(1-7), where a hidcke has power of -10dBm whereas,
the desired signal is at the lowest supported power lewel, 4100dBm. Due to timing error and

sampling process of an interleaved-ADC, an image of blotee might be created in the desired
channel bandwidth. Clearly, in order to distinguish their@elssignal the image of the blocker tone
should be lower by at least 90dB or more. Thus, the timingrestould be low enough such that the
image of blocker if created, stays below 90dB.

The relation between the timing error and the SNR is giverdasyed in Chapter-2),

3

SNR=——-——
2m2 AL 3y

(1-3)
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Figure 1-7: Spurious free dynamic range requirement for wideband cagtDC for GSM signals.

For SNR=90dBf;ny = 2.5GHz, the resulting timing error is 5fs. Thus, the timing eation accuracy
of the calibration loop should be at least 5fs or better (R&fgpendix-A for additional specifications).
To achieve this accuracy is the target of this thesis.

1-5 Research Goal and Contributions

As argued in the previous section, the sampling time erroFate unwanted spurious tones which
cannot be distinguished from the desired signal. Thesémmitones can be suppressed by calibrating
the sampling time error. In order to receive a GSM signal #raing time errors of the wideband
capture ADC should be below 5fs level. To achieve this lef@lguracy a calibration loop is needed.
Hence, the initial goal of this research is to investigateouss calibration architectures and choose
the one which can achieve timing error correction accurddetier than 5fs.

For achieving high timing error correction accuracy, it ilto detect timing errors precisely.
In this regards, it will be shown in Chapter-2 that the usedufitonal reference ADCs, is the most
suitable topology [11]. From the results presented in [Li hot evident that this topology can truly
achieve 5fs accuracy. However, they do reveal that thislégyds quite promising. Thus, the second
goal of this research is to study this calibration architestidentify any existing issues, and provide
relevant solutions to overcome them.

As it will be shown in chapters-3 and 4, the topology of [1L1kIseveral shortcomings. For
instance, the input offset of the reference lanes hampersalibration loop convergence. Also, the
use of reference lanes to detect timing error changes tldedbthe input buffer whenever it is used
by the calibration loop. This change in the loading of theuiripuffer limits the accuracy with which
the timing errors can be detected. Lastly, the samplingurtst of reference lanes and the main-lane
ADCs interact with each other to further degrade the timimgredetection.

Finally, even if the above mentioned problems are solvesglctiibration loop proposed in [11]
can achieve 5fs accuracy only when a high resolution D/A edav is available to correct the timing
errors. This D/A converter needs to have low-area and lowepa@as multiple copies of it would be
employed.

The key research contributions which addresses all theals goe highlighted below:
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1-6 Thesis Organization 9

« The calibration loop is made resilient to the input offsketh@ reference lane by incorporating
a high-pass filter in the loop.

« The change in input buffer loading due to reference lareespived by adding dummy lanes.
Thus, making the loading of input buffer constant.

« The interaction between the sampling instance of the eafar lanes and the main-lane ADCs
is identified through analytical derivation. It is also @ogerified through simulations. This
problem is solved by inserting delay lines in the samplimepfrend of reference lanes and
main-lane ADCs.

« For correcting the timing errors a low-power 11-bit D/A werter is designed which achieves
DNL of < 1LSB. The D/A converter has sufficient dynamic range to correairerwithin
+2.5ps.

1-6 Thesis Organization

This thesis is divided into six chapters. Chapter-2 begiitls &an overview of time-interleaved ADCs

and provides a brief explanation of various time-interiegvssues on the performance of an ADC.
As the focus of this thesis is to calibrate timing errors, ex@mphasis is laid on it. Sources of timing
errors and its impact on signal-to-noise ratio (SNR) ardampd. Lastly, calibration topologies and
techniques to detect timing errors are discussed.

In chapter-3, a background timing error calibration loopliscussed which uses two reference
lanes for error detection and adjusts sampling clock edgesnhing error correction. The stability
and convergence of the calibration loop are studied usingd&LMB model. Stability of the loop
is examined in the presence of input offset, gain mismatod,varying input signal amplitude and
frequency. Further, it was observed that finite quantizatibreference lanes can cause an error in
the steady-state convergence of the loop. This problemhieddy adding dithering at the input of
the reference lanes. The effectiveness of adding ditheéuiliez] and relevant simulation results are
discussed in this chapter.

Chapter-4 investigates the timing errors caused due tarigaaf the reference lane. Reference
lanes only load the input buffer during calibration phasd aat during the normal ADC operation.
This modulation of input buffer load also contributes toraitig error. To avoid this problem, the
reference lanes are replaced by a dummy sampling front-enidgdnormal operation mode. Further,
during calibrate phase the sampling instances of referlameeand main-lane can interact with each
other adding to the timing errors. To mitigate this intei@tt a solution of using delay lines in the
sampling circuit is proposed. Lastly, mismatch between mrdy lane and a reference lane also
contributes to timing error. A simple technique is proposgttre scaled-down version of the main-
lane sampling circuit is used for reference and dummy lamesduce the timing errors.

Chapter-5 shows circuit level implementation details afos blocks used in the timing error
calibration loop. Design of blocks such as sampling framd-eircuit of main-lane ADC and reference
lanes, D/A converter for tuning sampling clock edges, amdrd#ference lane buffer, are described
along with circuit simulation results.

Finally, chapter-6 draws a conclusion from this work andeptiil topics for future improvements
and research are suggested.
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Chapter 2

Sampling Time Errors in
Time-Interleaved A/D Converters

The time-interleaved ADC cycles through M-parallel laneé&DCs generating a net throughput M-
times higher than a single individual lane ADC. As a resutirree-interleaved ADC can achieve high
sampling speeds which would not be possible with a single AldGout excessive power penalty.
Thus, for a given resolution, time-interleaved ADCs carakrihe speed-power trade-off by reducing
total power consumption and increasing the sampling speewever, mismatch between the lane-
ADCs degrade the performance of the total interleaved-AR@troducing unwanted spurious tones
in its output spectrum. Thus, it counteracts the speed ligyafied from time-interleaving.

In this chapter, the basic principles of time-interleaveld@s is described. It is followed by a
brief discussion on various sources of mismatch like ofigain, timing and bandwidth. The focus of
this thesis is mainly on calibration of timing errors. Henite topics pertaining to timing errors like
their effect on ADCs performance, methods to detection afidrate them, and calibration topolgy
are elaborated.

2-1 Basics of Time-Interleaving

In a typical time-interleaved ADC, M-number of ADCs operatgarallel with a conversion rate of
fs/M, where M is the number of interleaved ADCs afidis the sampling rate. These M-interleaved
ADCs operate from individual sampling phases(where,i = 1,2, .., M), which are phase shifted
from each other by one sampling periég. During these sampling phases, each individual ADCs
sample the input signal. At the output, data from all M-ilgaved ADCs is muxed together to achieve
an overall sampling rate ofs.

To further understand the operation of the time-interlda®®Cs, consider an ideal 2x inter-
leaved ADC as shown in fig.(2-1). The input signat, (¢) is sampled by two ideal ADCsADC,
andADC5. These two ADCs operate with phas@sand¢,, and generate output data represented by
y1(t) andyq(t) respectively. For a hypothetical inputy (t), the output of two ADCsy; (t) andyz(t)
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Figure 2-1: Block Diagram of an ideal 2x interleaved ADC with timing wéwams.

can be pictorially presented as shown in fig.(2-2). It wowddapparent that both ADCs operate with
their individual lane sampling rate gk /2. Thus, if fixy > fs/4 then bothy; () andy»(t) contain
aliases of the input signal. However, whey(t) andys(t) are added together the final output con-
tains no aliases. This phenomenon is depicted in frequdanyain picture of the interleaved ADC as
shown in fig.(2-2).

The reason behind the absence of aliases is that, as shovgn(8: 1) the sampling instance of
each individual ADCs are exactly oflg apart. Thuse, is time-shifted by one sampling period with
respect tap;. In frequency domain this time-shift corresponds to thatioh of phase. As the shift in
time is exactly one clock period, the phase of the aliasesdroutput ofADC5 are exactlyl80° out
of phase with respect to the aliases in the outputt 6fC;. Fig.(2-2) shows the spectra of the input
signal and the outputs of the two ADCs. As the aliase¥aif)f) are 180° out of phase with that in
Y1(f), when added together they cancel each other exactly. Arestteg mathematical account of
this alias cancellation is exhaustively derived in [12].

Thus, M-interleaved ADCs operating Ai/M, under ideal conditions, generates output identical
to an individual ADC operating ats. Unfortunately, due to device mismatch, each lane-ADC& hav
slightly different offset, gain, bandwidth and samplingné instances. Due to these non-idealities,
alias images in the output of each lane-ADC do not exactlgeland thus, leave behind some residual
alias images. Depending on the source of non-idealityethesidual alias images create spurs in the
overall output spectrum.

2-2 Types of Interleaving Issues

In this section various interleaving issues are discussigd mwore emphasis being laid on timing
errors. A basic MATLAB script used to simulate these errergrovided in Appendix-B.

2-2-1 Offset Mismatch

Figure.(2-3(a)) shows a typical 4-interleaved ADC withresponding input offset. This offset arises
from the input pair of a comparator used in an ADC and it is @loam but additive error. In absence
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Figure 2-2: Input and output signal spectrum of ideal 2-interleaved ADC

of input signal, each lane-ADCs will sample their own offaiich when combined with the output of
another lane-ADCs would generate a periodic error sigriak periodic error signal creates spurious
tones which are located at [3],

fspuros =k - % where, k=1,2,...,.M (2-1)

A typical spectrum of the input signal and the lane-ADC otitiguas shown in fig.(2-3(b)). The
arrows (blue) are the tones due to sampling of input offséies€ offset tones manifest themselves
as spurs in the overall output spectrum of ADC as shown in2fig(€)). The time domain error
signal due to different input offset of the lane-ADCs can &éersin fig.(2-3(d)). The magnitude of the
offset spurs depends upon the amplitude and shape of thaljpeerror signal. However, these spurs
are independent of input signal frequency and amplitudeusTthey can be removed by employing
techniques like digital filtering [13], chopping [14], orev calibration [11].

2-2-2 Gain Mismatch

As shown in fig.(2-4(a)), assume that all 4-lane ADCs haviedift gains 4, to A4). All the other
characteristics are perfectly identical and ideal (e.go zeput offset). Gain error is defined as the
maximum difference between the gain of any two lane ADCs. fiffary sources of gain error is
the difference in reference voltages or the differencebésampling circuit (e.g. charge injection or
clock feedthrough) between various lane ADCs. Figure(f)4shows that the gain error manifests
itself by modulating the amplitude of the output spectrurhug, when the output of all the lane ADCs
is combined, the alias in the output spectrum do not nedgssancel each other. The magnitude of
these spurs due to residual alias, depends on the magnitgdencerror and input amplitude.

Similar to offset mismatch, gain error also creates a pearisgnal with frequencyfs/M. For
a sinusoidal input, this periodic signal creates spurs xingiwith the input signal. These spurs,
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fspur.cE, are located at [3],

fs

i where, k=1,2,...,M (2-2)

fspurGE = £ fIN + k-
The location of these spurs can be verified from fig.(2-4(&ydte that with a change in the input
frequency, only the location ofs i, changes and not its magnitude.

The magnitude of the gain error spurs is modulated by thetisjgmal amplitude. Thus, the
largest error in the output would occur when the input amagétis the largest. As shown in fig.(2-4(d)),
for a sinusoidal input, the maximum error in the output os@irthe peak of input amplitude and it is
minimum when input crosses zero. Thus, like amplitude meatthr, the spurs due to gain error are
also multiplicative in time domain.

Unlike, the offset mismatch correction, the correction aigmismatch is slightly involved. The
gain mismatch can be easily calibrated by employing a forag calibration which is not always
possible. Hence, at present background calibration of geématch is also a quite active research
area. Research of [15], [16] and [17] are some of the poputakswthat can be used to combat the
gain mismatch related errors.

2-2-3 Timing Mismatch

Ideally the phase difference between the adjacent lan&slachich are separated by one sampling
period Ts, should be equal t@r/M. In practical implementation, the phase or timing erroes ar
unavoidable due to the finite propagation of the clock sigaatl variations in the clock buffers and
sampling switches. For high input signal frequencies evemall timing mismatch can create signifi-
cant error. The input signal effectively is phase moduldgd periodic timing error signal which has
a frequency offs /M.

To highlight the impact of sampling time error, consider deal 2x interleaved ADC as shown
in fig.(2-1). As shown in fig.(2-5)#; andt, are ideal sampling instances 4D and ADC'; which
are separated exactly by one sampling periBg) Under ideal conditions. However, in the presence
of a sampling time errorAt, the sampling instances will shift from their ideal posiso As shown
in fig.(2-5) the sampling instance dfDC, has shifted front, to t5 + At. This shift in the sampling
instance will create an error voltagevr which can be expressed as,

d:L’[N
dt

Thus, taking this error voltage into account the output af &DCs at the sampling instancesand
to + At can be written as,

AUTE =

At (2-3)

yi(t1) = win(t1) (2-4)
d;L"[N(tg)

yg(tg—i—At) = aZ[N(tg) + Avrg :xjN(t2)+ pr

- At (2-5)
It can be observed that(¢2) contains the input signal; (¢2) which is corrupted by its derivative.
The operation of derivative in time-domain corresponds phase-shift ob0° in the frequency do-

main. Thus, the timing error tone will H80° out of phase with the input signal. Thus, when the
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>

Figure 2-5: Error in sampling input signal due to timing error

outputs of all the lanes are added together, the aliases dganot cancel each other. This creates
spurs due to timing mismatch which are located at [3],

fSPUR7TE =+fiNn+k- f—]\j where, k=1,2,....M (2-6)

The location offspyrrE IS Same as the location of the spurs that stem from the gaimatihes.
Unlike the spurs due to gain mismatch, the magnitudésef; z 7= will not only depend upon input
amplitude but also on the input frequency. This additionfdrimation might be exploited to separate
gain error and timing error from each other. For DC input algntiming error is zero and spurs in
the output spectrum are only due to gain error. Once the geon is calibrated or removed then, for
high input frequencies, the spurs left in the output spectawe due to timing mismatch or bandwidth
mismatch.

2-2-3-1 Impact of Timing Error

Assume a noise-free time-interleaved ADC. The output specof such an ideal ADC will still have
spurs due to interleaving issues (e.g. offset, gain, tinaing bandwidth). Further, assume that these
spurs are only due to timing error and not due to offset, gaibamdwidth mismatch. In such a
scenario, the magnitude of these spurs will limit the maximachievable SNR of a time-interleaved
ADC. In order to get an estimate of this limit, assume a unifgrdistributed input signal with the
spectrum as shown in fig.(2-6). A uniformly distributed sigolosely resembles a broadband signal
which is the expected input signal for a wideband ADC in mehbipplications.

