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Delta-Sigma DS modulator ADCs are used extensively in appliceiovhere the
analog signal bandwidth is narrow compared to malctADC sample-rates because
these ADCs are very efficient and the oversamplalgxes the analog filtering require-

ments prior to digitization. Conventional contus-timeDS modulator ADCs require



high a ccuracy building block including low-leakagralog integrators, high-linearity
feedback DACs, high-accuracy reference voltagegh-Bpeed comparators, and low-
jitter clocks. Unfortunately, as process technmsgscale and supply voltages are re-
duced it becomes increasingly difficult to buildese circuits. Fortunately however,
highly scaled CMOS processes offer very fast, \aegse and very low-power digital

logic gates.

This dissertation presents continuous-tid& modulator ADCs that consist
mostly of digital logic gates. The ADCs are atagk-controlled ring oscillator based
design with new digital background calibration awdf-cancelling dither techniques ap-
plied to enhance performance. Unlike conventialedila-sigma modulators, they do not
contain analog integrators, feedback DACs, compesabr reference voltages, and do
not require a low-jitter clock. Therefore, theyeusss area than comparable conventional
delta-sigma modulators, and the architecture i$-svgled to IC processes optimized for

fast digital circuitry.

Prototype ICs were fabricated in both the 65nm bh® @5nm G+ CMOS proc-
esses. The performance of the prototype ICs igpepable to the state-of-the-art in
terms of power figure-of-merit but this new architee uses significantly less circuit

area.



|. INTRODUCTION

|.LA. Motivation for the New D&Modulator Architecture

In many analog-to-digital converter (ADC) applicaits such as wireless receiver
handsets, the bandwidth of the analog signal ar@st is narrow relative to practical
ADC sample-rates. Delta-sigma () modulator ADCs are used almost exclusively in
such applications because they offer exceptior@iericy and relax the analog filtering
required prior to digitization [1]. Continuous-time modulator ADCs with clock rates

above several hundred MHz have been shown to hydarly good in these respects

[2].[3].[4].[5].

Unfortunately, conventional analog modulators present significant design
challenges when implemented in highly-scaled CMOSelchnology optimized for digi-
tal circuitry. They require analog comparators,hhagcuracy analog integrators, high-
linearity feedback DACs, and low-noise, low-impecdameference voltage sources. Con-
tinuous-time  modulators with continuous-time feedback DACs addally require
low-jitter clock sources. These circuit blocks anereasingly difficult to design as
CMOS technology is scaled below the 90 nm node ussc#he scaling tends to worsen
supply voltage limitations, device leakage, devioalinearity, signal isolation, andfl/

noise.



[.B. VCO-BasediDSModulator

An alternate type of modulator which does not require the above-mention
analog blocks consists of a voltage-controlled osgillator (ring VCO) with its inverters
sampled at the desired output sample-rate follotwedligital circuitry [6],[7],[8].[9],
[10], [11]. Although the ring VCO inevitably introdes severe nonlinearity, the structure
otherwise has the same functionality as a firsepabntinuous-time modulator. Un-
fortunately, the nonlinearity problem and the hgglurious tone content of first-order
modulator quantization noise has limited the deplegt of such VCO-based modula-
tors to date. The only previously published metbhbdircumventing these problems is to
use the VCO-based modulator as the last stage of an otherwise cdioreal analog

modulator, but this solution requires all the hpggrformance analog blocks of a con-

ventional analog modulator except comparators [12].

This work presents a VCO-based modulator that incorporates two new tech-
niques with which it avoids these problems: digitelckground correction of VCO
nonlinearity, and self-cancelling dither [13]. Tthigital background calibration technique
is an extension of a technique originally useddoect nonlinear distortion in pipelined
ADCs [14], [15]. The self-cancelling dither techageliminates the spurious tone prob-
lem by adding dither sequences prior to quantinadiod then cancelling them in the digi-
tal domain. Additionally, the modulator uses a new digital calibration technitha
enables reconfigurability by automatically retunitng VCO’s center frequency when-

ever the modulator’s sample-rate is changed.



The new techniques enable the modulator to achieve high-performance data
conversion without analog integrators, feedback BA€@mMparators, reference voltages,
or a low-jitter clock. Therefore, it uses less aten comparable conventional analog
modulators, and the architecture is well-suitedhighly-scaled CMOS technology opti-

mized for fast digital circuitry.

|.C. Dissertation Organization
The dissertation presents the theory, analysiscandit results for three different

versions of a VCO-basddS modulator. The dissertation consists of ten arapt

Chapter Il describes the VCO-based modulator concept, and quantifies the
VCO nonlinearity problem. Chapter Il presents #ignal processing enhancements in-
cluding digital background calibration, pseudo-gléntial topology, and self-cancelling
dither technique. Chapter IV presents themodulator’s key circuits. Chapter V pre-
sents measurement results for the first prototyhefdbricated in the 65nm LP process,
and draws conclusions about the ADCs performandesaortcomings. Chapter VI de-
scribes a number of architectural enhancementspoove theDS modulator’s perform-
ance and usability. Chapter VII describes a nunabecircuit-level enhancements to
boost theDS modulator’s performance. Chapter VIl presentasurement results for a
second prototype IC, fabricated in the 65nm G+ @sec which incorporates all of the
enhancements described in Chapters VI and VII.ap@r IX presents measurement re-
sults for a third prototype IC, also fabricatedhe 65nm G+ process, which is similar to

the first prototype IC and is intended to prove Hemefits of process scaling for the



VCO-basedDS modulator architecture. And chapter X presentsckhssions of this re-

search.

Chapter | is largely taken from Section | of theg@aentitled “A Mostly-Digital
Variable-Rate Continuous-Time Delta-Sigma Modulad®@C” published in the IEEE
Journal of Solid-State Circuits, volume 45, numi@r pages 2634-2646, December
2010. The dissertation author is the primary itigasor and author of this paper. Pro-

fessor lan Galton supervised the research whichddhe basis for this paper



Il. VCO-BASED M ODULATOR OVERVIEW

lI.A. ldeal Operation

An idealized VCO-based modulator with a continuous-time input voltagé),
and a digital output signaf[n], is shown in Figure 1(a). It consists of a VC(phase-to-
digital converter, and a digital differentiator blowith a transfer function of Z*. Ide-

ally, the instantaneous frequency of the VCO is

feolt)= F, 322 v(1 M

wherefs is the center frequency of the VCO in Hz, ago is the VCO gain in radians
per second per volt. The phase-to-digital convegigantizes the VCO phase, i.e., the

time integral of the instantaneous frequency, atkgates output samples of the result at

timesnTs, n=0, 1, 2, ..., wherés = 1fs.

In a practical implementation the phase-to-digi@ahverter would typically gen-

erate its output samples modulo one-cycle. It candsified that provided

0.5f, < fyco(t) <1.5f, (2)

for all t and another modulo one-cycle operation is perfdrafeer the digital differenti-

ator, then the digital output signal is not affelchy the modulo operations. Therefore, the



modulo operations are not considered in the folhgatd simplify the explanation.

Aside from an integer multiple of a cycle (whichimlately has no effect oy[n]
because of the modulo operations), itteoutput sample of the phase to digital converter

in radians is a quantized version of

= " Keovt ) e . 3)

Equivalently, (3) can be written as

fln= K, (4)

k=1
where
nT,
ufnl = Ke(D (5)
It follows that [n] could have been obtained by passifty through a lowpass continu-

ous-time filter with transfer function

. sin(pT, f)

ot (6)

Ho(f) =Ky ™
and sampling the output of the filter at a raté;.of

The system of Figure 1(b) is, therefore, equivaterihat of Figure 1(a). It obtains
[n] by sampling a filtered version of the input sigaa described above and implements
(4) as a discrete-time integrator. The discreteetimtegrator is followed by the same

guantizer and digital differentiator as in Figufa)lto obtainy[n].



Given that the discrete-time integrator and difféiegor both have integer-valued
impulse responses, it can be verified that theesysif Figure 1(b), and, hence, the sys-
tem of Figure 1(a), is equivalent to the systenkiglire 1(c) [16]. Thus, the VCO-based

modulator is equivalent to a conventional firstter continuous-time modulator,
so it can be analyzed by applying well-known praipsrof the first-order modulator

to the system of Figure 1(c) [1]. In particular

in=un +ef h, (7)

wheree [n] is first-order highpass shaped quantization noise

[1.B. Aring VCO Implementation

A practical topology with which to implement the @CGand phase-to-digital con-
verter is shown in Figure 2. In this example, tHéQ/is a ring oscillator that consists of
five inverters, each with a transition delay thapends on the VCO input voltag&t).
The ring sampler consists of five flip-flops clodkat a rate ofs, where theD input of
each flip-flop is driven by the output of one o&tlCQO'’s inverters. At each rising edge
of the clock signal, i.e., at timed, the output of each flip-flop is set high if there-
sponding VCO inverter output signal at that timeaksove the flip-flop’s digital logic

threshold of approximately half the supply voltaged is set low otherwise.

A well known property of ring oscillators is thatany given time during oscilla-
tion, exactly one of the VCO's inverters is in atetof eithepositivetransition or nega-

tive transition i.e., a state in which the inverter’s input andipait are both below or both



above the digital logic thresholds of the flip-flopo which they are connected, respec-
tively. For example, suppose Inverter 1 in Figuren®ers positive transition at tintg
The inverter remains in positive transition untilime t; at which its output rises above
the digital logic threshold of the flip-flop to wdh it is connected. At this same instant,
Inverter 2 enters negative transition. This processtinues in a clockwise direction
around the VCO such that Inverter (L#ifod 5)) is in positive transition from timeto
timet.1 if i is even, and is in negative transition from titn® timet;., if i is odd fori =

0,1, 2, ..., wherg+; > t;.

Therefore, each inverter goes once into positigasition and once into negative
transition during each VCO period, and there arg @0 possible 5-bit values that the

ring sampler can generate regardless of whersangpled. The phase decoder maps each

of the 10 values into a phase numbdmn], in the range {0, 1, 2, ..., 9} (the correspond-

ing phase in radians is given [#p7[n]/10). Since each phase number corresponds to
one of the inverters being in a state of transitiad there are 10 such states per VCO pe-
riod, f[n] represents the phase of the VCO modulo one-cyadmtiged to the nearest

10th of a cycle as depicted in Figure 2.

Ideally, the VCO inverters are such that itetransition delay is given by

R
ti+1' ti_ 10 Ts KdV(ﬁ,I‘m) : (8)

where



tml- E VOL! )

V(tta)=
is the average value ®ft) over the time interval fromg to ti.;. This time interval repre-
sents a 10th of the corresponding VCO cycle asritestabove, so (8) implies that the
VCO’s averagefrequency during this time interval, i.e.,

1 s
Tt fuco(t)dt (10)

i+1

wherefycd(t) is the VCO’sinstantaneougrequency at timég can be written as

1

_— (11)
10(ti+1 - tl )
Substituting (8) into (11) and expanding the reaalt power series yields
1 tiag 1 ¥ K, _ "
ot f,oo(t)dt :fn:o —:v(ti, t.) - (12)

Provided thatv(t) does not change significantly betweemmndt;.s, it follows that the

VCO can be modeled as having an instantaneousdnegLgiven by

K 1% TK "
f t) = f +—VCO /(1) + —S VCO\,({ 13
o= Fr v+ Ty (13)

Wherecho 2 Kqg /TSZ.

II.C. The Nonlinearity Problem

A comparison of the instantaneous frequency ofitiggVCO given by (13) to the



10

ideal instantaneous frequency given by (1) inde#tat the ring VCO introduces nonlin-
ear distortion. Applying the reasoning of SectibA leads to the conclusion that the dis-
tortion causes the input to the first-order modulator in the equivalent system of Figure

1(c) to be

ns 2_:0 ¥ T Kveo

S T vy o (14)

win] +

instead of just [n]. It follows from (5) and (7) that providedt) does not change sig-

nificantly over each sample interval, the outputne®  modulator is

i =ud+el b+ a (1. (15)
where
1 i-1
a o 5 : (16)

fori =2, 3, ..., are nonlinear distortion coefficients.

It should be stressed that the nonlinearity isthetresult of non-ideal circuit be-
havior. It is a systematic nonlinearity that occax®n with ideal circuit behavior. The
problem is that the VCO’period changes linearly with(t), but to eliminate the nonlin-
ear terms in (14) it would be necessary for the \83f@quencyto change linearity with
v(t). It is the reciprocal relationship between VC@é&siod and frequency that give rise to
the nonlinear terms in (14). Of course, in practioe relationship between the inverter

delays and the input voltage is not perfectly Imas assumed by (8). While this intro-



11

duces additional significant nonlinearity it tentds be less severe than the reciprocal

nonlinearity described above.

Transistor-level simulations of the VCO-based modulator described above
with the 15-element VCO designed for the IC prgpetypresented in this paper support
these findings and demonstrate the severity optbblem. For instance, the output of the
simulated  modulator withfs = 1.152 GHz and a full-scale 250 KHz sinusoidgluin
signal has second, third, and fourth harmonics2& dBc, 47 dBc, and 64 dBc, re-
spectively. When the simulated output sequencen®cted in the digital domain to can-
cel just the second-, third-, and fourth-order atisbn terms using the techniques pre-
sented in the next chapter, the largest harmontledrcorrected sequence is less than 90
dBc'. This suggests that for the target specificatiointhe IC prototype presented in this

paper it is only necessary to cancel the secohile-t and fourth-order distortion terms.

Chapter Il is largely taken from Section Il of gppaentitled “A Mostly-Digital
Variable-Rate Continuous-Time Delta-Sigma ModulaA@C” published in the IEEE
Journal of Solid-State Circuits, volume 45, numi@; pages 2634-2646, December
2010. The dissertation author is the primary itigasor and author of this paper. Pro-

fessor lan Galton supervised the research whighddhe basis for this paper.

11t can be verified that the technique used to ehtle 5 term in (15) introduces a fifth-order term that
happens to largely cancel theterm in (15) as a side-effect.



[1l. SIGNAL PROCESSING DETAILS

The prototype IC contains two identical modulators that each incorporate four
of the basic VCO-based modulators described above as separate signad.pHtley
also contain additional components that implemieatdigital background calibration and
self-cancelling dither techniques. The signal pssoey details of the modulator de-
sign and the reasons for using four such signdispet a single modulator are pre-

sented in this chapter.

IHI.A. Digital Background Calibration

Two types of digital background calibration are iempented in each modula-
tor: 1) digital background cancellation of VCO-iméa second-order and third-order dis-
tortion, and 2) digital background tuning of the @€ center frequency to the modu-
lator’s sample ratds. The former in combination with a pseudo-differaharchitecture
to be explained shortly addresses the nonlinegmibplem described in the previous
chapter. The latter centers the input range of thenodulator about the midscale input
voltage. This maximizes the dynamic range, and lesaleconfigurability by automati-

cally retuning the VCO'’s center frequency whendyes changed.

Figure 3 shows a block diagram of a single VCO-8asemodulator signal path
and the on-chigalibration unitshared by all the signal paths in both modulators. The

signal path is similar to the VCO-based modulator described in Section 11.B, except

12
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that its VCO is implemented as a voltage-to-curi@®fit) converter followed by a 15-
element current-controlled ring oscillator (ICR@d it contains aonlinearity correc-
tion block that cancels the distortion terms in (15). Thabcation unit measures the
VCO center frequency and nonlinear distortion cfignal path replica and generates
digital data used by the actual signal path to ergptune the VCO'’s center frequency
and cancel nonlinear distortion. The calibration operates continuously in background,

and periodically updates its output data with nesasurement results.

The calibration unit’'s signal path replica is ideal to the actual signal path ex-
cept that it does not have a nonlinearity correcbtock, its differential input voltage is
zero (i.e., it has a constant, midscale input $)gaad a four-level current steerifgb4-
rate DAC adds a calibration sequence to the inpus dCRO. The calibration sequence
is ty[ n]+to[n]+t3[n] where thei[n] sequences are 2-level, independent, zero-meandps

random sequences.

.A.1 VCO Center Frequency Calibration
The calibration unit'svCO center frequency calculatttock adds each succes-
sive set of 2 output samples from the signal path replica amdescthe result by a con-

stant,K, to create afiy2*>-rate digital sequence given by

DI [m] :Kf-lr[mP+] (17)

whereP = 2?8 andr[n] is the output of the signal path replica. Theheigost significant

bits (MSBs) of this sequence are used to adjusobtiteut current of th&/I converter in
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the signal path replica. This forms a negative liee# loop with a bandwidth that de-
pends orK. The feedback drives the VCO’s output frequencth point at which[n]

has zero mean. The frequency to which the VCO agegasfs, because the VCO'’s input
voltage is zero and the calibration sequence hrasan of zero. Th¥/I converter in the
signal path is also adjusted by thgm] sequence. To the extent that the signal path and
signal path replica match, this causes the sigadi'pVCO to have a frequency very

close tofs whenv(t) = 0.

The choice oK is not critical because settling error in the laapoduces only as
a small common-mode error in the modulator. In the prototype I® was chosen to

achieve one-step settling.

.A.2 Nonlinearity Correction

The nonlinearity correction block in the signallp& a high-speed look-up table
with mapping data updated periodically by tfulinearity coefficient calculator bloakf
the calibration unit. The look-up table maps eadiit 5nput sampley[n], into an output

sampley[n]|correctea SUCH that

3
M= ¥ 8- (V1) (25 223 (I 2 (00 (18)
where a,, and a, are measurements of theand 3 coefficients in (15), respectively. It

can be verified that i, =a, , fori = 2 and 3, theg[n]|correcteadOes Not contain any VCO-

induced second-order or third-order distortion t®rm
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Applying (18) to obtairny[n]|corected@lSO has some side effects. A positive side ef-
fect is that it adds a fifth-order term that happennearly cancel the portion of the fifth-
order distortion corresponding t@ given by (16). Negative side effects are thaddsa
higher-order distortion terms and cross termsiti@dude € [n])' fori =2, 3, 4, 5, and 6.
Fortunately, these terms are sufficiently smalt th@y do not significantly degrade the
simulated or measured performance of the modulator. The cross terms containing
(e [n])' fold some of the quantization noise into the signal band but tHeefd noise
is well below the overall signal band noise flodtlee  modulator. This is because the
15-element ring oscillator quantizes each phasmats to within 1/30 of a VCO period
soe [n] is small relative to [n]. Had a VCO with fewer ring elements been used, th
folding of guantization noise into the signal band would metessarily have been

negligible.