On the other hand, the spectrum of the timing error sig{2alf At), is parabolic and increases
infinitely with frequency. This spectrum when multipliedtivinput signal spectrum creates the total
timing error spectrum, as shown in fig.(2-6), that corrupts dutput spectrum of a time-interleaved
ADC. Hence, it degrades the maximum SNR that can be achiéwedstimate the impact of timing
error on the SNR, the input signal power and noise power nieebls computed. The signal power,
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Pg, can be calculated by integrating the input spectrum shawfig.(2-6)), from— f;y to frn as,

+fIn
Ps — 2/ Adf 2-7)
—fin

= 4-fIN.A

Similarly, noise power can be calculated as,

+fin 9
po= [ enr P (hds (2-8)
—fin
f3
= 812.At?. A[%]
Solving the eqn.(2-7) and eqgn.(2-8) yields signal-to-aoutio (SNR) as,
Py 3

SNR = (2-9)

P, 2m2A£2f,
This expression is an upper bound on the achievable SNR forea ¢iming error and given input

signal frequency. A more elaborated discussion on plditgilnf eqn.(2-9) can be found in [12].

Fig.(2-7) shows that for 12-bit required resolution, thritig error for a uniformly distributed input
signal, has to be less than 80fs for an input frequency of 389Mnd less than 20fs for an input
frequency of 2GHz. Recall that, as argued in Chapter-1 tiyetapecification on the timing error is
5fs RMS.

2-2-3-2 Sources of Timing Mismatch

The timing mismatch arises due to factors like finite skewlo€k distribution network, systematic
layout mismatches, delay variation of clock buffers, migrhan the sampling switches, etc. However,
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Figure 2-7: Bound on timing error for varying SNR and input frequencies

exact sources of timing mismatch, to certain extent, demanthe specific implementation of the
sampling circuit. In this sub-section, the sources of tgnémror for a fully differential passive track-
hold circuit, shown in fig.(2-8), are discussed. The desigtaits of this circuit will be discussed in
Chapter-5.

Fig.(2-8) shows two track-and-hold interleaved togethiralso shows the clock distribution
network and clock buffers. During the track phage,(..x1 is high) the top-plate switched{r,, and
Mp;_) are closed and the voltage on the sampling capaditg) {ollows the input signal. During
the hold phase the bottom-plate switch@g;) opens and the top-plate of sampling capacitor is
grounded. The differential outputy, — Vo) of the track-and-hold is thus, defined during the hold
phase.

One of the timing error sources is a mismatch in the inputitigion network which introduces
systematic timing skew. Further, the mismatch in clock gatien and distribution network also cre-
ates timing errors. These mismatches stem from differéve: dtrength of clock buffers due to process
variations, layout mismatches in clock buffers, HOLD pér{@4; andT45 in fig.(2-8)) mismatch,
and timing skew due to mismatches in the clock distributietwork (routing oféryqck1, PTrack2,
dHog1 and dpag2). FoOr a larger interleaving factor, both clock distributiand input distribution
become more complex and hence prone to larger mismatches.

In addition, mismatch in the passive sampling circuit algoses a timing error. These includes,
mismatch in threshold voltage of bottom-plate samplingdvwés /3, and M g,), variation in ON-
resistance of top-plate switche®/( , M;_,M>, andM-_), and mismatch in sampling capacitog
due to process variation. Also, mismatch in bootstrap ticepresented by’'zs and two switches
in fig.(2-8)) will also introduce significant timing error.
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Figure 2-8: Typical track-and-hold circuit for 2x interleaved ADC

2-2-4 Bandwidth Mismatch

The last nonideality that hampers performance of timediedé®ed ADCs is the mismatch in band-
width of the sampling front end. The magnitude and phaseoresspof sampling circuit changes with
input frequency due to its finite bandwidth. The mismatchandwidth of different lane ADCs, thus,
creates gain and timing error which changes with input feegy. To assess the effect of spread in
bandwidth ¢(ABW/BW)) on the magnitude of gain and timing error, the samplingthemd can
be modeled as a simple first order RC filter. Detailed deovesind analysis of timing and gain errors
using this model can be found in [3].

Fig.(2-9) shows degradation in SNR with increasing bantiwidismatcho(ABW/BW), for
different ratios of input frequency to bandwidth. To acleie&NR corresponding to 12 bits with the
sampling front-end bandwidth at least 10x greater than theimum input frequency, the maximum
allowablec(ABW/BW) is about0.3%. However, ifo(ABW/BW) is 0.3% but the bandwidth is
just 2x larger than the maximum input frequency then, the $ld§ades down to 9 bits. Thus, to
avoid considerable gain and timing errors the bandwidttanf@ding front-end should be chosen large
enough (about 10x). Alternately, bandwidth mismatch can bk calibrated [18].

2-3 Timing Error Detection and Calibration

As discussed in the previous section, to avoid spurs duertimgi mismatch, in high speed time-

interleaved ADCs, the sampling edges of the individual lsar@pling clocks should be set precisely
(e.g. with maximum error of 20fs for 12 bits). Due to varioumsihg error sources like finite propaga-

tion delay of clock signal distribution, systematic layousmatches, delay variation of clock buffers,
and threshold voltage variation of the sampling switchigs,impossible to achieve this level of accu-
racy only with careful layout. Hence, some form of calibwatior correction is required to solve the
errors due to sampling time.
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Figure 2-9: Impact of bandwidth mismatch on SNR for a 2x-interleaved ABLC

2-3-1 Use of common sample-and-hold.

One straightforward way to mitigate timing errors is to usample-hold front end common to all the
interleaved lanes [8] and [19]. However, the common sarggdhont-end should work at the sampling
rate fg instead offs/M in case of per-lane sampler. The elevated sampling speleer ateates
harmonic distortion due to limited settling of the input gdem or incurs enormous power penalty as
input sampler should operate M-times faster. Further, thisenof input sampler limits the overall
resolution achievable by the ADC. Hence, using a commontispmpler would be suitable only
for moderate sampling speeds and moderate resolution ADGsidition, a common input sampler
cannot solve bandwidth mismatch unless it is explicithilmated or each lane-ADC is ensured to
have much wider bandwidth than input signal. Alternatdlyould be desirable to part away with a
common input sampler and instead have a way to calibratediriror with lower area and power
overhead.

2-3-2 Foreground vs background calibration.

Invariably, all timing-error calibration techniques hawveo critical components: 1) timing error de-
tection and 2) timing error correction. The detection andestgion of timing errors can occur in the
foreground or in the background as shown in fig.(2-10). Taibyc during foreground calibration a
test signal like a ramp or sinusoid is applied and timing reisaletected in the digital domain (e.qg.
by using FFT) [20], [21] and [22]. Timing error correctionrche done either in digital domain (e.g.
fractional delay filter) or in analog domain (e.g adjustimgnpling clock edges). Such foreground
calibration is preferred when the circuit parameters liktkage and temperature or ambient operat-
ing conditions do not change dramatically. Foregroundbcation is also attractive in applications
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Figure 2-10: ADC under (a) foreground calibration (b) background calitom

like oscilloscopes, where occasionally ADC can be takenneffior calibration. However, for tar-
get application (wideband capture ADC for mobile applimas discussed in Chapter-1), the ADC
cannot be taken offline. Also, the circuit parameters andiamloperating conditions change signif-
icantly. In such scenarios, foreground calibration is eaisible and background calibration is the de
facto choice. As shown in fig.(2-10)(b) during backgroundbeation, timing error is detected and
corrected while the ADC is still continuously operating.

2-3-3 Digital detection and digital correction of timing er rors.

Irrespective of the type of calibration, timing error détes and correction techniques can be broadly
classified to be either based on digital logic or analog dincuFigure.(2-11(a)) shows detection and
correction of timing error in the digital domain. The lane BDutputs,y; (¢) andyy(t), are passed
through an adaptive fractional delay filter whose coeffisere tuned to correct for the timing error.
Thus, when the two outputs are added together there is nogierror component in the final output.
Based on the detected timing error, the filter coefficient lmartuned using various algorithms. For
instance, researchers in [23] and [24] detect timing erbgrehopping the output signal and using
a 10-bit 21-tap FIR approximation to Hilbert transform filtdo correct the timing error in a 10-bit
ADC, they employ a 29-tap FIR filter with 10-bit coefficientst realize an adaptive fractional delay
filter. This particular approach has a drawback that if Ngttoperation is desired then the input signal
should be strictly band-limited tdis /2. This condition may not be true for wideband capture ADCs
where the spectral content beyofigd/2 may very well have finite energy. Further, the implementatio
of fig.(2-11(a)) would require the digital logic to observelacorrect timing error on per sample basis.
Thus, for M-interleaved ADCs, M digital blocks would operatt fs /M rate. Although this approach
might still be tractable for low sampling rates, it would imesery large power penalty for multi-GHz
sampling rates. Finally, due to the complex adaptive foact delay filters, this approach also has
increased area and latency penalty.
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Figure 2-11: Two different schemes for detection and correction of toranrors.

2-3-4 Digital detection and analog correction of timing err ors.

Alternately, as shown in fig.(2-11(b)), a second approachlgvbe to detect the timing error in the
digital domain and adjust analog circuit to correct for thming error [20], [21]. As the timing
error is compensated and thus physically removed, thisnigah can be very power efficient. The
feedback loop does not operate on every sample, ratherditigiigt converges to remove timing error.
Thus, once the feedback loop converges, it can enter intas pdover mode. Analog tuning can be
performed by adding a controlled phase shift (all-passiltethe input signal path or by controlling
the sampling clock edges in the clock path. The latter teghnis widely used as adding any analog
circuit in the input path would hamper linearity and noisef@enance of the ADC. The sampling
clock edges can be tuned by inserting a variable capactiizé in the clock path or by tuning the
drive strength of the clock buffers.

Thus, background calibration of timing error with digitatdction and analog correction is best
suited for wideband capture ADC for mobile applications.tda@on of timing error is challenging
especially when the ADC is continuously operating. Onetgmius to add some form of pilot tone,
like a known pseudo random signal or a ramp signal, along thhinput. The timing error can than
be detected by separating the pilot tone from the input Sigyw@ost-processing in background (e.g.
low pass filtering [25], [26], and [27]). Unfortunately, ewably all post-processing techniques that
can separate input signal and pilot tone rely heavily on thtistics of either input signal or pilot
tone or both. For instance, in order to separate the pilat {@Qg. a ramp signal) from the input
signal, the input signal is required to have zero mean. Saohtints on input signal are not always
feasible, however it might be possible to impose such caimétr on the pilot tone. Still, in order to
accommodate the amplitude of pilot tone the dynamic rangepaft signal has to restricted. Even if
these limitations were to be overcome, the accuracy of tietetiming errors is limited by the poor
efficacy of post-processing block to separate pilot tonefrgput signal.
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Alternately, timing error can be detected by using an aoidéti reference lane as shown in
fig.(2-12). In [28] a similar approach is used where the bemlgd calibration algorithm tries to
maximize the correlation between the lane ADC and a 1-bdregice lane ADC. Thus, the timing
error is removed by aligning the sampling time instance lafhal lane ADCs to that of the same ref-
erence lane ADC. In addition, compared with using pilot tadhe timing error detection can be more
precise while using a reference lane. This is because whaotagme is used the timing error detec-
tion accuracy depends on how accurately input signal amd fgihe can be separated, which further
depends on the amount of averaging being employed. Whewbés,using a reference lane, timing
error is detected from same input sample directly. Hencerder to meet the specification outlined
in Chapter-1, the optimum choice of the timing error catilora loop would be to use background
calibration with digital timing detection using refererle@es and analog correction.

Detjéct y(t)

A

REF
Lane

Figure 2-12: Background timing error detection using reference lane ADC

2-4  Summary

In this chapter, the basic operation of time-interleavedCAlis described. Several non-ideal effects
that degrade the performance of such ADC are discussed. \idowas the focus of this thesis is to
calibrate timing errors in time-interleaved ADCs, they digcussed in greater detail. Formulation
of the timing errors, its effect on SNR and its various sosraee covered in this chapter. For a
12 bit SNR, the timing error has to be less than 20fs which cabe achieved merely by careful
layout. Hence, various calibration techniques are studiedking at the feasibility of calibration and
desired precision, it can be concluded that backgroundregion with timing error detection based
on reference lane and correction based on tuning samplowk @dge, is best suited for wideband
capture ADCs for mobile applications.
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Chapter 3

Timing Error Calibration Loop

MPLING time errors should be accurately detected to enable preoisection. As argued in

Chapter-2, the timing error information can be separateah fthe input signal by using reference
lanes. As a result, the timing errors can be detected with &oguracy. Based on the detected timing
error, the sampling instances of all time-interleaved AR@es can be aligned to that of a common
reference lane ADC. To fulfill this condition a backgroundilwation algorithm in digital domain
can be implemented. Similar attempt is reported in [11]. Ewsv, as shown in Chapter-2, for the
target application of wideband capture ADC, the timing esrghould be corrected with accuracy of
5fs RMS which is not possible if the calibration reportedlid][is used as it is. In this chapter, various
limitations of the background timing error calibration poof [11] is studied. Appropriate solutions
are employed to overcome some of these limitations andzee#ttie timing correction accuracy of
5fs. The core of the calibration loop is the use of two addaioreference lanes for computing the
timing errors. One reference lane quantizes the input kighereas, the other quantizes the derivative
of the input signal. The timing errors are compensated bjogriine-tuning of the sampling clock
edges. The factors that govern the stability and convergehthe calibration loop are explored using
a MATLAB model. Also, the input offset of the reference lammesany of the main lanes can hamper
the loop convergence. A high-pass filter (HPF) is embeddelderoop to circumvent this problem.
Finally, the finite quantization of reference lane can poédlg limit the correction accuracy of the
loop. This problem is solved by adding dither to the inputhef teference lanes. The effectiveness
of this solution is studied in this chapter and pertinentudation results are presented in the sections
below.