.A.3 Nonlinearity Coefficient Measurement
The purpose of thaonlinearity coefficient calculator blodk to generate the 30
values of (18) that correspond to the 30 possiblees ofy[n]. While using the values of
> and 3 given by (16) fora, and a,, respectively, in (18) would result in cancellatio
of much of the nonlinear distortion, it would naldaess nonlinear distortion arising from
non-ideal circuit behavior, and simulations sugdbat this would limit the ADC'’s sig-

nal-to-noise-and-distortion-ratio (SNDR) to betw&&ndB and 65 dB.

Therefore, the calibration unit continuously measw, and a, by correlating

the output of the signal path replica against tred 2-level sequencdsfn], t;[n]xty[n],
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andty[n]xto[n]xts[n], to obtain the threk/2*-rate sequences given by

g.[m] :%: rfmP+ [t mP+J, (19)
a.lm =5 i[mP+ i mP+} { mPs]i (20)

and
o[ :%:r[mP+ [ [ mP+} o mP+]i f mP i (21)

whereP = 22 It can be verified that when the signal pathicefs VCO frequency i,

9

~»a, and % va,. (22)

64’

Therefore, the nonlinearity coefficient calculatwock calculates the 30 values of (18)

with

9,

9
and a, —=. 23
207 3 (23)

64’

It does this and loads the 30 values into the neality correction block’s look-up table

once every Z'T; seconds.

The nonlinearity calibration technique describedwabis based on the same prin-
ciple as that presented in [15], but one of itéedénces is that it measures the nonlinear
distortion coefficients of a signal path replicastead of the actual signal path. The

nonlinearity coefficients could have been measutieetctly from the output of the actual
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signal path, but if this had been done there wbialkk been unwanted terms correspond-
ing tov(t) in the correlator output sequencef)]. The variance of each such term is pro-
portional to 1P, so for large enough values Bfthe terms can be neglected. Hower,
would have had to be much larger th&f far the terms to be negligible, so the time re-
quired to measure the nonlinear distortion coedfits would have been much longer than
the Z°T, seconds required by the system described aboveexample, wherfs is set to

its maximum value of 1.152GHz, the system descrdisale requires 233 ms to measure
the nonlinear distortion coefficients, whereas saviens of seconds would have been re-

quired had a signal path replica not been used.

The peak amplitude of the calibration signal alffiecés the time required to
measure the nonlinear distortion coefficients. Ew@tie the amplitude is doubleB, can
be divided by four without reducing the variancéshe measured nonlinear coefficient
values. Therefore, it is desirable to have as lafge calibration sequence as possible in

the signal path replica that does not cause thetpaiverload.

11.B. Pseudo-Differential Topology

The accuracy with which the nonlinear distortiorme can be cancelled depends
on how well the actual signal path matches theasigath replica and also on bandwidth
limitations of the signal path itself. For exampi@nsistor-level simulations of the sys-
tem shown in Figure 3 indicate that the nonlingacibrrection block only reduces the
worst-case second-order distortion term from 28cdB 65 dBc, which is well below

the target specifications for this project.
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This limitation is addressed in the modulator by combining two signal paths to
form a singlepseudo-differential signal paths shown in Figure 4. The two signal paths
differ from the signal path shown in Figure 3 iattlthey share a single fully-differential
V/l converter. Otherwise, the signal path blocks showiigure 4 are the same as those
shown in Figure 3. The outputs of the two signahpare differenced to form the output
of the pseudo-differential signal path. The diffeiag operation causes the residual
even-order distortion components in the outputheftwo nonlinearity correction blocks

to cancel up to the matching accuracy of the twoaipaths.

Both differential and pseudo-differential architeets have been used previously
in VCO-based modulators [7], [9], [10], [11]. Each approachesf the benefit of can-
celling much of the even-order nonlinearity. Untorately, simulation and measurement
results indicate that the expected matching acgusathe two signal paths is not suffi-
cient to cancel the worst-case second-order distoterm below about 65 dBc. Fur-
thermore, while the pseudo-differential architeetis better for low voltage operation
than the differential architecture, it has the dismtage that the strong second-order dis-
tortion introduced by each ICRO introduces a laeger component proportional to the
product of the difference and sum of the two ICR@ut currents. Therefore, in the ab-
sence of second-order nonlinearity correction praodifferencing the two signal paths,
any common-mode error on the two ICRO input linesid be converted to a differen-
tial-mode error signal. These problems are adddebgehaving the nonlinearity correc-
tion blocks in each signal path correct second+odigtortion prior to the differencing

operation.
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The signal components in the output of the twodaigaths have the same magni-
tudes and opposite signs, whereas the quantizatime and much of the circuit noise in
the two outputs are uncorrelated. Therefore, tfferdncing operation increases the sig-
nal by 6dB and increases the noise by approxim&dB, so the SNR of the pseudo-

differential signal path is approximately 3dB higltean that of each individual path.

l1.C. Self-Cancelling Dither Technique

The quantization noise from first-order modulators is notoriously poorly be-
haved, particularly for low-amplitude input signgdg. It often contains large spurious
tones and can be strongly correlated to the ingutas In theory this problem can be
solved by adding a dither sequence to the inpuh®f modulator’s quantizer. If the
dither sequence is white and uniformly distributacer the quantization step size, it
causes the quantizer to be well modeled as aniagldidurce of white noise that is uncor-
related with the input signal [17]. The dither lilas same variance and is subjected to the
same noise transfer function as the quantizatioserso it increases the noise floor of the

modulator by no more than 3 dB.

Unfortunately, in a VCO-based modulator there is no physical node at which
to add such a dither sequence, because the integeatd quantization are implemented
simultaneously by the VCO. Another option is tal alde dither to the input of the
modulator. This has the desired effect on the geaiin noise, but severely degrades the
signal-band SNR because the dither is not subjeotdte = modulator’s highpass noise

transfer function. While highpass shaping the ditivéor to adding it to the input of the
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modulator would solve this problem, doing so tetalsegate the positive effects of

the dither on the quantization noise.

A self-cancelling dither technique is used in tisrk to circumvent these prob-
lems. The idea is to construct the modulator as the sum of two pseudo-differential
signal paths each of the form shown in Figure 4 with a dither signal added to the in-
put of one of the paths and subtracted from thetigp the other path. The overall
modulator output is the sum of the two pseudo-cefiéial signal path outputs. The dither
causes the quantization noise from each pseudergliffial signal path to be free of spu-
rious tones and uncorrelated with the input sigamal it also degrades the signal-band
SNR of each pseudo-differential signal path outgsitdescribed above. However, the
dither components that cause the SNR degradatidheiroutput sequences of the two
pseudo-differential signal paths have equal madeguand opposite polarities, whereas
the signal components in the two output sequencesdantical, and the noise compo-
nents in the two output sequences are uncorrelateetefore when the two output se-
guences are added, the unwanted dither componamtgl¢cthe signal components add in
amplitude, and the noise components add in poweas fesults in an SNR that is 3dB
higher than would be achieved by a single pseufferdntial signal path in which the
unwanted dither component were somehow subtractedtlg. It also doubles the circuit

area and power dissipation, the implications ofcltare discussed shortly.

An advantage of the fine quantization performedhsy 15-element ring oscilla-

tors is that low-amplitude dither sequences arecéffe. In this design, approximately 1
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dB of dynamic range is used to accommodate themd#bquences.

An alternate approach to the self-cancelling diteehnique described above is to
add a common-mode dither signal to a single pselifferential signal path. The dither
would then be cancelled by the pseudo-differersigthal path’s final differencing opera-
tion. The reason this approach was not used ishieasecond-order distortion correction
performed by the nonlinearity correction blocks\@d perfect, particularly at frequencies
well above the signal band, so the residual secoddr error would cause a small but
potentially significant differential error term goortional to the product of the input and

dither signals.

111.D. The Implemented  Modulator Architecture

Figure 5 shows a block diagram of the full modulator architecture incorporat-
ing the features described above. It consists ofdfsthe pseudo-differential signal paths
shown in Figure 4, the calibration unit shown igd¥e 3, and a pair of 4-level DACs that
add and subtract a pseudo-random dither sequenemddfrom the top and bottom
pseudo-differential signal paths, respectively, ®gputs of the two pseudo-differential

signal paths are added to form the modulator output sequence.

The input to each dither DAC is a 4-level white ygb@random sequence with a
sample-rate of48. Each dither DAC converts this sequence intafferdntial current
signal with a peak-to-peak range approximately etmahe quantization step-size re-

ferred to the inputs of the ICROs. Extensive syslevel and circuit-level simulations
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and measurement results indicate that the dithatemd the noise injected by each
ICRO’s quantization process sufficiently to meee target specifications of the

modulator, despite having only four levels and pdate rate of onlfy/8.

As described above, each pseudo-differential sigatii has an SNR that is 3 dB
higher than that of its two non-differential sigmaths, and adding the outputs of the two
pseudo-differential signal paths results in a 3diprovement in SNR relative to that
which could be achieved by a single pseudo-diffeaénignal path. Therefore, compared
to a single non-differential signal path, the feignal paths in the modulator consume
four times the power and circuit area, but they asult in an SNR improvement of 6

dB. A commonly-used figure of merit for modulators is

signal bandwidth

FOM = SNDR+10log, ————
power dissipation

(24)

with SNDRin dB. To the extent that trf&NDRIis noise-limited it follows that the use of

multiple signal paths does not degradeReM.

lI.E. Quantization Noise, No-overload Range, and the
Number of Ring Elements

As described in Section II.A, well-known results fbe first-order modulator
can be applied to the VCO-based modulator [1]. The theoretical maximum signal-to-
guantization-noise-ratiGQNR,ax is that of a conventional first-order modulator plus
6 dB to account for the four signal paths and mihuB to account for the reduction in

dynamic range required for dither. Hence,
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SQNR,, =20log, (2 M) + 30log, 2st + 1.5, (25)

whereM is the number inverters in each ring oscillatar {fse number of quantization
steps is M), andB;s is the signal bandwidth. The oversampling ratide§ined a$OSR=
f4(2Bs). The no-overload range modulator is the range of input voltages for whigh

is satisfied, so it follows from (1) that the noeslad range is

V(D) <2 (26)

KVCO

Unlike a conventional modulatorfs andM in (25) cannot be chosen independ-
ently becausé = 1/M in,) where i, is the nominal delay of each VCO inverter when
v(t) = 0. For a given inverter topology,y is determined by the speed of the CMOS proc-
ess. Therefore, to increagdor a given design, it is necessary to redviceroportionally.
It follows from (25) thalSQNR,axincreases by 3 dB each tirfags doubled for any given
inv and Bs. However, increasings has two negative side effects. First, it increabes
guantization noise folding described in SectionAllbecause reduciniyl causes coarser
guantization. Second, it increases the clock ratehech the digital circuitry following
the ring oscillators must operate, which incregsmger consumption. The choice of 15-
element ring oscillators for the IC presented is ffaper represent was made on the basis

of these considerations.

Chapter 11l is largely taken from Section Il ofpaper entitled “A Mostly-Digital
Variable-Rate Continuous-Time Delta-Sigma Modulad®C” published in the IEEE

Journal of Solid-State Circuits, volume 45, numi&; pages 2634-2646, December
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2010. The dissertation author is the primary itigesor and author of this paper. Pro-

fessor lan Galton supervised the research whiechddhe basis for this paper.



V. CIRcUIT DETAILS

IV.A. ICRO, Ring Sampler, and Phase Decoder

If the ring oscillator inverters have mismatcheseriand fall times or signal-
dependent amplitudes, the result is non-uniformnteation that can cause significant
nonlinear distortion which is not corrected by baekground calibration technique. The
problem is illustrated in Figure 6 for the casead-element ring oscillator implemented
as aV/l converter that drives five current-starved invextdhe output waveform from
each inverter is shown for the case of a const&@® Vhput voltage, i.e., a constant VCO
frequency. The transition times and values thatpih@se decoder output would have if
the ring sampler were bypassed are also shown. Baehter waveform oscillates be-
tween a minimum voltage of zero and a maximum geltthat depends on the VCO in-
put voltage. This causes the duration of each teverpositive transition state to be
much shorter than that of its negative transititates The effect is evident in the non-
uniform transition times of the phase decoder dutpunce the amount of non-uniformity
depends on the VCO’s input signal, this phenomeraurses the modulator to intro-

duce strong nonlinear distortion.

The implemented modulator avoids this problem with differentialverters
and a modified ring sampler and phase decoder.coheept is illustrated in Figure 7,
again for a 5-element ring oscillator. In this gasach inverter is defined to bepositive

transition when its positive input voltage and positive ottpaltage are less than and

25
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greater than the digital logic threshold (e.g.f tia supply voltage), respectively. Simi-
larly, each inverter is defined to benegative transitiorwhen its negative input voltage
and negative output voltage are less than andegréd@n the digital logic threshold, re-
spectively. With these definitions all the conctuss of Section 11.B apply to this exam-
ple. However, unlike the example shown in Figuréh®,duration of each inverter’s posi-
tive transition state is the same as that of itgatiee transition state because each of the
times, t;, occur only when dalling output from one of the inverters crosses the logic
threshold. Therefore the transition times of theaggh decoder output are uniformly

spaced for any given VCO frequency.

This idea can be applied to any ring oscillatohvéih odd number of elements. In
particular, each ICRO in the prototype IC is a riofj 15 current-starved pseudo-
differential inverters as shown in Figure 8. Thagrsampler latches the 30 inverter out-
puts on the rising edge of eafifrate clock, and the phase decoder calculatesra-cor
sponding instantaneous phase number by identifyimgh inverter was either in positive

or negative transition at the last sample timeestidbed above and in Section I1.B.

IV.B. V/I converter

TheV/I converter is shown in Figure 8. The outputs avenfa pair of pMOS cas-
code current sources in which the gates of theockstransistors are regulated by the
outputs of a fully-differential op-amp, and currgbportional to the differential input
voltage is injected into the sources of the casdoalgsistors. To the extent that the op-

amp input terminals present a differential virtgmbund, the output current variation
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about the bias current into the top and bottom IEROY:Vin: Vin )R and Y2(Vin+

Vin )/R, respectively.

The V/I converter operates from a 2.5 V supply, so it mief all thick-oxide
transistors. The op-amp has a telescopic cascodeise with common-mode feedback
achieved by sensing the common-mode input voltabe. simulated differential-mode
open-loop gain and unity-gain bandwidth of the agpaare 50dB and 2.3GHz, respec-
tively, and the phase margin of the feedback I®p5 degrees over worst-case process
and temperature corners. Two-tone simulations adfes O tofy/2 frequency band with
layout-extracted parasitics indicate that nonlingigtortion from thev/l converter is at

least 20dB less than that of the overallmodulator regardless of input signal frequency.

The closed-loop bandwidth of thél converter is approximately,/Cc, wheregn,
is the transconductance of the op-amp’s differépda nMOS transistors anQc is the
value of the compensation capacitors. For any gptesse marginCc depends on the
magnitude of the two non-dominant poles at thesiof the pMOS cascode transistors
in the op-amp and in the output current sourcessé&lpoles are inversely proportional to
the intrinsic capacitances of the devices, whitcimaitely depends on tHe of the CMOS
process. Sincgn is relatively independent df, the closed-loop bandwidth increases as
fr is increased. This implies that if tM8 converter were implemented in a more highly-
scaled CMOS process, it could be designed to hdamger closed-loop bandwidth with-

out increasing the current consumption.

The ICRO bias current is controlled by the calilmaunit as described in Section
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lll.LA. The gate voltage of the pMOS current sounggy[n], is the drain voltage of a di-
ode connected pMOS transistor connected to an nelI®®nt-steering DAC driven by

the 8-bit output of the VCO center frequency catai in the calibration unit.

A side benefit of the pseudo-differential architeetis that its cancellation of
common-mode circuit noise eliminates the needIterfthe ICRO bias voltages. Other-
wise large bypass capacitors would have been edjais they are in conventional con-

tinuous-time  modulators that use current steering DACSs.

As shown in Figure 3, the calibration signal bygastheV/l converter so the
digital background nonlinearity correction techreéqipes not cancel nonlinear distortion
introduced by th&//I converter. As described above, ¥Wé converter is sufficiently lin-
ear that this is not a problem. Alternatively, gren loopV/l converter without an op-
amp could have been used. This would have intratiggmnificant nonlinear distortion,
so it would have been necessary to modify the ialidn unit to inject the calibration
signal into the input of &/l converter replica. In this case, ti# converter distortion
would be cancelled along with ICRO distortion by ttligital background nonlinearity
correction technique. One side effect of the tipigraach is that the dither would have to
be added prior to the/l converters in the actual signal paths. Otherwigsg would be
subject to distortion that the digital backgrourmhimearity correction technique would
not properly cancel. While this alternative appfoacviable, it was not implemented be-
cause it would have dictated more complicated DA€ ghe calibration and dither se-

quences.
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IV.C. Dither DACs

The accuracy of the self-cancelling dither techaigescribed in Section III.C de-
pends on how well the two pseudo-differential sigraths match and how well the two
dither DACs match. Mismatches between the pseuffierelintial signal paths occur
mainly among the ICROs, and simulations predict sueh mismatches are so small as
to have a negligible effect on the modulator’s performance. The dither DACs generate
current outputs, so their matching depends on helvmultiple switched current sources
can be matched, which, in turn, depends on deviegs Unfortunately, conventional
current-steering DACs with sufficient matching a@my to meet the target specifications

would occupy almost half of the total circuit acddhe  modulator.