3-1 Principle of Operation

Assume a simple timing error detection system as shown i{8fi), where an ideal main lane-ADC

and an ideal reference lane-ADC sample the inpu;(¢), at the same moment. However, due to
various sources of timing error (discussed in Chapter-@)smpling instance of main lane-ADC is
shifted byAt. The goal of the timing calibration loop is to precisely detinis shift and compensate

for it. The output of main lane ADG;(¢), and the output of reference lane ADg(t), can be written
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Figure 3-1: Error signal computation using a reference lane for timimgreestimation.
as,
y(t) = xn(ti+ At) = zin(t1) + Avrg (3-1)

yr(t) = wzin(th)

where,Avrg is given by eqn.(2-3) in Chapter-2. The error signal, defiagthe difference between
the main lane and the reference ADC outputs, can be obtaioeddgn.(3-2) as,

drin (t)

e = y1—yr=Avprp = ( T ) - At (3-2)
— D-At where,D = dmeZ(” (3-3)

Calibration loop can correcht if its value is known. However, as shown by egn.(3-3), thererr
signal, e, not only depends or\¢ but also on the derivative of the input signal. Hence, aloiity w
the error signal, it is critical to estimate the derivatiielte input signal. One brute force approach
would be to compute derivative in the digital domain and asdong with egn.(3-3) to estimate and
correctAt in one shot. Unfortunately, such digital computation sbdaé very precise which requires
considerable amount of hardware at operates at full samplpeed. This will incur heavy area and
power penalty. For example, as argued in [29], to keep tha @rrderivative estimation below half
LSB, a 10-bit ADC operating at 3GHz would at least need 20RHEp filter with floating-precision
coefficients. Alternatively, the precision requirementlo@ computation of the input signal derivative
can be relaxed if a feedback loop is employed which tunes soraleg knob (e.g. the sampling clock
edges) to minimize\t. In this case the precision of the input signal derivativeusth be just good
enough to ensure that the loop converges. As shown in fig,(&-@erivative of the input signal can
be easily estimated by using an additional reference laresevinput is delayed by a fixed fraction
tp. The value of the delay elemen is not required to be known accurately as long as it stays
constant with input amplitude and frequency. However, tepkde timing error detection accuracy
intact for the input frequencies close to Nyquist frequerisg maximum input frequency should be
much smaller than/tp. The delay element,,, can be implemented either in the input signal path or
in the clock path. In the input signal path, it can be impletadrby inserting a small series resistor.
As the track bandwidth is the product of sampling capacitat @N resistance of sampling switch,
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Figure 3-2: Estimation of input signal derivative by using additionafarence lane with delayed
input.

adding a series resistor will effectively change the treakdwidth thereby implementing the required
delaytp. Unfortunately, as this series resistor is in the inputaigath, it would inevitably contribute
to the noise and distortion performance of the ADC. On themtiand, insertingp in the clock path
would simply mean delaying the sampling clock edges whichbsadone by adding a capacitive-D/A
converter at the output of the clock buffer.

However, sometimes having an additional reference lanegtimating a derivative can pose
considerable overhead (e.g. when small interleaving faaoe used). Hence, it would be conve-
nient if the derivative can be obtained by using succeeditgrleaved lanes whose clock edge is one
sampling period delayed. For example, as shown in fig.(3k2) derivative of the input signal can
be obtained by using the output dfDC', instead of using a dedicated REF-2 lane. Both of these
approach would yield exactly the same result if the delaynel&tp is chosen to be one sampling
sampling period’s. The difference is that the method of using one of the indedd lanes would have
low estimation error when the input frequencies are mucbvibog¢he Nyquist frequency. For higher
input frequency the estimate of the derivative gets muctseidn fact, if the calibration loop uses this
method for derivative estimation then it can work only fopumh frequencies smaller than the Nyquist
frequency [29]. Whereas, when the derivative is estimasitguan additional REF-2 lane, the criteria
to be ensured is that the maximum input frequency is muchlsntabnl/tp. Thus, the method of
using additional REF-2 lane is more robust and accurate.céjahis preferred for detecting timing
errors in this thesis.
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Figure 3-3: Block diagram of timing calibration loop using two refererlane-ADCs.

3-2 Description of Calibration Loop

Fig.(3-3) shows the block diagram of timing calibrationpo@hich uses an additional reference lane
to estimate the derivative of the input signal. The timingers corrected by a feedback signat;.

As this feedback signal is in the analog domain, the accuregyirement on computing derivative is
greatly relaxed. The simplest method to fid; such that it corrects the timing error is by employing
an iterative algorithm. Most popular iterative algoritheithe LMS algorithm. By applying LMS
equation to egn.(3-3) the new value &f; can be know [29]. Thus, the value oft(; ) is updated
based on the following LMS relationship,

de?

Aty = At — th

= At; — 2ueD (3-4)
where, u; is the LMS coefficient for the timing calibration loop. As st by eqgn.(3-4), to detect
the timing error a product of the error signahnd the derivative of the input signél needs to be
computed. This computation is crucial as it removes the miggrecy of the error signal from the
sign of the input signal. As shown by eqgn.(3-3), the erronaigot only depends oAt but also on
D. Depending on the slope of the input signal, the sigiDofan be either positive or negative. If
the feedback loop operates only by observing the error kigti@en its direction can change if the
slope of input signal flips. Thus, it will be highly unstabléthe feedback loop operates on the LMS
equation given by eqn.(3-4) then this problem of stabiktydasolved. Now, the integrator can control
At; through a negative feedback such that the mean of the preduetis driven towards zero. For
a timing mismatch ofAt, if the mean ofe - D is negative then the loop would increade; towards
At. Whereas, if the mean ef- D is positive then the loop will reducAt; towardsAt¢. When the
loop converges, the mean®fD is zero. Thus, the loop is completely independent of theestidithe
input signal. Depending on the value jof the negative feedback can be made unconditionally stable
which is necessary for the calibration loop to converge.

Fig.(3-4), shows a linearized model of the calibration lodmne value ofu; controls the am-
plitude of the signal at the input of integrator. Thus, it ¢enthe loop gain and thereby, enhances
the stability of the timing calibration loop. lf; is sufficiently low then the stability of the loop is
increased. However, the update rate, as seen from eqn.i8réfluced considerably which increases
the convergence speed of the calibration loop.
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Figure 3-4: Linearized model for timing error calibration loop

The calibration loop functions completely in backgroundickhis a primary requisite as the
main lane ADCs cannot be taken offline for calibration. Hogrethe reference lanes ADCs lend
themselves for foreground calibration which makes thebcatiion of offset, gain, timing error and
bandwidth mismatch between the two reference lanes, mwsibrea

3-3 Convergence of the Calibration Loop

A non-converging calibration loop would rather exacerlibgetiming error problem rather than solv-
ing it. Hence, some understanding of the strength and weakseof the algorithm needs to be ana-
lyzed. Particularly, when the derivative of the input sigisegrossly approximated by quantizing its
time shifted version using an additional reference lanstelad of using rigorous analysis, the con-
vergence of timing calibration loop is studied using sinioles based on a MATLAB model of the
loop shown in fig.(3-3). The feedback signat; is corrected in steps @ifs with dynamic range of
3ps. The value of LMS coefficient; was derived through trial-and-error method using MATLAB
simulations. During the simulatiop; of 1/(2e7) was used. In this section, the convergence of the
loop is studied in the presence of different input signaistias, input offset, and gain mismatch.

3-3-1 Input Signal Statistics

As shown by eqn.(3-3), the error signal depends on Batland the input signal derivativ®. The
LMS feedback loop iteratively tries to extraftt by using estimate dD from an additional reference
lane. Under ideal conditions the LMS algorithm will convergxactly toA¢ and will suppress any
input signal traces present dueRoHowever, in practice the reference lanes have finite qeaitiin.
Also, the value oD is approximated by quantizing the time-shifted versionhef input signal. Due
to this approximation eqn.(3-4) will have residual tracéshe input signal which might deteriorate
timing error detection.

To investigate this effect, a simple method is to check tl lconvergence in presence of input
signals with different statistics like fixed tone or unifdyndistributed. Fig.(3-5) shows the input
spectrum till fs for two-tones located &2.27GHz and2.47GHz. Assuming a typical timing error,
At of 1.497ps, it is evident that before calibration the spurs due taninerror are onlyl5dB below
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Figure 3-5: Full (0 to fs) signal spectra for input, output without calibration andput with calibra-
tion .

the two-main tones. However, after calibration these sptespushed ta03dB level. Fig.(3-6)(a)
depicts the behavior of the calibration loop. The feedbagkad At; converges to the actual timing
error, At = 1.497ps within a step-size ot5fs whereas the error signdl¢zrr converges to zero
with +5fs error. The inset picture confirms that the convergencar ésrwithin 5fs. Next, instead
of fixed two tones as input signal, a uniformly distributeddam signal is used. Fig.(3-6)(b) shows
that the calibration loop is able to detect timing error ewethe presence of random input signal and
converge to correct timing-errot .497ps +5fs) value.

3-3-2 Gain mismatch and offset of the two reference lanes

If the two reference lanes have different gains they amptiyt signal differently which again man-
ifest as residual input signal in- D. The calibration loop cannot distinguish between timinger
signal and the residual input signal. Eventually, the loap even fail to converge if the timing error
signal is completely defiled by the residual input signal.sAewn in fig.(3-7), for a gain mismatch of
—20dB (10%) the calibration loop will no longer have negative feedbaokl will diverge. Hence, it
is important to remove the gain mismatch of the two referdaces. A simple foreground calibration
of the two reference lanes would be sufficient. As these lanesiot always used, they can be easily
taken offline for foreground calibration of gain mismatcto d8chieve 5fs timing accuracy the gain
mismatch between the two reference lanes should bettetitH (0.01%). Hence, foreground cal-

ibration of the two reference lanes is mandatory before tdagybe employed for detection of timing
errors.

Similar to gain mismatch, even the input offset can be deté¢rio loop convergence. For sake of
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simplicity, assume that the input offset of REF-1 lane is sled. Fig.(3-8)(a) depicts that even small
offset values, in the order of 5mV are sufficient to createehergor, like 9ps, in loop convergence.
Whereas, the maximum tolerable input offset to achieventn@rrors of 5fs is in the order of 2nV.
Further, if the offset is larger, say a 100mV, then the loofy met converge altogether. The heart
of this problem is that the input offset of the reference lappears unscathed in the signaland
D. Thus, it changes the mean of D creating a constant offset at the input of the integratousTh
though the negative feedback is intact, the loop cannotexgevas it fails to compensate for this
constant offset. Note that even the input offset of the manelADCs will have a similar effect.
To mitigate this problem, the propagation of the offset ap#t needs to be blocked befare D is
computed. Inserting a simple high-pass filter (HPF) in theplaas shown in fig.(3-9)(a), will block
the offset ine andD. Now the mean value af- D will be only due to the timing error which the loop
will drive towards zero. Fig.(3-9)(b) shows that the loopeerges after inserting a high-pass filter,
even if the input offset of REF-1 lane is as high as 100mV.
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Figure 3-8: Effect of REF-1 lane ADC's input offset on the loop convergen

3-3-3 Limit on Speed of Convergence

The timing errors also change with temperature and suppbag® droops. The calibration loop
should be fast enough to track the changes in timing errorth®@rother hand, the accuracy of the
timing error detection can be improved by averaging theresignal across many sample. However,
this slows down the loop and can potentially make it incapaliltracking changes in timing error.
Thus, there is a limit on maximum number of samples availabthe disposal of the calibration loop.

In order to get an estimate of this number the rate of changenmperature and supply voltage
droop needs to be known. As shown in [30], the low frequen@pluvoltage droop, has maximum
frequency content of 100KHz. Thus, if the interleaved AD@I@es at a sampling rate 6 S/s
then maximum samples within which the calibration loop $tiaonverge is around 50K. If the
calibration loop takes more than 50K samples than it camaokthe changes in timing error brought
by the change in supply voltage. Similarly, as shown in [&lflypical temperature sensor takes about
10KS/s to accurately track the changes in temperature. elfctiibration loop is also required to
track temperature at this rate then the calibration loophave around 500K samples within which it
should converge. Note that the number of samples are jusidicator.
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Figure 3-9: Effect of adding high-pass filter on the convergence of thigiedion loop.

3-4 Stability of Calibration Loop

The error signale, and the input derivative depends heavily on the amplitudkefeequency of the
input signal. Any change in the input signal amplitude amdjéirency will change - D and thus the
loop gain. As the stability of the calibration loop dependdaop gain, it drifts considerably with the
change in amplitude and frequency of input signal. Thesarpaters can impact the stability of the
calibration loop. For instance, fig.(3-10)(a) shows the@fbf varying amplitude aof:; ;- on the loop
stability. If the amplitude ofc;y is very small it acts to over-damp the loop stability wheriédke
amplitude ofz;y is too large it acts to under-damp the loop stability. Fotaieramplitude ofr
(e.g. > 3.0V in fig.(3-10)(b)) the calibration loop can even oscillate. addition, value ofu; also
affects the stability of the loop. As shown in fig.(3-10)(citwvarying ; the response of the loop
can be under-damped, critically damped or over-damped vem input signal amplitude ; and
input frequencyf;y. Even certain values qgi; can result in oscillations as shown in fig.(3-10)(d).
Hence, to ensure that the loop is stable across a desired adinigput amplitude and frequency, the
value ofy, should be appropriately chosen. In this thesis, MATLAB detions are used to conclude
that, = 1/(2e7) would ensure that the loop is stable for maximum input amgétof1.4Vpp and
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Figure 3-10: Convergence of calibration loop for different valuesegl;, fry andpus.

frequency of2.5GHz.

3-5 Impact of Finite Quantization of the two Reference Lanes

Lastly, the number of quantization levels in the two refeesfane also hampers the convergence of
the loop. Assuming a two tone input and finite quantizatibe, dutput of the two reference lanes in
fig.(3-3) will have quantization error which is strongly oelated with the input. As the correlated
quantization error propagates into error sigaand derivative signaD, while computinge - D, it
creates a DC offset voltage at the input of the integratois ®fiset artificially shifts the mean value
of e - D which otherwise should have been steered by the loop. TaiE rror forces the loop to
converge to a wrong steady state value. Note that this static is independent of actual timing error,
At and it does not change evenAtf is changed.

To illustrate this effect, assume a two-tone input signasta@wn in fig.(3-11(a) and the two
reference lanes modeled with 7 bits quantization levels.(&i11(b) shows that the timing calibration
loop converges to a point which is shifted by 0.4ps from iemldzalue. As a result, actual timing error
(At = 1.497ps in fig.(3-11(b)) is not completely canceled and spuriongs$ are created in the output
spectrum, which are just 58dB below the two input tones @id1(a)). Thus, finite quantization in
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Figure 3-11: Effect of finite quantization of the two reference lanes amltiop convergence.

the reference lanes has a catastrophic effect on the lipeduthe time-interleaved ADC.

A straightforward solution would be to reduce the amplitabiihe static error (0.4ps in fig.(3-11(b))
by increasing the number of quantization levels in the eafee lanes. As evident from fig.(3-11(c)-
(d), this solution is indeed quite effective. Fig.(3-11¢bpws that by increasing the quantization levels
from 7 bits to 10 bits the spurs due to timing error are 79dBWwehe two input tones. The static
error is also reduced to 30fs (fig.(3-11(d)) framps.