A solution to this problem is shown in Figure 9.€Tidea is to use a pair of very
small current-steering DACs but suppress the effetteir mismatch error by alternately
swapping their roles at twice their update-rateer€fore, the outputs of each DAC are
connected to the ICRO inputs in one of the pseufierdntial signal paths for the first
half the DAC’s update period, and to the ICRO ispint the other pseudo-differential
signal path for the second half of the DAC’s updageiod. It can be verified that this
causes the residual dither component in themodulator output sequence arising from
DAC mismatches to have a first-order highpass p@pectral density. This suppresses
the error sufficiently over the modulator’s signal band so as to have a neglighiect

on the SNR.

A potential problem with non-return-to-zero (NR4)rent steering DACs is that
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parasitic capacitance at the source coupled nodbeoturrent steering cell can cause
nonlinear inter-symbol interference. The DACs usethis work avoid this problem via
the dual return-to-zero (RZ) technique in whichae&r pf RZ DACs offset from each other
by half an update period are interlaced to achtbeecombined effect of an NRZ DAC

[18].

The architecture described above can be implemelitedtly as shown in Figure
9 with the 4-level DACs implemented as RZ DACs.effiatively, the switches in the
swapper cells shown in Figure 9 can be built itte ¢turrent steering cells of the RZ
DACs. The latter approach is taken in this worke Twvo implementation methods are
equivalent from a signal processing point of vibut the latter results in a more compact

circuit with less degradation from non-ideal citdoghavior.

I\VV.D. Nonlinearity Correction Block

As described in Section Ill.A, each nonlinearityreation block is a high-speed
look-up table (LUT). It maps a 5-bit input sequetee 14-bit output sequence at a rate
of fs, wherefs can be as high as 1.152 GHz. The details of thekldre shown in Figure
10. The calibration unit loads the 32 14-bit regjistwith mapping data via the LUT write
address and LUT write value lines during the f82(T; clock periods once every..
The 5-bit input sequence is used as a LUT readeaddEach 5-bit value routes the 14-bit

output from the corresponding register to the outpu
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IV.E. Circuit Noise Sources

The lowpass ring oscillator phase noise is subjettighe highpass transfer func-
tion of the 1z* blocks, so the resulting contribution to the oateequence in the signal
band is nearly white noise. Simulations indicai@ ith each  modulator thé//l con-

verter resistorsy/l converter op-amps, VCO bias current sources, @RDIs together

contribute 10nV/v/Hz , 9 nV/+/Hz , 10 nV/+/Hz , and 9nV/v/Hz, respectively, of noise
referred to the input. For a full-scale sinusoidalut signal (800 mV differential peak-to-
peak) and a signal bandwidth of 18 MHz, the resgl®NR from thermal noise only is
77 dB. It follows from (25) that for this signal fdwidth SQNR.ax = 76 dB, so the ex-

pected peak SNR from thermal and quantization rnogether is 73 dB.

The modulator is much less sensitive to clock jitteart conventional
modulators with continuous-time feedback DACs bseaii does not contain feedback
DACs. Jitter-induced ring sampler error is suppedsa the signal band because it is sub-
jected to first-order highpass shaping by the smibset 1 z* blocks, and jitter-induced
errors from the dither DACs largely cancel alongtwvthe dither when the outputs of the
pseudo-differential signal paths are added. Inreghtjitter-induced error from the feed-
back DACs in the first stage of a conventional ocardus-time  modulator is neither
highpass shaped nor cancelled. Most of the puldiskigleband continuous-time
modulators use current-steering feedback DACs whpaotse widths and pulse positions
are both subject to clock jitter. The jitter mixagh-frequency quantization noise into the

signal band, so a very low-jitter clock is necegsar as not to degrade the noise floor of
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the signal band [3].

Chapter 1V is largely taken from Section IV of gppaentitled “A Mostly-Digital
Variable-Rate Continuous-Time Delta-Sigma Modulaa@C” published in the IEEE
Journal of Solid-State Circuits, volume 45, numi@; pages 2634-2646, December
2010. The dissertation author is the primary itigasor and author of this paper. Pro-

fessor lan Galton supervised the research whigchddhe basis for this paper.



V. FIRST PROTOTYPE IC

V.A. Measurement Results

The IC was fabricated in the TSMC 65nm LP proceisls the deep nWell option
and both 1.2V single-oxide devices and 2.5V duadi®xdevices, but without the MiM
capacitor option. All pads have ESD protectiorcwiry. The IC was packaged in a 64-

pin LFCSP package.

Each IC contains two modulators with a combined active area of 0.14’mm
A die photograph of one of the modulators is shown in Figure 11. The calibratioit
area is 0.06 mf Thesignal converteri.e., the portion of each modulator not includ-
ing the calibration unit, has an area of 0.04°mksingle calibration unit is shared by the

two  modulators, so the area per modulator is 0.07 mfn

All components of both  modulators are implemented on-chip except for the
f42%% rate coefficient calculation block within the datition unit's nonlinearity coeffi-
cient calculator block. A schedule problem jusbpto tapeout prevented on-time com-
pletion of this block so it is implemented off-chip has since been laid out for a new
version of the IC and found to increase the overadh by 0.004mfrwith negligible in-

cremental power consumption because of its lowaohtgeration.

A printed circuit test board was used to evalua&gl€ mounted on a socket. The

test board includes input signal conditioning ditrg) clock conditioning circuitry, and
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an FPGA for ADC data capture and serial port comoation. The input conditioning
circuitry uses a transformer to convert the sirggieed output of a laboratory signal gen-
erator into a differential input signal for the [The clock conditioning circuitry also uses
a transformer. It converts the single-ended outpat laboratory signal generator to a dif-
ferential clock signal for the IC. Two power supplprovide the 1.2 and 2.5 V power
supplies for the IC. Th¥/l converters operate from the 2.5V supply, andthiér blocks

on the IC operate from the 1.2 V supply.

Measurements were performed with a clock frequefgcsanging from 500MHz
to 1.152GHz. Single-tone and two-tone input signaése generated by high-quality
laboratory signal generators and were passed thrpagsive narrow-band band-pass fil-
ters to suppress noise and distortion from theasigenerators. Each output spectrum
presented below was obtained by averaging 4 leb§884 periodograms from non-
overlapping segments of modulator output data, and the SNR and SNDR vakeze
calculated from the resulting spectra via the tegm presented in [19]. Both modu-

lators on five copies of the IC were tested witmieticeable performance differences.

Figure 12 shows representative measured outputrapEidhe  modulator for a
0 dBFS, 1 MHz single-tone input signal with= 1.152 GHz, both with and without digi-
tal background calibration enabled. Without calilora the SNDR over the 18MHz sig-
nal band is only 48.5dB because of harmonic distorand a high noise floor. The high
noise floor is the result of common-mode to difféi@l-mode conversion of common-

mode thermal noise via the strong second-ordeortiish introduced by the VCOs as de-
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scribed in Section 111.B. With calibration enabléde SNDR improves to 69 dB. In par-

ticular, the second-order term cancels extremell, we

The measured inter-modulation performance of themodulator withfs = 1.152
GHz is shown in Figure 13. The top plot shows tleasured spectrum of the modula-
tor output for a two-tone out-of-band input sigreaid shows the corresponding signal to
third-order and fifth-order inter-modulation digdion ratios, denoted as IM3 and IM5, re-
spectively. Measurements indicate that the IM3 bl values depend mainly on the dif-
ference in frequency between the two input tonasnbt on where in the 576 MHz Ny-

quist band the two input tones are placed.

The bottom plot in Figure 13 shows the measured &@ IM5 values as a func-
tion of the frequencies at which they occur witthie signal band. Each value was meas-
ured by injecting a full-scale, out-of-band, twaxoinput signal into the modulator
and measuring the IM3 and IM5 values correspontingter-modulation terms within
the 18 MHz signal band. For example, the IM3 vaheasured from the top plot corre-
sponds to the circled data point in the bottom ploFigure 13. The IM3 values before
and after digital calibration are shown. The IM3ues were not measurably affected by

digital calibration, so only the IM5 values aftelibration are shown.

The low-frequency IM3 of better than 83dB suggdsés the calibration unit does
a very good job of measuring third-order distortfon low-frequency inter-modulation
products (even when the input tones are well alogesignal bandwidth). However, the

reduction in IM3 values for inter-modulation protkicear the high end of the 18 MHz
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signal band indicate that the third-order distartamefficient is somewhat frequency de-
pendent. Simulations suggest that this frequengemi@ence is caused by nonlinear
phase shift at the output nodes of Yk converters. Nevertheless, throughout the maxi-

mum signal bandwidth of 18MHz, the IM3 product is@er than 69dB.