However, even 30fs of static error is not sufficient as thgaaspecification on timing error
(discussed in Chapter-1) is around 5fs RMS. Further inergaguantization levels to 14 bits would
suffice but not without significant increase in design comipfe Alternatively, it is apparent that the
static error depends upon the quantization level becagsquantization error is strongly correlated
to the input. The static error can be also reduced if thisetation is broken by some mechanism.
In other words, the quantization error is uncorrelated @ittput signal. A popular technique that
exists in literature to realize this goal is to add randonsaair dither along with the input signal.
Fig.(3-12)(a) shows a case of adding 4 bits dither while #ference lanes have 7 bits quantization.
Compared with fig.(3-11)(b) where the static error Walps, after adding dither it has now improved
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Figure 3-12: Reducing static error by adding uncorrelated dither to tpii of the two reference
lanes.

to £0.1ps. Further, as evident from Fig.(3-12)(a), the final stestefe value of the loop is not smooth
and constant but quite noisy. To resolve this issue, befor® is computed botke and D should

be averaged across an increased number of samples. Thaughettaging would increase the loop
convergence time, it will still improve the static error &g ffinal steady value will be less noisy. As
argued in previous section, the number of available sangsketimited. As a result, adding dither is
not very effective as the amount of averaging that can be issiedited. A better alternative would
be to use both approaches simultaneously, namely; inctieasesolution of the reference lane ADCs
and adding dither. As shown in Fig.(3-12)(b), the quanitratevel is increased to 10 bits while 4
bits of dither is simultaneously added to the input of rafieeslanes. Now, the static error is less than
5fs and the loop converges to actual timing error withibfs.

3-6 Summary

Basic operating principle of the timing error calibratiavop is discussed in this chapter. Various
factors that affect the convergence and stability of the late explored. It can be concluded that
though the timing detection is independent of the inputaigatistics, the convergence speed of the
calibration loop still depends on it. Further, the gain masth between the reference lanes do affect
convergence. But the reference lanes can be taken offliferieground calibration. Similarly, input
offset of reference lanes also poses threat to the loop ogewee. To mitigate this problem a simple
solution of inserting a high-pass filter in the loop is demmated with pertinent simulation results. It
was also shown that the choice of LMS coefficignt,was important for stabilizing loop, particularly
in the presence of varying input amplitude and frequencydigal choice ofu, is critical in ensuring
right balance between the stability and convergence spetrek doop. Finally, the impact of finite
quantization of reference lanes on the steady state camweegof loop, is studied. A solution of
adding dither is shown to suppress the static error and heljobp to achieve steady state accuracy
of 5fs.
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Chapter 4

Sampling-Time Error Due to Observer
Effect of Reference lanes

HE input buffer isolates the actual input of an ADC from the agatircuits that drive the ADC.

The sampling front-end of an ADC has switching currents aadsient voltage spikes which
in the absence of input buffer would be seen by the analogndrigircuits. As these circuits are
not designed to handle these transient switching voltagescarrents, it mandates the use of an
input buffer. However, the design of an input buffer is nati#d as several considerations should
be taken into account. Negligible noise contribution amd diistortion at Nyquist frequency are two
key considerations. While a desired noise level maybe aediéy burning more power, achieving
low distortion is challenging as the output impedance oflthtfer needs to be low enough to drive
the input impedance of an ADC. This problem is exacerbatdhie-interleaved ADCs because the
output of the buffer is the preferred interleaving node. Asven in fig.(4-1)(a), in conventional ADC
the input buffer drives only one ADC whereas in fig.(4-1)(@ input buffer drives time-interleaved
ADCs along with reference ADCs. As no noise benefit is aclidwe time-interleaved ADCs, the
size of sampling capacitor for each individual ADC staysshee as that of a single ADC. Hence,
due to input parasitics of the individual ADCs, the loading tbe input buffer only increases for
time-interleaved ADCs.

As the input buffer has finite output impedance and has isegéading due to time-interleaved
ADC, the absence or presence of an additional referenceclzeneges its loading. This modulation
of input buffer loading is noticeable on the ADCs performafe.g. larger spurs due to timing error).
This Observer Effect caused due to loading from reference lanes is brought otiisrchapter along
with its possible solutions. First, a simple estimate ofithpact on timing error spurs by mere absence
or presence of reference lane is derived. A simple solué@ut dummy lanes is employed to mitigate
this problem. Next, the transient interaction between #maing instance of main-lane ADC and
reference lane ADC is understood by the means of simulatiomill be shown that this interaction
also creates timing errors. This problem can be solved bingdiklay lines in the sampling front-
end. Lastly, the impact of mismatch between reference ladeta dummies on timing error spurs is
studied. This problem is solved by scaling the size of refeedane and dummies with respect to that
of the main lane.
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Figure 4-1: Loading of input buffer by single ADC and a time-interleav&dC alongwith its refer-
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Figure 4-2: RC models for sampling front end of one out M-interleaved AD the absence and
presence of reference lane.

4-1 Observer Effect: Simple RC Model Analysis

In order to understand the impact of reference lane on thegimrror spurs, the phase of the signal
sampled by one of the M-interleaved ADCs (main-lane) shbeldetermined both in the absence and
also in the presence of a reference lane. The differencesiptise for a fixed input frequency gives
the information about the timing error caused due to obsesffect of the reference lane. In order to
perform this exercise a simpleC' model as shown in fig.(4-2)(a)-(b), is used wh&eis the output
impedance of the input buffeR; is the ON-resistance of the sampling switch &h\ds the sampling
capacitor of one of the M-interleaved ADCs whereBgxr andCrgr represent the ON-resistance
of the sampling switch and sampling capacitor of referenoe | respectively. The respective outputs
of the two models can be written as,
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Vin
Vie = 4-1
o = TG0 1 R0y 1)
Vin
Vip = . 5 (4-2)
[L+ (s(Ry + Rs)Cy)] + [RsCazr MmOl

In order to keep analysis simple, assume tRaf’; = RrrrCrer. This assumption is plausible
as it ensures that evenify # Rrpr andCy # Crgr the track-bandwidth of main-lane ADC and
reference lane is equal. If the bandwidth is not equal theadtitional timing error would stem
from bandwidth mismatch between main-lane ADC and referdace ADC. Under the assumption
of equal bandwidth, egn.(4-2) reduces to,

Vin
[1+ (s(R1+ Rs)C1)] + [sRsCRrEF]

Using eqn.(4-1) and eqn.(4-3), the phase of the signal sahg@ross’; in two cases can be written
as,

Viy = (4-3)

¢via = —tan '[w(Rs+ Ri)Ci] (4-4)
oviy = —tan '[w(Rs + R1)C1 + wRsCRrEr] (4-5)

The difference in phase is the error caused due to the obiseffeet of the reference lane. This
difference can be written as,

wRsCREF
1+ w?[(R1 + Rs)Cy1 + RsCrer][(R1 + Rs)Ch]

Ignore as « 1

Ad = pviq — dy1p = tan™ ']

] (4-6)

The timing error due to observer effect of reference lahés() can be obtained by simplifying the
equation above and dividing it with the fixed input frequeasyshown below,

A¢p =~ wRsCRrgr = ‘ Atsr ~ Rs - CreF ‘ (4-7)

The equation above is a simple approximation of the actoahg error caused by the observer effect
of the reference lane. In most cases, this approximatiohpnilve quite reasonable and acceptable.
Note that if R, C; # RrerCrer then the eqn.(4-7) will have additional terms. However,dba-
inant term will be stil RsCrgr. The eqn.(4-7) can also be derived by applying Elmore’sydela
formula betweerV;y and Vi, in fig.(4-2)(b). (To learn more about Elmore’s delay, refef32] )

To get an estimate of the timing errit g7, assumeRg = 10€2 and for 12 bit thermal noise level
at80°C temperature, the sampling capacitdr should be at least.4pF' resulting inAtgy of 14ps.
Thus, mere absence and presence of reference lane canlargatéming errors.

Further, this scenario is indeed realistic because theititegleaved ADC typically works in two
phases, viz; calibration phase and normal operation phasmlibration phase the reference lane is
used to detect timing errors. Once timing errors are catedhe reference lane is pulled out and
the time-interleaved ADC operates in normal operation @hde avoid creating timing errors due to
observer effect of reference lane, one elementary soligitminsert a dummy sampling circuit which
resembles the sampling front-end of the reference lane.(4=8) demonstrates this concept where
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Figure 4-3: Two phases of operation for time-interleaved ADC:a) Calilan phase and b) Normal
phase of operation.
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Figure 4-4: Estimation of input signal derivative by using additionefarence lane with delayed
input.

reference lane loads the input buffer during the calibrggioase but during the normal operation phase
its loading is maintained by a dummy sampling front-end.e®dilise in the absence of reference lane
loading a timing error ofAtg; is created. Thus the observer effect of reference lane camtigated

by inserting a dummy sampling front-end.

From eqn.(4-7) it can be inferred that the observer effeaetdrence lane can be avoided by
making Rs = 0. Though it is precisely true, makings = 0 at Nyquist frequencies would require an
input buffer with very high bandwidth incurring heavy powsmmsumption penalty. Even achieving
Rs = 10Q at input frequencies af.5GHz is a non-trivial task.

4-2 Observer Effect: Sampling Instance Interactions

The observer effect of reference lanes is not limited onltheomodulation of input buffer loading.
The time-shift between the sampling instances of the maaie-bnd the reference lane can also create
timing errors. To investigate this timing errors consideirauit shown in fig.(4-4) wherek; andCy
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Figure 4-5: Simulation of interaction between main-lane and referdmce sampling.

model the sampling front-end of the main-lane ADC wheréas;r andCrpr model the sampling
front-end of the reference lane ADG; and .S, are their respective sampling edges. As shown in
fig.(4-4), the time shift between the two sampling edge# iand, for the sake of argument, it is with
respect to the main-lane sampling edgje. Thus, fordt < 0, the reference lane samples the input
signal before the main-lane and tr > 0, the main-lane samples the input before the reference lane.
Now, if dt < 0 then the loading of the input buffer would change before tlagAane can sample the
input. Though, the main-lane would notice this change idilog delayed througl®, C, it would be
sufficient to cause timing error. Similar explanation hdldisdt > 0 where the main-lane samples
before the reference lane. Now, even though the sampling ¢mor is created in the reference lane,
it will affect the main-lane ADC through the feedback loopn e other hand, no timing error is
created fordt = 0. Note that in any case the timing error caused by this intieraevill not be as
large asAtgr (eqn.(4-7)).

Fig.(4-5) shows the simulation result for timing errar;, created by botdt < 0 anddt > 0. The
required simulation setup is provided in Appendix-B. Hor< —100ps i.e. reference lane samples
100ps earlier than the main-lane, the timing error is equal\g;;. This is because the tracking time
constant of main-lane sampling circuit is ab@8ps (Rs = 1002, R; = 1082, C; = 1.4pF’) which is
much less thain00ps. Hence, the main-lane perceives no reference lane whinptes the input.
This is equivalent to the load modulation effect expresseddm.(4-7). Similarly, ifdt > 100ps then
the reference lane will not see any loading due to main-ladeagain the timing error would be equal
to Atgr;. However, as thelt approaches zero from both the sides i.e. fre00ps and also from
+100ps, the timing error drops exponential for main-lane and eiee-lane sampling, respectively.

As evident from eqgn.(4-7), the timing error depends strpigl the value of sampling capacitor
Crer for the main-lane @, for the reference lane). An immediate idea would be to stedesize of
the sampling capacitor. Assume that the siz€'gf; - is scaled then its effect on the timing error in
the main-lane and in the reference lane is as shown in fig.(#¥& timing error in main-lane reduces
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Figure 4-6: Effect of Crpr on the interaction between main-lane and reference lanplsam

as the size o€ is reduced but it increases for the input signal sampledeneference lane.

4-3 Isolating the Sampling Interactions using a Wire Delay

The timing error calibration loop adjusts the clock-edgesdampensate for the timing errors. The
interaction between sampling time instances is an additiesaurce of timing error due to loading
(observer) effect of the reference lane. Due to this intevac¢he calibration loop detects wrong value
of the timing error. Hence, it also corrects for a wrong vatfighe timing error. As a result, the
final converged steady-state value of the calibration Isagriioneous which is unacceptable. Thus, it
would be highly desirable to suppress the interaction betviiee sampling instances of the main-lane
and the reference lane.

A plausible solution would be to employ some method to isothis interaction between the
sampling instances. The isolation should be such that timplgay time interaction is at least not
present in the operation range of the calibration loop. Oag v achieve this goal is to insert delay
lines in the sampling front-end of main-lane and the refeediane. The inset picture in fig.(4-7)(a)
depicts this solution. Assuming, the delay line adds 1payi¢he resulting timing error would be as
shown in fig.(4-7)(a). The two interactions are now suffitieisolated creating a space to accommo-
date the dynamic range of the DAC. Now the question is how s@dethis delay line. As it will be in
the input signal path, it should meet strict noise and distorspecifications. The simplest approach
to this problem would be to use wire delay to implement a détey

Assuming that the delay line is modeled by a lumped RC modshasn in fig.(4-7)(b), the
delay of a wire is given by,

Ry - Cw

tg = 5

where,Ryy = (%) R and Cy =c¢, WL (4-8)
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Figure 4-7: Using wire based delay lines to isolate interaction betwaam-lane and reference lane
sampling instances.
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The equation above can be simplified into a relation betwaestlength and wire-delay,

214

I =
RO ¢y

(4-9)

The value of sheet resistancBy for metal-7 (Copper) in industrial 28nm CMOS process is
about0.53Q2/0. The unit capacitance,, is estimated by extracting it from the structure shown in
fig.(4-7)(b). Its value i9.263 f F'//um? and it is accurate withis-5%. Using these values and assum-
ing W = 10pm in egn.(4-9), to achieve wire-delay; of 1ps the length of the wire should be about
119um. Note that the width of the wire does not play a role in eq)4s it factors out in the product
of Ry andC'yy. Nevertheless, for small width fringe capacitance is demirand the model assumed
above will no longer hold valid [33]. Lastly, a quick sanitiieck on the value of length calculated
using eqn.(4-9) can be performed by estimating distanweltd by at speed of light:(= 3x108m/s).
The relative permittivity for silicon-dioxide is 3.9. Thugyht would travel with speed df.5+10®m/s.

In time delay of 1ps, a wave of light would cover a distancéif:m whereas, the value predicted by
egn.(4-9) isl19um. The discrepancy arises because the eqn.(4-9) is a siompfged approximation.
If the electrons were to travel at speed of light then manoghysical effects (e.g. skin depth)
should be considered to accurately compute the delay. TiHieMy lead to more complicated equa-
tion which would not be useful for quick hand-calculatiorishus, looking at the simulation results
and by quick sanity check, the egn.(4-9) seems correct.

4-4  Mismatch between Dummy lane and REF lane

As argued previously, the time-interleaved ADC works in piases, namely; calibration phase and
normal operation phase. In order to remove timing errorstdugbserver effect of reference lane,
fig.(4-3) gave a solution of replacing reference lane witmdwy lane during normal operation phase.
However, the dummy lane is not exactly equal to the sampliogtfend of the reference lane as it
merely tries to resembles it. In this section, the impact afatch between dummy lane and the
reference lane on timing mismatch is studied, and solutiossippress its impact are investigated.

Fig.(4-8)(a) highlights the problem of mismatch betwedrnence lane and dummy lane. Under
ideal condition, the dummy lane matches exactly to the eefe lane. Thereby, the value of ON-
resistance of sampling switch and the sampling capacitdvdth reference lane and dummy lane are
exactly equal, i.e.Rrpr = Rpyy andCrpr = Cpary. But, in the presence of mismatch the
dummy lane has slightly different values for ON-resistaotthe sampling switch and the sampling
capacitor, i.e.Rrpr = Rpyy = ARpyy andCgrpr = Cpyy + ACpyy. Unfortunately, all
CMOS process are inherently mismatch prone and the presdumtiial 28nm CMOS process is no
exception. Hence, the dummy lane will be slightly differémaim the reference lane. The critical
guestions however remains is 1) how does the mismatch intipgiog error and 2) how to minimize
it?