Figure 14 shows plots of the SNR and SNDR vempstiamplitude for the
modulator measured over an 18 MHz signal bandwadiith a 9 MHz signal bandwidth
with fs = 1.152GHz. These signal bandwidths corresponoveysampling ratios of 32
and 64, respectively. The SNR and SNDR for a papltisignal with an oversampling
ratio 32 are 70 dB and 69 dB, respectively, anddhfor an oversampling ratio of 64 are
76 dB and 73 dB. This suggests that quantizatideenas opposed to thermal and 1/

noise limits performance at the lower oversamplatg.

As described in Section IV.E a peak SNR of 73 dB wapected over a signal
bandwidth of 18 MHz, but as mentioned above thesmea SNR over this bandwidth is
70 dB. The authors believe that this discrepanaaissed by non-uniform quantization
effects arising from an asymmetric layout of th&k{@s. Simulations with parasitics ex-
tracted from the layout indicate that this incresatde quantization noise by roughly 3dB

and reduces the no-overload range of theanodulator by roughly 0.5dB.

Figure 15 shows representative measured outputrapggfdhe  modulator with
fs reduced to 500 MHz for a large input signal whie dither DACs enabled, and for a
zero input signal both with and without the diti®\Cs enabled. The spectrum corre-

sponding to the zero input signal with the dithex@3 disabled has significant spurious



37

content, as expected. The spectrum corresponditigeteero input signal with the dither
DACs enabled indicates that the quantization nigiseell-behaved and the dither cancel-
lation process is effective because the noise fhwer the signal band does not change as
a result of enabling the dither DACs. Clock feembtlgh from the dither DACs is visible
at f48, but it lies well outside the signal bandwid8imilar results to those shown in

Figure 13 occur whefy is varied between 500 MHz and 1.152 GHz.

Measured results from the prototype IC are sunmadrrelative to comparable
state-of-the-art modulators in Table 1. As indicated in the talthes performance of
the  modulator is comparable to the state-of-the-art,uses significantly less circuit

area.

The  modulator’s performance depends mainly on thetaligircuit speed of
the CMOS process. As described above, quantizatamse, which limits the imple-
mented  modulator’s performance at low oversampling ratesales with the mini-
mum delay through a ring VCO inverter. T8 converter accounts for less than a third
of the total power dissipation, and as describe8antion IV.B its bandwidth should in-
crease adr increases. Therefore, unlike conventional analogmodulators, the
modulator architecture described in this papeikey to yield even better results when

implemented in more highly scaled CMOS technology.

V.B. Conclusions

The ADC described in Sections | through V is thetfhigh-performance, stand-
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alone VCO-base®S modulator ADC presented in the literature andidcessfully dem-
onstrates the feasibility and capabilities of thishitecture. The first prototype IC
achieves near state-of-the-art power figure-of-tremnd beyond state-of-the-art die-size
figure-of-merit. However, the first prototype Has a number of shortcomings that limit
the performance and usability of this ADC. Fitgiantization noise limits the ADCs per-
formance for low oversample ratios. Second, sighahnel bandwidth limitations cause
a roll-off in linearity at higher bandwidths whichduces achievable SNDR. Third, the
theoretical maximum SQNR is not achieved in thst fgilicon due to a handful of im-
plementation errors. Fourth, the input V/I congerequire a 2.5V supply which may be
undesirable for some applications. And last, dlierall power consumption is domi-
nated by digital power used to reduce quantizatioise whereas in a highly efficient
ADC most of the power should be used to reducartakenoise. In the following sec-
tions a number of modifications and improvementth&original design are proposed to
enhance the VCO ADC'’s performance and usabilitgcti®n VI describes a number of
architectural enhancements made to improve perficena Section VIl describes a
number of circuit-level enhancements to help theCAdzhieve performance closer to the
theoretical maximum. Section VIII presents siicmeasurement results for a second
prototype IC fabricated in the 65nm G+ process whicorporates all of the enhance-
ments described in Sections VI and VII. Sectrpiesents silicon measurement results
for a third prototype IC fabricated in the 65nm @rocess which is similar to the first

prototype IC..

Chapters V is largely taken from Section V of aqragntitled “A Mostly-Digital
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Variable-Rate Continuous-Time Delta-Sigma Modulad®C” published in the IEEE
Journal of Solid-State Circuits, volume 45, numi@r pages 2634-2646, December
2010. The dissertation author is the primary itigesor and author of this paper. Pro-

fessor lan Galton supervised the research whiehddhe basis for this paper.



VI. ARCHITECTURAL ENHANCEMENTS

VIA. Quantization Noise Reduction in a VCO-Based ADC
In the first prototype IC, quantization noise lismthe overall SNR performance
for oversample ratios less than 64. A methodeisirdd that can reduce quantization

noise in the VCO-based ADC architecture.

The first prototype IC used four parallel signathgato solve a number of issues
as described in Sections III.B and IIl.C. Since tfuantization noise in each of the four
signal paths is largely uncorrelated, adding the fagnal paths in parallel reduced the
overall SNR by 6dB as described in section Ill.DThe tradeoff is roughly a 3dB in-
crease in SQNR for each doubling of power and @ie.s SQNR could be further re-
duced by increasing the number of parallel chanmelaever a more efficient method is

desired and presented in this section.

Recall that equation (25) of Section IIl.E givese theoretical maximum achievable sig-
nal-to-quantization noise ratio for the dual pseddterential ADC of Figure 5. It can be
inferred from (25) that doubling the number of rielgmentsM, increases th&QNRby

6dB and doubling the sample rafig,increases thEQNRby 9dB. Unfortunately, unlike

a conventionaDS modulator,fs andM in cannot be chosen independently because the
nominal ICRO oscillating frequency is equal to sampling frequencys, and the fol-

lowing relationship must be satisfield: = 1/(2Mtin,) wheret,, is the nominal delay of
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each VCO inverter when(t)=0. Therefore, a VCO ADC’s quantization step sgém-
ited by the minimum inverter dela,, which is determined by the process and the sup-

ply voltage available.

The first prototype IC uses a 15-element ring tetcit sampled at 1.152GHz
shown in Figure 16(a) which gives an SQMR of 75dB for 18MHz of signal bandwidth
and an OSR of 32. The minimum inverter delaynstéd by the process parameters and
supply voltage. One method to improve SQNR isettuce the number of delay ele-
ments and increase the sample rate. A 7-elemegtoscillator with a 2.4GHz sample
rate is shown in Figure 16(b). An ADC that udes iting oscillator of Figure 16(b) will
have a SQNR advantage of only 3dB when compared #DC that uses the ring oscil-
lator of Figure 16(a). This is a modest improvamier doubling the clock rate. In-
creasing the sample rate further is not desiraidetd speed limitations of the digital cir-
cuitry in the digital signal processing path. Aduhally, reducingM causes coarser
guantization resulting in increased quantizatiois@d®olding when correcting signal path

nonlinearity as described in Section IIl.A.

A solution exists that avoids these limitations &nd shown in Figure 16(c). By
injection locking two ring oscillators with an offsof ¢#,/2, the quantization step size
can be effectively cut in half which is equival@atincreasing M by a factor of 2 and
therefore the quantization noise is reduced by 6dBRresistor interpolation is used to
keep the pseudo-differential inverters 180 degmegsf phase and to keep the two ring

oscillators phase-locked with,,/2 offset. A modulator employing the two injectio
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locked ring oscillators of Figure 16(c) witsc2.4GHz has a 9dB increase in SQNR rela-
tive to a modulator using the oscillator of Figé{a) for the same signal bandwidth, B
Additionally, a delay cell using resistor feedbaagtead of weak inverter feedback is in-

herently faster and produces less thermal noise.

Alternately, a modulator employing two 7-elemerjeation locked ring oscilla-
tors of Figure 16(c) withs=2.4GHz can use the higher sampling rate to iner#as sig-
nal bandwidth. For example, a modulator using al,direlement injection-locked ring
oscillator withfs=2.4GHz and a 32x OSR will have a nearly ident8@NR but twice
the signal bandwidth when compared to a modulagorgua single, 15-element ring os-

cillator withfs=1.152GHz.

The injection locking idea can be extended beyovalrings. For example, four
7-element rings can be injection-locked to furtimerease M by a factor of 2 and there-
fore reduce quantization noise by another 6dB.wéler, a dual, 7-element ring oscilla-
tor was chosen for the second prototype IC becinses 28 possible output codes values
which meet the SQNR target specification and allogisse of the first prototype IC’s
digital processing blocks since its 5-bit signalgassing path can process a 28 code ring

oscillator output.