As evident from the eqn.(4-7), the loading of reference [ammarily affects timing error through
its sampling capacitor. The ON-resistance of the samplvitck does not play a crucial role at least
to a first order. The same argument can be extended for dummayakaits mismatch manifests into
timing error through the source impedange. Thus,+ARp;sy is not critical and can be ignored.
The important factor is the mismatch in the sampling capacit ACp,sy. Further, the timing error
would be larger for larger values d&C'pyry. As apparent from fig.(4-8)(b) a capacitor biipF
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spreads byfF whereas a capacitor which is 16x smalkdt,5fF spreads only by).75fF. Whereas, the
percentage spread is much better fatpF than for87.5fF. Hence, to minimizeACpysy a smaller
sampling capacitor should be used but as the accuracy ofjarogpacitor is better it should be used
for main-lane ADC. Thus, the sampling capacitor of the duntame affects the timing error and it
should be made smaller to minimize its impact on timing error

The argument above is intuitive but not quantitative. It \dobe useful to have an equation
which can estimate the timing error due to a given spreaddars#impling capacitor of dummy lane.
To achieve this goal, first assume a single ended circuit asrstin fig.(4-9)(a). The spread i
(cc1) would cause spread in track-bandwidth and hence the timing. The impact obc; on
the timing error can calculated from the resulting spreaghiase. Assume that the spread’inis
Normally distributed and it is expressed/s$..c1,0¢c1). Thus, the spread in the phase of a single-end
sampling circuit is also Normal and it can be expressed as,

¢sE ~ N(use, osg ) (4-10)
Mean Variance

As the focus is on computing the timing error, only the vat&nf phasey s, needs to be computed.
It can be written as,

ossp = tan”'(wi(Rs+ Ri)-oc1) (4-11)
wi(Rs+Ri)-oc1 (. tan ' (0) ~ 0) (4-12)

%

where,w is the fixed input frequency. The timing error is,

O‘ A~
Atsp = ZjE = (Rs+ R1)-oc1 (4-13)

For Rg = 1092, Ry = 10Q2 ando1 = 3fF, the timing error,Atgg is about60fs. This value can
be verified from simulation result in fig.(4-9)(b) where thpesad inAtg g is shown due to spread in
C1 over 50 Monte-Carlo runs. The simulations shais r of 60.3fs. Further, as the actual track-
and-hold used in the design is a fully-differential cir¢tiitis simple analysis should be extended to a
differential circuit (fig.(4-9)(a)) also. To derive thisgession, assume two differential input signals
as,

Vi = Vin-sin(wit + é1) (4-14)
Vo = Vin-sin(wit +180° + ¢2) (4-15)

Similar to ¢§E, $1 and¢, represent spread in phase due to spreadin
b1 = b2 = dsp
Now, the differential output voltagé/p;rr can be written as,
Vprrr = Vi—Vo (4-16)
$1 + 92 P1 — 92
2 2

= 2Vin - sin(wit + )cos( ) (4-17)
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Thecos(@) term modulates the amplitude. However, as the spread irepbasnall (in the order
of udegrees) it can be approximated to 1.(cos(0) = 1). Similar to the single ended case, the
variance in the phase can thus, be estimated as,

V20,4 oA
U(qﬁl + ¢2) B ¢SE _ 9¢SE (4-18)
2 2 V2
The timing error can extracted from the equation above acatbe written as,
_o((d1 + $2)/2)
Atprrr = o (4-19)

Using eqgn.(4-13) and eqgn.(4-18) with equation above, theng error in fully differential sam-
pling front-end is written as,

Atprpp — Atsg B (Rs+ R1) -0cn
V2 V2

Note that the timing error in a fully-differential circuis il /+/2 times smaller compared with single
ended circuit. FoRg = 1012, R; = 1092 ando; = 3fF, the timing errorAtprrr is aboutd2.4fs.
The simulation result in fig.(4-9)(b) show thAt p;rr is 44.9fs which is close to the value predicted
by eqn.(4-20).

As a last step, the equation for timing error due to mismagttvben reference lane and dummy
lane needs to be derived. Egn.(4-7) states that the effeetexence lane loading on the timing error
is only throughRg. This argument can be applied to eqn.(4-20). The effect shmaich between
reference lane and dummy lane will affect timing error in th&in-lane throughRs. This argument
is only true to the first order and is not precise. Using egii)(@nd eqn.(4-20) the equation for timing
error due to mismatch in dummy lane can written as,

(4-20)

Atsr.pmy = RSL\/%DMY (4-21)

where,ccopary is the spread in the sampling capacitor in the dummy lanemFig (4-8)(b), for
sampling capacitof’, = 1.4pF the spread i8¢, ~3fF. Using these values in the eqn.(4-21), results in
atiming error of 22fs. The sanity of this equation can befiegtiby using a simulation setup shown in
fig.(4-10)(a). Two sampling front-end of main-lane ADC anewn with one loaded by reference lane
and the other by the dummy lane. The timing error due to mismlagtween reference and dummy
lane can then be obtained by looking at the phasEgf-r1 andVprrre. Fig.(4-10)(b) shows the
simulation result ofAtsr pary over 50 Monte-Carlo runs. It can be seen thakr pary for Cs =
Crer is 31fs. Though this value slightly differs from hand-cdétad (22fs), it is still reasonable
considering the fact that egn.(4-21) is merely an approtiona To establish the sanity of eqn.(4-21)
few quick hand-calculations for other simulation resultsig.(4-10)(b) can be performed. Say, the
reference lane capacitor is scaled by 16&'tg;» = 87.5fF with spread obcrpr = ocs/4 = 0.8fF.
Using these values in eqn.(4-21), results in timing etk pary of 5.6fs. Alternatively, from
fig.(4-8)(b) forCrpr = 87.5fF, its spread isrcrer = 0.75fF which results inAtg; pasy of 5.3fs.
Both of these hand-calculated values can be verified fronfit0). The value forAts; pary is
5.77fs for Cy = 16Crer. Similarly, the eqn.(4-21) also holds for remaining two siation results.
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50 Sampling-Time Error Due to Observer Effect of Reference lanes

Finally, note that the variance iAts; pary does not exactly scale by a factor o while
the value ofCrpr is scaled froml6Crrr to 128Crpr. This phenomenon is due to imperfect
modeling of capacitance particularly at very small vallesr. example consider a capacitance of 10fF
in fig.(4-8)(b), the corresponding spread is aboits. However, when the capacitance is increased
by 4x to 40fF the spread in capacitance goes dowhit. This not exact scaling of 2x. Thus, as
the small capacitance are not model perfectly they exhinisitlerable amount of spread which is
highlighted in fig.(4-10)(b).

In conclusion, from the simulation results of fig.(4-10)(the reference lane should be at least
scaled by a factor of 16x to keep the timing error due to misibhetween reference lane and dummy
lane down to 5fs level.

4-5 Summary

Summarizing, in this chapter the observer effect of theresiee lanes was studied and potential
solutions are discussed to mitigate its effect. The referdsmnes change the loading of the input buffer
which gives rise to the observer effect. This effect creatditional timing errors and it manifests
itself in two ways. First, mere absence or presence of neferdane creates huge timing errors
depending upon the value of the source impedance (inpueudhd sampling capacitor. Second,
the sampling instance of the reference lanes and main-fengoé exactly aligned also creates timing
error. To solve the first observer effect dummy lanes aredhuiced during the normal operation phase,
whereas the second form of observer effect is solved bytingedelay lines in the sampling front-
ends. The delay lines can be implemented using simple maeé wA simple model to compute the
length of these metal wires is also provided. Finally, thematch between the dummy lanes and the
reference lanes was identified as a source of a timing eravas shown that to reduce this timing
error below 5fs level, the reference lanes and the dummyglgineuld be scaled 16x smaller compared
with the main lane.

Nandish Mehta Master of Science Thesis



Chapter 5

Circuit Implementation

HIS chapter describes the implementation details of the tingmgr calibration loop for 2x-
T interleaved ADC. The design strategies and circuit teaesgntroduced in previous chapters
are employed and their effectiveness is demonstrated dhrsimulations. All the circuits are de-
signed using industrial 28nm CMOS process and simulatedaitieGce Spectre tool. The chapter
starts with a system-level overview of the calibration lodpfurther proceeds to discuss the imple-
mentation details of the sub-blocks in the calibration |dapluding auxiliary circuits like the replica
bias circuits and non-overlapping clock generation. The-ideal behavior of some circuit blocks
may hamper the loop convergence. At such instances, MATLiABIlations are also resorted. The
chapter ends with a summary of important specificationseaekl by each sub-blocks.

5-1 System-Level Design

A system-level diagram of the timing error calibration Idop 2x time-interleaved ADC is illustrated
in fig.(5-1). It consists of two main-lane ADCg\DC and ADCj, interleaved together. The two
reference lane ADCs used for detecting the timing errorsiarg’ — 1 and REF — 2. The delay
element,tp delays the clock of th&kEF — 2 ADC in order to estimate the derivative of the input
signal. The off-chip block (highlighted in green) was implented using MATLAB. Rest of the
other blocks (highlighted in blue) are the sub-blocks whaseuit design details are covered in the
succeeding sections. In the subsequent sections circigrddetails of sub-blocks like: track-and-
hold for main and reference lanes, digital-to-analog caev€DAC), HOLD buffer, and clock phase
generation logic, are presented.

Basic functionality expected from each of these sub-bl@eksas follows:
1) Clock Path: Proper design of clock path is very critical for keeping timing errors low. The
clock path mainly comprises of the clock phase generatorcandit for tuning the sampling clock
edges. The goal of designing the clock path is to achieve destigpossible path from actual clock
source to actual sampling switch. In order words the numbérgic gates between a clock source
and a sampling switch should be reduced as much as posstiéecldck phase generator creates all
the relevant clock phases like masking clock phases, bgplate sampling clock and HOLD phases.
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Figure 5-1: System-level block diagram of timing error calibrationoo

2) Track-and-Hold: For this design, the input frequencies up till LGHz would ygorted. For these
high input frequencies the track-and-hold should be sefiity linear. Also, its sizing should be such
that it can be sliced into 16x smaller version to implemengfarence lane and a dummy sampling
lane. The scaling should be precise to keep the bandwidthaoi-tane and reference/dummy lane
sampling circuit, exactly the same.

3) HOLD buffer: The sampling capacitor in the sampling front-end of the riaie and the reference
lane is actually a DAC for SAR ADC. After sampling input acsas, the charge is redistributed
to quantize the input signal. However, in reference langhassampling capacitor is 16x smaller,
implementing a DAC becomes quite challenging. A solutioouad this problem is to employ a
HOLD buffer which would transfer the charge from a smallenpling capacitor to a bigger one.

4) DAC: Timing errors are corrected by tuning the sampling clockeeldgsed on digital correction
word calculated by the calibration loop. To achieve thisrigra digital word needs to be converted
into an analog delay which is done by first converting digitald into analog voltage and later, this
analog voltage is converted into delay. The DAC thus, wilheart the digital word into an analog
voltage. For achieving correction accuracy of 5fs over aagyic range of even 5ps would require a
high-resolution DAC (e.g. 10bits). Further, as shown in(figl), two DACs are required per main-
lane ADC. Hence, they should be low area and low power.

The sampling clocks for the reference lane are multipleXda: addition oMUX will also ham-
per timing detection accuracy. Before using the refereane For timing error detection, it is thus,
necessary to bring the sampling clock edges of referenes lam grid with that of the main-lane. Fur-
ther, the input-offset and gain mismatch (discussed in @n&) will severely hamper convergence
of calibration loop. These problems can be addressed byogingl foreground calibration for the
reference lane. During foreground calibration i€ signal is asserted and a test sigiélon g is
fed into the reference lane. The foreground calibrationcl@gnplemented off-chip) tunes the DAC
input to bring the sampling clocks on the grid with the mainds. Input-offset and gain mismatch
can be completely corrected in the digital domain.
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5-2 Clock Path

As 2x interleaved ADC is assumed for this work, the clock pabluld mainly consist of a clock-phase
generator and a sampling-edge tuning circuit.

5-2-1 Clock-Phase generator

The main job of this block is to generate all the relevantrignphases for the two interleaved main-
lane ADCs. Typically, the interleaving of two ADCs is reai by interleaving their clock phases.
These clock phases may or may not be timing critical. Foaimst, the clock phase that drives the
bottom-plate switches in fig.(5-2)(a) (markefis;) is extremely timing critical signal as it determines
the sampling instances of the lane-ADC. If the timing caltisignals are interleaved then the spread in
delay of digital logic that generates these signals wilb@dd into the timing errors. In order to avoid
this, as shown in [19], masking clocks are interleaved whiehnot timing critical. These masking
clocks act as a filter which selects a relevant clock-edgegenerates the sampling-edgg; 5, for
each lane-ADC. For example, as shown in fig.(5-2)(b), wherMhask-1 signal is high, the clock edge
marked as Lane-1 generates the sampling edge for lane-1. Similarly, Mask-2 signal generates
sampling-edgesr2 5 for lane-2 by masking respective clock-edge. As the botpbate switches are
PMOS transistors, the sampling instances are determindtelnysing edge ofr5. The rise and fall
times of the masking clock is not critical as they are merelyng as a filter which selects a relevant
clock-edge.

The track phases that drive the top plate switcliés; . and Mr_, (fig.(5-2)(a)) are also gen-
erated by the clock phase generator. During a track phassatheling front-end tracks the input
signal. For 2x interleaved ADC, the two track-phases canebsed as hold phases as long as they
are non-overlapping. Thus, the track phasep of lane-1 can be used as the hold phase for lane-2.
Similarly, ¢72p can be used as the hold phase for lane-1 while it serves &sghase for lane-2. A
summary of clock phases that are created by the clock phasgeaer is given below:

1) pm1p = Tracking phase of lane-1. It is delayed version of actuaktghase. Delayed to realize
bottom-plate sampling. It is non-overlapping with the kiag-phase of lane-2.

2) o1 = Hold phase of lane-1. For 2x interleaving it is equal to trpblase of lane-2 i.eprop.

3) 15 = Bottom-plate sampling phase of lane-1. Its rising-edgepdesrithe input signal.

4) prop = Tracking phase of lane-2. It is delayed version of actuakighase. Delayed to imple-
ment bottom-plate sampling. It is non-overlapping with titzeking-phase of lane-1.

5) ¢ = Hold phase of lane-2. For 2x interleaving it is equal to trpblase of lane-1 i.ebrp.

6) oo = Bottom-plate sampling phase of lane-2. Its rising-edgepsasithe input signal.

5-2-2 Sampling Edge Tuning Circuit

Fig.(5-3)(a) shows the complete circuit diagram of the mlaire clock path. Depending upon the
masking signal the respective clock-edge is allowed to $aithmg input. It might be apparent that
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Figure 5-3: Sampling edge tuning circuit and its simulation results.

the scheme shown in fig.(5-3)(a) forms the shortest path fraractual clock edge to the sampling
switch. Thus, the only elements that add intrinsic delayhtodlock path aré{s, M1 and M5 (one
transistor and one inverter)dy is controlled by the masking clock which selects the clooyestihat
can pull-down the gate a¥4/; — Ms inverter thereby opening the bottom-plate sampling swegch
However, once the masking phase and the clock edge passgsthevaode® may get pulled-up
again as the voltage at this node is floating. If this node petlsed-up then the bottom-plate switches
will close while the ADC is still in the conversion mode. Tligtastrophic event can be avoided by
latching the potential at nod®. Thus, the transistord/s — M are arranged to implement this latch.
The latch is reset by the masking pulse of lane-2.

Transistors\{1» — M4 implement a voltage to delay converter which converts thpudwoltage
of the DAC into delay. These transistors shddg and control its ON-resistance. The potential at
node@® is discharged throughi/y. Controlling its ON-resistance would control the discleargte
and thus, the delay of the sampling edge. Transistérs — M4 also control the dynamic range of
the delay correction. Fig.(5-3)(c) shows the variatiornie tlynamic range for different settings of the
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configuration bits.

Further, as suggested in chapter-4, the sampling front et eeference lane should be at least
16x smaller than the main-lane. Thus, the bottom-platecéwfiibr the reference lane is made 16x
smaller compared with the main-lane. Merely slicing thetdratplate switch of the main-lane to
16x smaller, would result into systematic offset in the timerror as the loading of the two clock-
paths would change. The scaling should be done in such a veayhé load onNV-1 stays the
same. Alternatively, complete clock path including the D@¢&ds to be scaled which is considerably
challenging. The loading ofNV-1 can be maintained by inserting dummy bottom-plate switches
which merely load NV-1 but do not participate in the sampling process. Thus, ordysike of the
bottom-plate sampling switchéd; (fig.(5-2)(a)) is scaled by 16x and the size of the invertbig-1
andINV-2 stays unscaled.

The spread in the delay of the clock path will be calibratedh®ycalibration loop. Fig.(5-3)(d)
shows that the clock path has a mean delay of abbut which spreads by.16ps. The calibration
loop should be able to correct this spread in delay of thekgbath to3o level. Thus, the variance of
the clock pathro 1 i that needs to be consideredisps. This value will be later used to estimate the
dynamic range of the DAC.

5-3 Track-and-hold Design

The track-and-hold circuit samples the input signal on t@ing capacitorC;. This sampled
voltage is later converted by the ADC into a digital code. therpresent design, the maximum input
frequency of 1GHz needs to be supported. At such high fregesmlesigning a track-and-hold with
high linearity is challenging. However, as the focus of tthiesis has been on calibration of timing
errors, the linearity should be good enough to allow iderdifon of small timing error spurs from
the harmonic spurs. For this reason the taidd?; specification is around 70dB instead of 103dB
(refer Appendix-A). Thus, the single most important desigetric for the track-and-hold circuit is
its bandwidth. As the maximum input frequency of 1GHz needsd supported, the bandwidth of
the track-and-hold should be at least 5GHz to minimize tgrenrors due to bandwidth mismatch
(Section-2.2.4, Chapter-2).

Fig.(5-4)(a) shows the circuit diagram of the fully-difettial track-and-hold. There are two
track-and-hold circuit shown, one is for the main-lane AD® dhe other one is for the reference
lane ADC. As will be shown later, the track-and-hold circiait the reference lane is 16x smaller
compared to that of the main-lane (refer Chapter-4). Evégnent used in the track-and-hold for
main-lane is thus, 16x smaller for reference lane includiogtstrap circuit, sampling capacitor and
all the switches. The input buffer is shared between maie-nd reference lane and so, its output
impedance represented By, cannot be scaled. For simulation purposes, its value isschimsbhe205).
The operation of the track-and-hold circuit is divided iatdRACK phase and a HOLD phase. These
phases are shown in fig.(5-2)(b). For the sake of argumeatclttk phases shown in fig.(5-4)(a)
correspond to lane-1 ADC. Hence, the HOLD phasg; would be actually the TRACK phase of
lane-2.

To better understand the functioning of this circuit coasithe main-lane track-and-hold circuit
alone. During the TRACK phase the voltage across the sagiplpacitor follows the input signal.
The top-plate switched/r; and Mr;_ together with the bottom-plate switchdgz, are closed.
The bandwidth of the track-and-hold is determined by thekiregy time-constant. This time-constant
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Figure 5-4: Simulation results of the track-and-hold circuit for mdame and 16x scaled reference
lane.

is merely the product of the ON-resistance of the top-platiich and the sampling capacitor. To
achieve higher tracking bandwidth this time-constant sg¢ede reduced. The size of the sampling
capacitor is governed by the target noise specificationstazahnot be reduced. However the ON-
resistance of the top-plate switch can be reduced by emmgayie bootstrap circuit. Fig.(5-4)(b)
shows the transistor level diagram of bootstrap circuitaddition to reducing the ON-resistance, the
bootstrap circuit also makes it constant with the input aigthereby enhancing the linearity of the
track-and-hold. Also, the arrangement of the bottom-péat#ches is such that their ON-resistance
do not increase the tracking time-constant.

After the TRACK phase is over, the input signal is sampledsst; by first opening the bottom-
plate switchesM; and after some delay, opening the top-plate switches. Thhesprinciple of
bottom-plate sampling is realized. This is essential beeda minimize tracking time-constant the
top-plate switches are made quite large. These large ssgitciect significant amount of input signal
dependent channel charge 6k degrading the linearity of the track-and-hold. The outpoitage
Vprrr is defined during the HOLD phase i.e. when the common-modeises 1. and Mg —
turn-ON. Ve, and Ve, g are the common-mode voltages during the TRACK and HOLD phase
respectively. The topology adopted for the bootstrap diiswsimilar to the one shown in [34]. The
sizes of all the devices used in the track-and-hold circlithe main-lane and the reference lane
(scaled by 16x) is given in table-5-3 whereas, the devicessfar the bootstrap circuit is given in
table-5-3.

Fig.(5-5) shows the simulation result for the track-antdh&or 1GHz input sampled at 50MHz,
fig.(5-5)(a) shows the FFT plot. It is evident that tHeD; of the main-lane track-and-hold is about
72dB. This linearity is fair enough to allow identificatiof gpurs due to timing errors. Fig.(5-5)(b)
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Figure 5-5: Simulation results of the track-and-hold circuit for mééme and 16x scaled reference
lane.
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Main-Lane Reference Lane -
Main-Lane Reference Lane
(16x Smaller) 16x Small
Element| Sizel || Element| Size? : (16x Sma gr)
Moy % Mrn, 6 Element Size Element Size
1.0 1.0
My Mrg_ My, M, (0005:51 )X16 || My, M, (00.053i)
Mg, | 48 || Muns 3 M3, My (—o_ggi)X16 M3, My (0,'33’2)
My Mip- My, Ms | (g532)x16 || My, Ms | (5530)
Mpy 16 Mpr 1 My, My My, My

C1 1.4pF || Crgr | 87.5pF Ms (g0 )x32 Ms | (gom)x2
VCM,T 0.8V VCM,T 0.8V My (06'102355)X16 My 06‘102355)
Vemn | 015V || Veu,g | 0.15V

Table 5-2: Device sizes for the boot-

Table 5-1: Device sizes for the track- D
strap circuit

and-hold circuit.
[*2 Multiple of unit size1.28m/0.03um.]

shows the FFT plot for the output of reference lane. The eefe lane is scaled 16x smaller than
the main-lane still the D5 performance is quite on par with that of the main-lane. Whdeling
the track-and-hold for the reference lane it should be eustivat the bandwidth of both the reference
lane and the main-lane is still equal. If this condition i$ m®et then an additional source of timing
errors would stem from it. Fig.(5-5)(c) shows the differenno bandwidth ranges from 2.6MHz to
2.85MHz for input amplitude spanning from +350mV to -350mV.

The spread in the difference of bandwidths is 40.3MHz. Theukated bandwidth of track-and-
hold for the main-lane ADC is 5.2GHz. Thus, the spread in altddth is about 0.7%. A bandwidth
of 5.2GHz corresponds to tracking time-constant of 32psisThs spread in bandwidth of 0.7% would
mean a spread in timing error of 0.224ps (0.007*32ps). Ihe value for the spread in difference of
bandwidth,o gy thus, equals 0.8ps. This value will be used later while esiimy the dynamic range
of the DAC.

5-4 HOLD Buffer Design

As the sampling capacitor of the reference lane is @&TlyfF, it is challenging to perform charge
redistribution using such a small capacitance. Altereffjva HOLD buffer can be used, as shown
in fig.(5-6)(a), to move the sampled input signal over a lagggpacitor ofREF-ADC. To implement
this buffering functionality a fully-differential foldedascode OTA with switch-capacitor CMFB is
chosen. Fig.(5-6)(a) shows the circuit diagram of the OT#nglwith its respective sizes. The input
pair Ms — M, achieves a transconductance 3ohS when biased by28uA current. Transistors
M5 and Mg are used to isolate the output impedance of the input pair fhee folding node (drain of
M7 — Myp). This helps to achieve slightly higher loop-gain. The otitpommon-mode is set by using
a switch capacitor based common-mode feedback (CMFB) agrshiofig.(5-6)(c). The correction
voltage Vo rp is applied to the gate abd; — Myy. The value ofVo rp is adjusted to correct
for the error between required output common-mdge,; and ideal bias voltag¥;15. Capacitor
Cs samples this difference in voltage durigg- and copies this voltage acro€§ during ¢g. To
generatd/prag areplica circuit as shown in fig.(5-6)(c) is used. The swatchre sized to settle to the
error voltage within 10ns while minimizing their chargedofion. Fig.(5-6)(d) shows the loop-gain
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Figure 5-6: Design of HOLD buffer forREF lane ADCs.
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Table 5-3: Specifications achieved by the HOLD buffer design.

Parameter Value Remark
Sampling Speed 50MHz 10ns for charge transfer
Output Common Mode 0.65V Required byREF ADC
Output Swing 1.34Vpp Swing to be supported by ADC
Cr andg,, 1.4pF and3mS REF ADC sampling cap
Loop Gain and UGB | 60dB (at DC) and250M H z
Phase Margin 78°
Input-offset 4.8mV Monte-Carlo sim over 200 runs
Total Power 1.7mW Including bias circuit

magnitude and the phase plot. The HOLD buffer 6idB gain at DC and’8° phase margin at UGB
of 250MHz.

Fig.(5-7) shows the transient simulation results of the BQiuffer. The output signal swing is
aboutl.34V peak-peak as seen in fig.(5-7)(a). The deviation of 66m¥hftioe target value of.4Vpp
is due to less than 20dB loop gain (fig.(5-6)(d)) at 50MHz samgspeed. Fig.(5-7)(b) shows the third
harmonic distortion of about 40dB. Note that the main torledated at 1.17MHz because the input
frequency of 998828125 Hz{1GHz) is sampled at 50MHz.Further, the input offset of theLlBO
buffer is simulated across 200 Monte-Carlo runs in the preseof mismatch (fig.(5-7)(c)). The
distortion and the input-offset are the non-idealities @lHD buffer that may hamper the calibration
loop performance. In order to investigate that effect, thgut-offset and distortion of the HOLD
buffer are modeled in the MATLAB model of calibration loopgK5-7)(d) shows that the loop might
had convergence problems if there was no high-pass filteF)HtPthe loop. The distortion of the
buffer would generate a DC component which would be integraly loop causing it to converge to a
fall steady-state value. However, as a high-pass filter igleyed the DC-component generated due
to non-idealities of the buffer are blocked from appearittha input of the integrator. The second
plot in fig.(5-7)(d) confirms this assertion. Table-5-3 suanizes important design specifications met
by the HOLD buffer design.

5-5 Digital-to-Analog Converter (DAC)

This section details the design of the DAC that converts trdrol word feedback by the calibration
loop, into an analog voltage. Later, this analog voltageoisverted into delay which tunes the sam-
pling clock instance. As the calibration loop requires twld@3 for each main-lane ADC, the area
and power overhead of the DAC should be as low as possible sigrdeAlso, the timing error needs
to be corrected down to 5fs level which requires DAC to be cieffitly accurate. Thus, the design of
DAC has three main metrics namely, DNL (a measure of acciyraoya and power.
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Figure 5-7: Simulation Results of HOLD buffer.
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Figure 5-9: Fine-coarse arrangement and unit cell of the DAC.
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5-5-1 Estimating Dynamic Range

Before embarking on the DAC design, itis vital to get an eaterof the expected dynamic range wide
enough for the DAC to compensate for all possible sourcesnifi@ errors. In chapter-2, sources of
timing errors for passive track-and-hold were presenteithvban be categorized into errors due to
bandwidth mismatch and clock path mismatch . In the sectionhe track-and-hold design and the
clock-path design, the simulation results for these twaociof timing error were presented.

Under ideal condition, as shown in fig.(5-8), the samplingtance is a point defined by the
intersection of the sampling edge and the ideal trip 8¢l (or threshold level). However, due
to spread in bandwidth and clock-path, the sampling efigean be anywhere betweén and.Ss.
Similarly, the threshold level can spread anywhere betwaeno V3. This creates a window within
which the sampling instance would fall. Note that it is noportant for the sampling instance to be
in the ideal position rather the sampling instances of alhrfene should be aligned with each other.

The total6 - o spread in timing errorgy is shown pictorial by fig.(5-8). It can be expressed
mathematically as,

ovT
UT:3'\/012Bw+U2CLK+U,24DL+(t—)2 (5-1)
s

Note that the variance that are added in RMS are alr8ady values. From previous sections, it is
known that, the spread in timing error due to bandwidth misima sy is 0.8ps while that from the
clock path,ocrx is 0.5ps. The spread in threshold voltage;r is around3.3mV and for a rise time
of about 3ps, the timing error stemming from it is roughlg6fs. Such a small amount of timing error
can be safely ignored. Lastly, timing error due to spreaclaylines 4 p;, can also be ignored as the
delay lines are made from metal wires which have negligiptead due to its larger width and length.
Additionally, the mean of the delay added by the delay ligelftis in the order of few pico-seconds.
Thus, using the bandwidth mismatch and clock path mismatagn.(5-1), the total spread can be
obtained as,
or = 2.8ps ~ 3ps (5-2)

Thus, the dynamic range of the DAC should be at least 3ps oe.nWith step-size of 5fs, this results
in minimum DAC resolution requirement of 10 bits.

5-5-2 Circuit Implementation

Next, an attempt is made to design a low-power and low-are@ @Ah 11 bit resolution (mandatory
10 bits + 1 bit over-range). There are several choices dlailahile looking for right DAC topology.
In the present design a current steering, coarse-fine tgpatochosen where 3 fine bits are binary
and 8 coarse bits are thermometer.