VI.B. Quantization Noise Reduction by Extended No-
Overload Range

The output of thédS modulator, as described in Section II.A, is eqoahe dif-

ference in VCO phase value from one sample to &x¢ n This phase difference is lim-
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ited to a range of 0-360 degrees. The measuraseptiifference value, as a function of
VCO frequency, sampled at the sample rigfas periodic. In other words, multiple val-
ues of VCO frequency correspond to the same phi#feeedce value. For example, if
the VCO frequency is equal to the sample frequetih@n the sampled phase state does

not change from one phase sample to the nextthiBuis also true for

fuco =M xfg (27)
where M={0,1,2..} and the sample-to-sample measured phase differenzero for all
values of M. If the sample-to-sample measureds@hdifference was plotted versus
VCO frequency, then the result would be a periddangle waveform with an amplitude
range of 0 to 360 degrees and a periotk.of The output of th®S modulator, which is
equal to this sample-to-sample measured phasedfiffe, has a unique value only over a
frequency range dg. Therefore, the VCO frequency range of operathust be limited

to

fVCO = fNOMINALiO'5f S (28)

wherefyominaL is the VCO frequency value when v(t)=0.

The ADC described in this paper is designed to atpewith a nominal VCO fre-
guency equal to the sample rafke,which corresponds to differentiator output egigal
zero. Maximum and minimum differentiator outputlues occur atfg = f +0.5f
therefore the no-overload range of operation cpoeds to an instantaneous VCO fre-

guency of
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0.5f, < f,co(t) < 1.5 (29)

When the magnitude of the input voltag€t), causedyco(t) to be outside the value
specified in (29), then the VCO frequency of ostiin exceeds the full-scale range.
When the ring sampler samples the ring phase aahmple ratefs, aliasing prevents the
ADC from determining correctly wheth&k(t) is above or below the range specified in
(29). An input signal that causkg(t) to exceed this range will result in an overloaded
and distorted output signal waveform. An exangquigout waveform for the overloaded
ADC is shown in Figure 17(d). The output does saiurate like a flash converter in-

stead the output is severely distorted.

Fortunately, advantage can be taken of the large @fShe converter. If the in-
put signal is changing slowly comparedf§athe previous oscillator sample value can be
used to determine the current sample value. Huabnique allowd,.(t) to extend be-

yond the range specified in (29).

A new block is added to the signal path called ardRange Corrector (ORC)
shown in Figure 17(a). Output data from the digdifferentiator is fed into the ORC
block. A more detailed view of the ORC is shownHFigure 17(b). It consists of a
lookup-table based state-machine that comparesutrent output of the digital differ-
entiator, labeled a[n], with the past output of ®BC, labeled b[n-1]. A truth table is
shown in Figure 17(c) which describes the operatibthe Overflow Logic block. A

simple algorithm is desirable to minimize die sa®l power dissipation in this block.
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The Overflow Logic block uses simple logic to detere if the current value of a[n] is
within the range specified in (29) or above or belbis range. If the current value of
a[n] is greater than 7 and the previous Overflowit@mutput value, b[n-1], is less than
zero, then an over-range condition has occurred3na subtracted from the current
value. In other words, the logic assumes thattheent value must be negative because
the previous value was negative and an underfltwaton has occurred. Conversely, if
the current value of a[n] is less than -8 and ttevipus Overflow Logic output value,
b[n-1] is greater than zero, then an over-rangealitom has occurred and 32 is added to
the current value of a[n]. In other words, thgitbassumes that that current value must
be positive because the previous value was postigetherefore and overflow situation
has occurred. An example waveform at the outpub® digital differentiator block is
shown in Figure 17(d) where the frequency of thR@Cfyco, swings above and below
the limits set by (29). Notice that aliasing causiee digital differentiator to decode

f.co >1.5f5 as a value slightly greater than fd.lstead. The opposite occurs when
fuco <0.5f5 and this condition is decoded asfato value slightly less then & The

corrected output waveform at the output of the GsRick, without distortion, is shown

in Figure 17(e).

The ORC logic is only valid if the input signal s®ow moving compared to the
sample rate. For the ORC to function properly, itiput signal must not change more
than 8 digital differentiator output code valueat(of a possible 32 values) per clock pe-

riod, Ts, and therefore the input signal must be band-éichit If the digital differentiator
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output code value changes by more than 8 code valeieclock period, then an ambigu-
ous output is possible. For a sinusoidal inpyia with a frequency d&/2, its peak-to-
peak amplitudeAyax.ep , Mmust be less thal?:i2 FS.., where FS,, is the peak-to-peak

full-scale input, to limit the differentiator outpdelta to less than 8 codes per sample pe-

riod, Ts. For a sinusoidal input signal with a frequentys/4, the maximum peak-to-

peak amplitude must be less tf(a@/ 8) FS.» to guarantee that the differentiator output

does not travel more than 8 codes per sample péréod For all input signal frequencies

an input amplitude upper-bound limit can be essdigld by limiting the slope of the input

signal to be less thag% FS.. per sample periodls. The slope of a sinusoidal input
signal is equal to 2f FS.,, wherefy is the input sinusoid frequency. Since the input

signal voltage cannot travel more thg% FS,, then it follows that the upper bound limit

for input amplitude is

fS FS’P
_— —_— y 30
WAX- PP le 1 ( )

where Auax-pp IS the maximum allowable peak-to-peak input sigoala given sample
rate,fs, and input sinusoid frequendyy. It follows from equation (30) that whéq/fs
is less than 1/@, then no input signal band-limiting is required.The maximum at-
tenuation required is -15dBFS fgt4 and -12dBFS dt/2. A single-pole filter ats/4p

provides sufficient filtering to meet the requiramseof (30) because the roll-off of a sin-
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gle pole filter is equal to the change in sinewalape versus input frequendy, For
example, with a 2.4GHz sample ratg,a single pole at 190MHz is sufficient to band-

limit the input signal.

The ORC function improves the performance of i&modulator in two ways.
First, it can be used to extend the dynamic rarfgleo converter. In theory, the over-
range corrector can extend the VCO frequency ramgle beyond that shown in (29).
However, for this test chip, the over-range cooegtas limited to extending the differ-
entiator output range from 28 to 32 possible levdisch corresponds to a 1dB increase
in dynamic range. The ADC was not allowed to edteryond that range for two rea-
sons. First, exhaustive simulation and siliconadstiows that the nonlinearity of the
VCO in the 0.5 to 1.5s range tends to be well modeled as a weakly ncaifienction
that can in turn be modeled as a Taylor series@#tioned previously in Section Ill.A.
If the VCO is to be used beyond thef@® 1.5srange, then care must be taken to ensure
that the VCO continues to exhibit a weakly nonlméanction. At some point as the
VCO is driven farther beyond the range specifie@@), the current-to-frequency trans-
fer function will transitions from a “weak” to a &nd” nonlinearity where higher order
terms become significant. Extending the usablgednrther would have increased the
achievable overall SNR but at the expense of reti@¢DR with a full scale input. Sec-
ond, re-use of the original 5-bit signal procesth peas desirable. The 5-bit signal proc-
essing allows for 32 possible output codes whare@mum positive output code is +15

and a maximum negative output code is -16.
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Additionally, the ORC allows for more usable dynamange in the converter be-
cause, practically speaking, the maximum inputaigan be allowed to exist closer to
full-scale since an input signal excursion slighblyyond full-scale results in a much

smaller error with the over-range corrector enabled

Second, the ORC function improves the overloadoperance of the VCO-based
DS modulator. A traditionaDS ADCs behave poorly when the input exceeds fullesca
resulting in modulator instability poor recoveryng and unusable output codes. This
new design behaves very differently — it saturékesa flash converter. This behavior is
important for many applications. When the inpgnsai exceeds full scale the output of
the over-range corrector saturates at codes +1B6aas shown in Figure 17(f). This fea-

ture also allows for over-range detection.

VI.C. Dither

As discussed in Section I1I.C, the quantizationsedrom a first-ordeDS modu-
lator is very poorly behaved and for low-amplitudput signals the output may contain
large spurious tones. The self-cancelling ditieehnique presented in Section III.C is
used to eliminate the spurious tone problem byragldither sequences prior to quantiza-

tion and then cancelling them in the digital domain

VI.C.1 Case #1:. Extremely Linear V/I Converter
From a practical circuit point of view, it is extnely difficult to add a dither sig-

nal as a voltage prior to the V/I converter. Hwerit is trivial to add dither as a current
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with a simple current steering DAC at the outputha V/I converter. One method to
create self-cancelling dither is shown in Figur€al8 Dither is added as a common-
mode signal to the signal path through two 4-Id0AICs. The digitized outputs of the
two converters are subtracted resulting in a doghtif the signal level and a cancelling

of the dither signal.

Problems arise with this self-cancelling ditheresole when nonlinearity exists in
the signal path. The first prototype IC correasthe 2° and 3 order distortion of the
ICRO. However, as mentioned in Section I11.B, #i&order distortion is large and can-
celling it perfectly is difficult due to channel-thannel mismatch as well as bandwidth
limitations in the system. Recall that the pseddi@rential architecture was used to
remove the resulting residual uncorrected evenratgortion. Assuming the distortion
can be modeled with a small number of Taylor sexgedficients, the nonlinearity distor-
tion coefficients for the ICRO arg, andas. The output of each channel’s differentiator

is

Yeul =g [ 4 +afwe ] B *+afwe] B *+ ¢ In, (31)
where CH is the channel number, either 1 or 2 lig first example, and the channel’s

input signal is

wnl =+ml] +q i

: (32)
wn] =-wl+ d b

whered[n] is the discrete-time dither signal integratedramee sample interval ana[n]
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is the input signaly(t), integrated over one sample interval and muéply K,co. The

nonlinearity coefficient estimator calculates tloerection termsa, and a,. Consider the

case mention above, where the third order estimated is exactly equal to the actual

distortion coefficient &, =a,) but the second-order estimate is not perfecti(a,).