To better understand the functioning of the DAC, consideclematic shown in fig.(5-9)(a)
where a simple 3-bit DAC is realized with 2 binary fine-bitg(in = 2) and 1 thermometer coarse-bit
(i.,e.n = 1). As it appears, this DAC topology is actually a cascade eotion of two current-steering
DAC with Iy as a unit current source element. The circuit implementaticthe unit cell is shown
in fig.(5-9)(b). When both currents are steered to supply{ = 1.0V) the output voltageVoyr is
zero. The minimum value dfpy7 is 1 LSB which is generated by turning-on ofigin the fine-bits
bank. Thudly; - R; is the LSB of the DAC. When the coarse current sougeés turned on, thé&/oyr
is (R1+ R2)- Iy. The relationship betweeR; and R, should be such that every time a coarse current
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Figure 5-10: Circuit-level implementation of 11-bit DAC.
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source is turned on, a jump OfLSB+7- Iy Ry ) is made. Expressing this mathematically, the coarse
step should satisfy,

Iy - (Rl + Rg) = IyR1+7-IyR; (5-3)
——
1LSB

Ry = T-R (5-4)

This expression can be extended and a more generalizetbmsldp betweenR; and R, can be

written as,
Ry
Ri=—"— 5-5
= G (5-5)
where,m is the number of fine-bits. Also, the output voltage;r, of such a N-bit DAC can be
written as,

Vour =Vpp — Iy - Ry - (by—1 - 2NV 4 by 9 -2V 72 4o £ 5y - 20) (5-6)

where,N (=m+n) is the total number of bits.

Using this basic set of equations a 11-bit DAC is designechaws in fig.(5-10)(a). The unit
current sourcdy; is implemented as shown in fig.(5-9)(b). In order to have & loigtput impedance,
NMOS transistor)M/; is placed on top ofi/j to increase their effective channel length. Due to process
limitations the channel length df/; can be maximum of um long. As low-power is an important
specification, one obvious technique would be to shut-afdrrent sourcdy; instead of steering
it Vpp. The problem is as the output impedance of the swit¢hin off-state is finite, a small
drain-source leakage will still exist. By adding a curretgesing switchM3, the source of\/; is
pulled higher which makes itg;s negative instead of being zero. Hendé; closes firmly which
significantly reduces the drain-source leakage. The sizewitches)Ms and M3 are minimized in
order to reduce the drain-bulk leakage. Particularly, atdrain node of\/,, many other switches
from adjoining unit cells would be connected, the drainkdebkage will be significant. Further, this
leakage component flows throudgty and R, creating an error voltage. Note that this error voltage
change with the input code and will degrade the INL of the DA€the DAC is used in the feedback
in conjunction with the calibration loop, its INL is not imgant. But from a power point of view, it
is desirable to minimize the drain-bulk leakage of béth and M.

This unit cell is used to build 3 binary fine-bits and 8 thernetre coarse-bits in a 11-bit DAC
(fig.(5-10)(a)). The values of important elements drg;p = 1.0V, R; = 7.5K2, Ry = 52.5K()
and Iy = 32nA. The dynamic range of the DAC is from5V to 1.0V with step size o240uV. To
achieve power consumption of arouh@u\W, the value ofl;; was chosen to be 32nA. For this value
of Iy and one LSB oR40uV, the value ofR; is 7.5K). Using eqn.(5-5) for m=3bits, results in the
value of Ry = 52.5K1).

The DAC is targeted only for DC performance as the updateafdige calibration loop is slow.
In such case the noise requirement can be simply met by siguttite Vo7 hode with a capacitor
C,, (3pF) for filtering the thermal noise. The digital logic generateguired control signals for both
binary and thermometric arrangement of the unit currentcgsu The digital logic is controlled by
the calibration loop through a digital control word whichli$-bits wide. Fig.(5-10)(b) shows the
bias generation circuit that generates bias volfégdor all the unit current sources of the DAC. The
PMOS transistotM p; carries a current equal 6z /Rp. This current is scaled dowlt6zx times
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to biasMpy1 and Mpy9. As the bias nodé/z has a load of abou262 current sources, it needs to
to supply sufficient gate leakage current of these curremtces. This gate leakage current should
not flow throughM ps (fig.(5-10))(b) otherwise the mirror ratio will be altere@ihe way around this
problem is to add a buffer transistdr ;3 which would supply the necessary gate leakage current.
The buffer is biased bw/y4 and Mys. The size of all PMOS and NMOS transistors is shown in
fig.(5-10)(b). Note thaf?p in the bias circuit and?;, R, in the DAC, have to match with sufficient
precision. Hence, all the resistors are made out of unist@sof valuel5K ) which has a length of
12.5um and width of0.5um.

5-5-3 Simulation of DNL

The LSB of the DAC i2240u:V. To achieve a DNL specification of less than an LSB @it should
satisfy,
1LSB

opNL < ~ 40uV (5-7)

There are two main factors that contributesto, . First is the mismatch in the unit current sources
and second, is the mismatch in the resist8ysand R,. The value ofop 1, is maximum during the
code transition from the fine to the coarse segment. Thisitran is the major code transition for
DAC schematic shown in fig.(5-10)(a). During this trangitiall the fine-bits are turned-off and one
coarse hit is turned-on. The condition of eqn.(5-7) shoeldutfilled for this major code transition to
achieve less than 1LSB ov8r- o. Fig.(5-11)(a)-(b) shows the spread in the major code LS#ién
presence of a mismatch in current source and resistorsatdsgly. The size of the current source
and the resistor should be adjusted such that the RMS sune divthvariances would be less than or
equal to40p V. For the unit current source sized as shown in fig.(5-9){®,9pread in major code
transition in the presence of current source mismatch,ograr49,.V. Whereas, foiR; and Ry of
width 0.5um, the spread in major code transition is ab2ui”. The RMS sum of the two variances
is approximateld9u V. This value is higher thadOp V. One simple way to meet this requirement
is to double the width of the unit current source( and M; in fig.(5-10)(b)). This would scale the
variance of the major code by a factor of/2 to 34.64,V. However, it will also double the analog
area. In order to keep the analog area of the current sowegshe DNL is compromised and the
area of the unit current sources is not doubled. This is aiclasea and accuracy trade-off seen in
all current steering DACs [35]. Note that if DNL is 1L.5B then the DAC will not be monotonic.
However, this is not a deterrent drawback for the calibrakimp.

Fig.(5-11)(c) shows the DNL of the complete DAC. Single Ma@arlo simulation is performed
for complete DAC schematic which includes the bias circad the digital control logic. It is apparent
that the DNL of the DAC is aroun@.6L.S B which is not what was targeted. The difference is because
of the area-accuracy trade-off being made to the currentsomhere the variance in the major code
LSB due to current source mismatch was increasedd” instead o#0uV .

5-5-4 Design Summary

Accuracy, area and power overhead, are the three vital ppesface metrics for the design of DAC.
To estimate the layout-area of the DAC, both analog andali¢atyout area should be computed.
The analog area occupied by 262 current cells can be estnfrai® the area occupied by the unit
cell. Fig.(5-12)(a) shows the layout of a unit cell whoseesnhtic was shown in fig.(5-9)(b). The
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Figure 5-11: DNL simulations of DNL of 11-bit DAC.
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Figure 5-12: Area estimation of 11-bit DAC.
Table 5-4: Specifications achieved by the 11-bit DAC design.
Parameter Value Remark
Vour Dynamic range 0.5 — 1.0V Required by sampling edge tuning circuit.
DNL 0.6LSB | RMS over 1 Monte-carlo run of complete DAC.
Area 2610pm? | Analog + Digital combined, but without routing
Total Power 8.4uW Only current sources. Digital power ignored
Integrated Noise 40.3uV at 80

current source has a channel length larger than the minintdemce, they can share the sam@b
layer resulting in a much tighter layout. An area of one auresurce is around.2m? which scales
to 1890m? for 262 current sources. Note that wire routing is not takeia account. Similarly, the
layout of digital control block comprising of an 8-bit theometer decoder, is shown in fig.(5-12)(b).
The digital logic is synthesized using 28nm standard cdllse layout is obtained after performing
place-and-route of this netlist. The total digital are@a28,m?. Adding both analog and digital area
gives an estimate of the total layout area that would be aedupy the DAC. The total DAC area is
around2610um?.

Lastly, it is important to derive an estimate of the total powonsumed by the DAC. There
are 262 current sources each of 32nA running fro6V supply. Thus, the total analog power is
8.4uW. The digital logic consumes negligible power as it worksatery slow update rate. Also,
while estimating the total power, the contribution of biagwit is ignored as it is shared with all the
other DACs.

Table-5-4 summarizes important design specifications m#itdn11-bit DAC design.
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5-6 Summary

In this chapter critical sub-blocks for the timing erroribehtion loop are designed. The circuits are
designed in industrial 28nm CMOS process and simulatedguSadence Spectre tool. Transistor
level implementation of clock-path, track-and-hold, HObDffer and Digital-to-Analog converter
(DAC) are discussed. First the implementation of clockipats detailed. Its two key ingredients
namely, clock phase generator and sampling edge tuningitcénee described. The clock phase gen-
erator generates all the critical signals for 2x time-ilg@red ADC. Most importantly the masking
clocks. These clocks are used to select the required edgetifire main clock to further generate the
respective lane’s sampling clocks. This technique alsblesashortest path between the main clock
source and actual sampling switch. The sampling edge tuiogit comprises mainly of the voltage-
to-delay converting transistors and latching circuit teasures the sampling switches are turned-off
during the HOLD phase. Also, in order to keep the loading atlclpath for main-lane and refer-
ence lane balanced, additional dummy load is added in tlok @ath to compensate for 16x smaller
bottom-plate sampling switch. Simulation of the clockipshow that its mean delay was about 11ps
and it spreads bg.5ps.

Second, the implementation of the track-and-hold for niaive and reference lane is described.
The designs achiev& D3 of 72dB and67.3dB for main-lane and reference lane respectively. The
track bandwidth 06.2GHz is achieved in simulations. However, the bandwidth fierreference lane
does not exactly match with that of the main-lane and waspf#.6MHz. The3 - ¢ spread in the
timing error due to bandwidth mismatch between main-lartethe reference lane wassps.

Third, a HOLD buffer is designed to transfer voltage from aa#i{87.5fF) capacitor to a bigger
capacitor. A fully-differential folded cascode OTA topgiois chosen with switch capacitor CMFB.
Simulations show that the OTA has a loop-gain of 61dB and eaargin of 78. For 1GHz input
signal theH D3 of the HOLD buffer was around 40dB. Further, the Monte-Caitaulations reveal
that the buffer has an input offset of abaumV. Both, input-offset and finite linearity of the HOLD
buffer can have an adverse effect on the convergence of dge lblence, these non-idealities are
modeled in MATLAB and simulations show that the performaatthe calibration loop is unscathed
in the presence of the HOLD buffer.

Lastly, the most important block namely, the DAC is design€ke expected dynamic range of
the DAC was estimated to be aroutt@ps. With the step-size 6fs, this would require at least 10 bit
resolution from the DAC. To implement the DAC, a fine-coans#hdecture with 3 binary fine-bits and
8 thermometer coarse-bits is chosen for designing a 11A@ Qbit for over-range). The functioning
of the DAC is explained using a simple 3-bit implementatiBarther, the implementation of unit cell
together with its various design choices is also discus€aatuit implementation details along with
the biasing circuit and various design equations to compitié DAC elements, are also presented.
Simulations reveal that the DAC can achieve a LSB step-di2d@®.V with a DNL of £0.6LSB. The
estimated area overhead and power penalty of the DAQGIG:M? and8.4.W, respectively.
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Chapter 6

Conclusion

6-1 Problem Definition: A Recap

A universal radio transceiver that can be tuned to a cameguiency over a wide range and can support
any modulation over a wide range of data rates, would be retse desirable to build tomorrow’s
mobile handsets. However, one of the major hurdles to oneecoefore this dream can be realized
is the design of wideband capture ADC. Particularly, thecsmation of high sampling speed while
supporting high resolution makes the designing of such mddd capture ADC extremely difficult.

In recent literature, time-interleaving architecture lshswn great promise of achieving high
sampling speed in an energy efficient way. In fact, they aeadly being applied to wideband capture
ADC:s for wire-line applications [36] Unfortunately, implentation of this architecture comes with its
own sets of issues. These interleaving issues are exaedtioatvireless systems due to the inevitable
presence of adjacent channel interference or blocker toAesmage of these interfering tones is
created due to interleaving issues (like timing error) Wwheclater folded back into the desired signal
band due sampling process of the ADC. Hence, minimizingetih@erleaving issues is mandatory for
applying time-interleaving architecture for widebandtcap ADCs.

Traditionally, the interleaving issues are minimized bypéwging calibration techniques. Along
the same lines, the focus of this thesis has been on catibrafitiming errors. As the in-band spurs
due to timing errors should be below 90dB level, the targetieay of timing error correction is 5fs
or better. This thesis discusses techniques that can heigvacahis level of accuracy.

6-2 Thesis contribution

Accurate detection of timing errors is extremely criticalachieve timing error correction accuracy
of 5fs. However, timing errors do not lend themselves edeilyletection as they are obscured by the
input signal. In chapter-2 various topologies of timingoemetection are studied. It was concluded
that the most suitable architecture for high precision ignérror detection is by using additional

reference lanes. A recent publication employing this tepe has shown encouraging results [11].
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But still it is not clear if the correction accuracy of bettiian 5fs can be realized by using this
architecture.

In this thesis the calibration loop proposed in [11] is staldiSome of the issues specific to the
calibration loop are being identified. Relevant solutions employed to overcome them. One of
the critical finding was that the additional reference laioasl the input buffer. Also, this loading is
not continuous and uniform but rather fluctuating as theregige lanes only occasionally sample the
input signal. This fluctuation in the input buffer loadingedio reference lane is a classical example
of Observer Effect. For the time-interleaved ADCs this observer effect cieditaing errors. In this
thesis the observer effect of the reference lane is studied greater detail and relevant solutions
are employed to solve it. The solutions presented in thisisha&re either tested through MATLAB
modeling or through circuit simulations.

More specifically, the key contributions of this thesis asdalows:

» Making calibration loop DC error voltage resilient by embedding a high-pass filter.

As shown in chapter-3, a DC error voltage is generated bypuanmon-ideal mechanism like fi-
nite quantization of reference lanes, input-offset ofrefiee lane, input-offset of HOLD bulffer,
and finite linearity of HOLD buffer. Depending on its amptity this error voltage can cause
an error in steady state value of loop or can even make therloogonvergent. This problem
was solved by adding a high-pass filter to block this DC eraitage from being appearing
at the input of the integrator. A MATLAB model was build to ifgrthe effectiveness of this
solution. Simulation results suggest that embedding a-pags filter indeed helps to restore
the steady-state value and ensure the loop convergence.

« Identification of Observer effect due to loading of input buffer by reference lanes.
The reference lane ADC loads the input buffer during thebcation phase. During the normal
operation phase of the time-interleaved ADC they are nagie This absence and presence
of the reference lanes to modulate the load of input buffechiapter-4 an equation was derived
that estimates the timing error created due to this load tatida. It states that the timing errors
are proportional to the output impedance of the buffer aedséimpling capacitor. A mathe-
matical estimation shows that these errors can be signifaspending on the value of output
impedance of the buffer and the reference lane samplingcitapan addition to load modula-
tion, another observer effect of reference lane is theacten between the sampling instance
of the reference lane and the main lane. In chapter-4 it wableshed that this interaction is
also a source of timing error.

« Solving the sampling time interaction between main-lane ath reference lane by adding
delay lines.
In chapter-4 the problem of sampling time interaction wasught out. This problem was
solved by adding delay lines to the sampling front-ends @itlain-lane and the reference lane.
A model to estimate the delay of the delay lines made from hwétas is also given. It was
shown that a wire of length19.m long andlOpm wide can create an isolation of 2ps between
the sampling instance of the main-lane and the referenee lan

» Scaling down the reference lanes to solve the timing errorsue to mismatch between
dummy and reference lane.
Additionally, in chapter-4 it was observed that though addiummy lanes would solve the
problem of buffer load modulation, the mismatch betweendinemy lane and the reference
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lane would give rise to additional timing errors. In orderstgppress this additional source of
timing errors, it was suggested that a scaled down versidineomain-lane sampling front-end
should be used for the reference lane and the dummy lane. Wematical estimate is provided
which can help designer to deduce the target spread in theerefe lane and dummy lane sam-
pling capacitor for a given specification on timing error.e§h mathematical expressions are
cross-verified by appropriate simulation results. It waswshthat to achieve a timing error
correction accuracy of at least 5fs, the sampling front-ehdummy lane and reference lane
both should be scaled down by at least 16x compared with thre-lauae.

« Design of sub-blocks to implement the calibration loop.
The sub-blocks for the calibration loop were designed armglémented in chapter-5 using an
industrial 28nm CMOS process. To achieve timing error aiva within 5fs step-size, an 11-
bit DAC is designed. The LSB of the DAC was aba@4buV. Monte-Carlo simulation suggest
that the DNL of the DAC i9).6 - LSB. As the reference lane was made 16x smaller, its the
sampling capacitor cannot be used for charge redistribwtial thus, quantization of the input
signal. To surpass this limitation a HOLD buffer is emplowehich copies the voltage from a
smaller sampling capacitor to a bigger one. The design of Bi®uffer operating at 50MHz
is shown. Simulation results show that the HOLD buffer has@en-loop gain of 60dB, phase
margin of 78, and power consumption af7mW. Further, a track-and-hold for main-lane and
reference lane is designed which achie¥eBs of 72dB for input frequencies of about 1GHz.
The track-and-hold of the reference lane is 16x smaller ssmtandwidth differs that of the
main-lane only by2.6MHz. Finally, in order to achieve smallest path between thelkcsource
and actual sampling switch, a clock-path circuit is desigriehe clock-path for the reference-
lane would see 16x smaller load which can cause systematiogierror. To solve this issue
the clock-path of the reference lane is loaded with 15 dumwiickes.

6-3 Future Work
A summary of some potential future research is providedvizelo

« It would be very interesting to see the techniques disclssthis thesis actually implemented
on a test chip. The real measurement data can address tlimquéshow low the timing error
spurs can be suppressed? Also it might even open up morteaviey related timing errors
which are still out of grasp. Alternately, if the silicon vksras expected and timing errors
are indeed down to 5fs accuracy, then the problem of timimgrewvhich has been bugging
interleaved ADCs since its inception, would be solved catgly.

* If a silicon is implemented and due to some reason the tineimgrs are not corrected to a
desired accuracy level, then additional technique of sbliaugn can also be deployed [36]. The
scrambling can be implemented by randomly selecting onlesofrtain-lanes rather than cycling
through them. Also, the timing error due to mismatch betwdianmy lane and reference lane,
can be reduced by scrambling or randomizing the dummy lanes.

» The stability and the convergence of the calibration logswivestigated primarily using a
MATLAB simulation model. It would be highly desirable to lewnathematically rigorous
analysis by which the stability of calibration loop can btablshed.
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« In atime-interleaved ADCs often multiple calibration psooperate simultaneous. For instance,
offset, gain mismatch and timing error calibration loopagkrate simultaneous. In such sce-
nario, it is important to make these loops orthogonal egfigcihe gain mismatch and the
timing error loops. The gain mismatch should not appear asran to timing error calibration
loop and should be corrected only by gain calibration loapthie calibration loop described
in chapter-3, this orthogonality is readily available. Heterror signal on which the gain cali-
bration loop operates, is multiplied By — D) then the gain calibration and timing calibration
loop can be made orthogonal. Few initial simulations shoedgaromise but further exhaustive
study needs to be performed.

* Finally, if higher speeds are required to be achieved tleemlyidth mismatch of the sampling
front-ends needs to calibrated. This can be done by tunthgreihe common-mode voltage of
the bottom-plate or the strapping potential of the boopgtea top-plate switch.
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Appendix A

Target Specifications

In this appendix target specifications for wideband capfD€ are estimated by taking an example
of GSM cellular signal. As shown in fig.(A-1), a typical cddu signal is accompanied by a strong
blocker tone. An image of this tone is generated due to ed®mhg issues of ADC like timing errors,
which ends up in the signal band due to process of direct sagnpt fs. Also, ADC adds it own
noise to the received signal which should be low enough td theeGSM specifications.

To simultaneously capture all wireless standards existirgmobile handset, the sampling rate
of the ADC should be at leaSt7H z. Further, the receiver sensitivity for GSM (DCS-1800) kit
should be at least 102dBm and in-band SNR required &3 (for BER < 10~%). As an example
both of these specifications are shown in fig.(A-1). Thusntbiee floor of the ADC over the Nyquist
band () — 2.5GHz) should be below-102dB — 9dB = 111dB. Further, in wideband capture
application the channels are separated in the digital dotmanarrowing into one channel. For GSM
cellur, the channel bandwidti®¢f, is 200K H z which is narrowed from total capture spectrunof
to 2.5GH z. The resulting oversampling gaif)N Ros, is given by,

2 . .
SNRps =10 - logw(lf;c/ﬂ) ~ 40d B where,By is the channel bandwidth (A-1)

Taking the over-sampling gain into account the in-band endlisor of the ADC should be at least
111dB — 40dB = 71dB i.e. 12 bits lower. Thus, the ENOB of the wideband capture AbGuld be
at least 12 bits.

Further, the linearity of the ADC is also critical. For GSMetinput signal dynamic range is
from —102d Bm to —10dBm. Assume a blocker signal at10d Bm as shown in fig.(A-1). Due to
interleaving issues (e.g. timing error) in a wideband cap®DC, an image of the blocker tone is
created which folds back into the signal band after samplifigs image of blocker tone should be
close to—111dBm level i.e. should be below noise floor. Hence, the spurs ededtie to timing
error in the interleaved-ADC should be belevt03dB. As shown in Chapter-2, this translates timing
error accuracy of less thaiyfs RMS. Also, similar image of blocker tone will be generatec da
distortion in the ADC. This argument implies that even theedirity of the ADC should be around
103dB level.
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Figure A-1: Signal power level expected at the output of the widebantlcaADC.

Table A-1: Summary of specifications for wideband capture ADC for mohplications

Parameter Value Remark
Sampling Frequencyf§) | > 5 GHz 0-2.5GHz1% Nyquist-band
ENOB > 12 bits ADC in-band noise floor limit
Interleaving Spurs < 103dB Requires timing errok 5fs RMS (Chapter-2)
Linearity < 103dB Similar requirement as on spurs due to interleaving
Power 20mw As per literature [7]
FOM 1fJ/conv-step, 22x better than state-of-the art design

Finally, the power budget on wideband ADC for mobile woulddreund 10mwW-20mWw [7].
For sampling speed of 5GHz and ENOB of about 12 bits, the FOM®{ADC should be around
1fJ/conv-step. Comparing this with 22.4fJ/conv-step el by state-of-the art ADCs in 65nm
CMOS (fig.(1-2)(a)), it requires about 22x improvement.

Table-A-1 summarizes important specification for the watebcapture ADC which were argued
above.
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Appendix B

MATLAB Code to Simulate Basic
Interleaving Issues

The following MATLAB code is used in Chapter-2 to study basierleaving issues in time-interleaved
ADCs.

% this code nodels ideal TI ADC by considering sanpling instants

%in version-1 the sanpling instants were static so we could not introduce
%timng errors

clear all;

clc;

Fs=5e9;

Ts=1/ Fs;

NFFT=2720;

Tmax = (NFFT-1)*Ts;
t =0: Ts: Tnax;

M = 104383; % adj ust to change Fin val ues
Fi n=M¢ ( Fs/ NFFT) ;

X1 = 0:4xTs: Tnax;

X2 = Ts: 4*Ts: Tnax;
X3 = 2xTs: 4xTs: Thax;
x4 = 3xTs: 4*Ts: Tnax;

Xin = 1*sin(2«pi *Fi nxt);

%nable followng lines to disable error due to input offset error
VOS1 = 0;

VOS2 = 0;
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VOS3 = 0;
VoS4 = 0;

%nable followng lines to enable error due to input offset error

% VOS1 = 0. 3;
% VOS2 = 0.1;
% VOS3 = -0. 15;
% VOS4 = -0. 3;

%Enabl e followng lines to disable gain msmatch

Al = 1;
A2 = 1;
A3 = 1;
A4 = 1;

% Enable following lines to introduce gain m snatch

% Al = 0.99;
% A2 = 1.015;
% A3 = 1.0;

% A4 = 1.009;

% Enabl e following line to disable timng msmatch
dTS = 0;

% Enabl e following line to enable timng m smatch
%ITS = 1.497e-12;

% | nput sanpling

yl = Alxsin(2xpi*Fi nx(x1+dTS)) +VOS1,;
y2 = A2+xsin(2*pi *Fi nxx2) +VOS2;

y3 = A3xsin(2xpi *Fi n*x3) +VOS3;

y4 = Adxsin(2*pi *Fi n*x4) +VOs4;
=1

% out put nmux
for i=1:1:1ength(yl)
VI(j) = yl(i);

=i+
VT(j) = vy2(i);
=i+
VT(j) = y3(i);
o=+
VT(j) = ya(i);
I =1+
end

% Cal cul ate Spectrum
X = fft(Xin, NFFT)/ NFFT;
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Y = fft(VT, NFFT) / NFFT,;
SE = 1+NFFT/ 2;

f = (Fs/2e9)=*linspace(0, 1, SE)
20«1 0g10( abs(X(1: SE)));
20+1 0g10(abs(Y(1:SE))):

Xdb
Ydb

figure(l);

subplot(2,1,1);

pl ot (f, Xdb) ;

x|l abel (" Frequency [GHz] ' );
yl abel (" I nput Signal’);
grid on;

subplot(2,1,2);

pl ot (f, Ydb);

x| abel (" Frequency [ GHz] ' );
yl abel (" Qut put Signal )
grid on;

%l ot error signal
figure(2);

q = VI-Xin;
subplot(2,1,1);

pl ot (VT(1:50));

x| abel (" I ndex’);

yl abel (" Qut put Signal’);
grid on;

subplot (2,1, 2);
plot(q(1:50));

x|l abel (" I ndex’ ) ;

yl abel (" Error Signal’);
grid on;
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MATLAB Code to Simulate Basic Interleaving Issues
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Appendix C

Simulation Setup for Timing Errors

The method used to compute FFT and timing errors in ChapteredChapter-5 is detailed in this
appendix. The expression given below are only applicableatdence SPECTRE tool.

C-1 Coherent FFT

The desired sampling frequencfg, is 50 M H z. Assume that number of FFT points (NFFT)I3
and FFT window is rectangular. For this given informatioa trequency resolution of FFFg;n is
390625. In order to achieve coherent FFT, the input frequency gshbalchosen such that it falls on
the FFT grid i.e. an integer multiple ¢f; . A non-interger number of periods of input signal would
result in frequency leakage due to discontinuity at the sddeectangular FFT window. Thug;y
should be,

f[N = M- fBINy whereM = 2557 (C-l)
— 998828125(~ 1GH?z) (C-2)

The value of integer multiplier)/ is delibrately chosen to be a prime number becaudé it even
than the input signal sample pattern repeats itself and dii@aal information is obtained. Finally,
M = 2557 is chosen as the desired input frequency should be closg tbz.

C-2 Setting Up Variables

Fig.(C-1)(a) shows the fully-differential passive traaie-hold used in this thesis. It's design details
can be found in Chapter-5. The input signal is sampled ac@spling capacito€’;. The sampling
instance is controlled by opening the bottom-plate switék, by signalTy;, as shown in fig.(C-1)(b).
To realize bottom-plate sampling, the top-plate switthy, . opens after the bottom-plate switch.
The differential output of the track-and-hold is defined by,
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Simulation Setup for Timing Errors
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Figure C-1: Track-and-hold circuit used in this thesis.
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Figure C-2: Magnitude and phase plot for output of the track-and-haiclit.

Vour,prrr = (VT("IVOP") — VT("/VOP")) (C-3)

This expression can be coded into SPECTRE. To estimatedimiror, the phase ooy prrr
should be known. In order to obtain phase information, FFV&fr prrr needs to be computed. As
Vour,prrr is valid only in the HOLD phase, the FFT should also be compute¢he HOLD phase.
To compute the FFT assume that the first sample is pick&dras — 08secs. For NFFT = 128
points which are spaced with sampling perio@ef- 08 (50M H z), the last sample should be located
at2.6375e — 06 (7.75 + 128 - 2). In order to ensure that this range of samples can be accdateth
and sufficient FFT points are available, the first and lastpdamoints ofsample function should be
defined appropriately. For example, as shown below,

VOUT7SA]WP = sampleﬁVOUﬂD[FF 1.885e — 08 2.637e — 06 (C-4)

First Sample Last Sample

"linear" 2e—08 )
N——
Sampling period
PH1 = phaseédft(Voursamp 7.75e —08 2.6375e — 06 (C-5)
15t FFT Sample Last FFT Sample
128  "Rectangular! "Default")]
~~

No. of samples

Note that in order to ensure that samples are actually pregsesampling points on which FFT is
computed, the simulation variables likaaxstep and strobeperiod must be set. For the simulation
performed in this thesis both of these two variables areséps. Fig.(C-2) shows the simulated
result of the two equations above for the track-and-holdudir To extract the timing information,
first the phase of the main-tone needs to obtained which caohe by usingralue function. Once
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the phase information is obtained the timing error can berdehed simply by dividing phase with
the input frequency as given by,

valug PH1998828125)

Ap = C-6

¢ 360 (C-6)
A¢

2m - 998828125

At (C-7)
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