Substituting (32) into (31), then (31) into (18yes the corrected output of channel 1 and
channel 2 of Figure 18(a). Taking the differenceéhef channel 1 and channel 2 corrected

outputs gives the following

Your = yl[ r] | corrected ~ yz[ ﬂ]| corrected” 2 W[I h+4( a,- az) W[I h [d]H_ (33)
10

The un-cancelled second-order distortion causesram-mode dither signal to be con-
verted to differential signal through the residuatorrected % order distortion shown in
the second term of (33). Because the second drstertion is very large, the residual,
uncorrected ? order distortion can be quite large and therefbeeconversion of com-

mon-mode dither signal to differential-signal canduite large.

For this reason, the dual pseudo-differential aechire with differential dither
DACs shown in Figure 18(b) was chosen for the farsttotype IC because it eliminates
the common-mode to differential conversion seef3#). The input signal is injected
differentially into the two pseudo-differenital cireels with the same polarity but the
dither signal is injected differentially into thevd pseudo-differential channels with the

opposite polarity. Therefore, the input signalstfe four channels are
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wn =+wlr +d i
w[n =-wlr- dh
wln =+wld - d b
wn =-wli+ dh

(34)

Substituting (34) into (31), then (31) into (18yas the corrected outputs of the four

channels of Figure 18(b). Summing the four cde@outputs give the following

yOUT[n] = M[ I}|corrected- M: h| correctet_j*_ 2 ]n| corrected N]r‘ correct
= 4w [N +8[(a, - a,)- @5 a Hw,[nd i ... (35)
=0

The result is that the residual un-cancell8ic2der distortion, self-cancels with this ar-
chitecture and there is no common-mode to diffeaénbnversion with the dual pseudo-

differential architecture.

VI.C.2 Case #2: Nonlinear V/I Converter

Consider a signal path where the input V/I convag@ot sufficiently linear as to
be ignored. With such a system, the input signé), is subject to V/I converter nonlin-
earity as well as ICRO nonlinearity, but the ditlsggnal is subject only to the ICRO
nonlinearity . The nonlinearity correction coeiints can be generated to correct for
nonlinearity from the V/I converter input to ti¥S modulator output or from the ICRO
input to theDS modulator output but not both. If the nonlineaof the V/I converter is
significant and the nonlinearity correction bloabrrects for it then the dither will not
completely cancel and inter-modulation products el present at the output of the con-

verter. The nonlinear distortion is modeled wét8® order Taylor series where the
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nonlinearity distortion coefficients for the V/l weerter area$ and a§ and the nonlinear-

ity distortion coefficients for the ICRO az$ anda$.

A problem occurs because the input signal is patisedigh the V/I converter
nonlinearity before the sinc filtering and samplohgscribed in (6) in Section IlLA. This
poses a problem when high-frequency interferingagare present at the input because
they cause distortion that can fall in-band bunthieese high-frequency interferers are
filtered by (6) before the nonlinearity correctioff.interferer signal is attenuated by the
sinc transfer function, then it becomes impossibiehe nonlinearity correction block to
remove the distortion products created by thesaferers. Fortunately, the input signal
must be lightly filtered for both anti-aliasing regements as well as the over-range cor-
rection block requirements. This light filteringduces the amplitude of out-of-band
interferers that are affected by the sinc tranffiection so that they create negligible dis-
tortion in-band. Extensive simulations indicdtattthe light filtering mentioned here is

enough to make the system immune to any out-of-baederer.

Recall from (5) thawvfn] is a phase increment and it is proportional ®itttegral
of the VCO input over one sample interva, where the VCO input is the input signal
vi(t) plus the dither signaiy(t). Therefore, when the input signal is passeduthinothe

V/I converter nonlinearity, the phase incremenuealfor channel 1 and channel 2 are

wn = " Ko (0 +ag(u)) 8 $u0)) +KeoW ) £d o)
° . 36
wn= 7 Ko -vi(D+ag(u@))-a 6yt )’ + Koo ) td

(n' 1)Ts
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The V/I converter nonlinearity happens inside theegral. To simplify the following
analysis, the assumption is made that the inputasigaries slowly compared to the sam-
ple ratefs, and therefore the input signal changes verglidtler one sample interval and

the following simplifications can be made

afco " (V|([))2d A 2(cho( " VA )[d) & 2((W|[ '})2

(n-1)Ts (n-D)Tg . (37)
nT, nT,
2o |1 (O d 2 Ko T v | & ()

wherev[n] is the integral of the input signal over one skmipterval multiplied by

Kvco. With the simplifications of (37), then (36) rexs to the following

wnl  +vld +ag(\ b)* +a.$¥ In)* +[dIn

) . . (38)
wln -yl A+ ag(\ h)’- a,$¥ In)* [dIn

whered[n] is the integral of the dither signal over one plminterval multiplied by

Kvco. It follows from (15) that the output of each ohal’s differentiator is

vl =n{n+a®] b +ameh + ¢ In
VIl=w]id+a®i h+amh+e In

Substituting (38) into (39) and then (39) into (§B)es the corrected results at the output

(39)

of each channel, then taking the difference of aoedd and channel 2 outputs results in

the following

Your = y:L[ r] | corrected ~ yZ[ I]]| corrected:2 \’{I :h+4( ag@a) \yl ]n [d] Rr... (40)
10
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Perfect estimation of the combined V/I converted 46RO nonlinearity results in sec-

ond and third order correction terms equakto=a $+a ,land a, =a $+a .\, respectively.
If the V/I converter distortion is large then tleerh (a$¢ a,) is very large and therefore

the dither and input signal inter-modulation at tlput of the ADC shown as the second
term in (40) is very large. Given a full-scal@um signal, a typical dither signal that is
roughly equal to 1dB of the input full scale ranged V/I converter and ICRO distortion

components of similar magnitude as described @, lextensive simulations show that
the un-cancelled dither signal present at the dwtyjdlbe significant and severely reduce

the performance of the ADC.

However, a solution exists that greatly reducessenerity of this problem: the
dual pseudo-differential converter shown in Figli8¢b) described in the previous sec-
tion. Recall that the input signal, v(t), is addbflerentially to each pseudo-differential
converter channel and the dither signal is addea differential signal to each pseudo-
differential signal path but with the opposite pitla The outputs of the two pseudo-
differential channels are added with the result the digitized input signal adds at the
output but the digitized dither signal largely calscat the output. As in the case of the
single pseudo-differential converter in Figure }8the dual pseudo-differential con-
verter gives undesired inter-modulation terms a& tutput. However, in the dual
pseudo-differential architecture all the even-ongledesired terms cancel leaving only the

odd-order terms
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yOUT[n] = M[ @|corrected- M: h| correctea*_ B ]n| corrected N]ri correctt

= 4w [n] +8[(agt a,)- @ ;%@ ,)w,[id i (41)
=0
+12 2@22-823939- (7 3'@: 3)W| [n]d[n]2+
o0

Fortunately, the second term in (41) completelyceéand the third term in (41) is very
small because the dither signal and the second-alidortion terms are both squared
and the third-order term is small. Given a fullecinput signal, a 1dBFS dither signal
and V/I converter and ICRO distortion componentsiafilar magnitude as described in
II.C, extensive simulations show that the inter-maton product falls well below the

noise floor and has no effect on the overall SNR.

It can be shown that a converter with 4 psuedceewbfitial channels can be con-
figured so that the third-order terms also cantéha output of the converter. However,
this approach was not taken because the added ewitypbutweighs any potential bene-

fit for this application.

These results make possible the use of a moderatalinear V/I converter. This

approach will be investigated in the next section.

VI.D. Low Voltage V/I Converter
The closed-loop V/I converter used in the firsttptgpe IC required a 2.5V sup-
ply and a feedback amplifier to create a highlydinvoltage-to-current conversion as

shown in Figure 19(a). This ADC front-end is etfy suited for applications requiring
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a low-bandwidth, moderately high dynamic range Adighal path that uses a 2.5V sup-
ply. However, the first prototype IC’s V/I comter would not interface well in applica-

tions using a 1.2V signal path.

Fortunately, the dual pseudo-differential architeetdescribed in the previous
section allows for the use of a moderately nonlindé converter. A much simpler V/I
converter can be constructed which uses a 1.2VIgw@ou consumes much less power
and produces less noise. The V/I converter chasemn simple, open-loop, resistor-
degenerated pMOS common-source amplifier showngaré 19(b). The V/I converter
operates from a 1.2V supply, so it uses thin-oxrdesistors. The V/I converter input
common-mode is chosen to be roughly mid-supplyeadioom limitations at the output
of the V/I converter limit the amount of resistagggneration resulting in a fairly small
amount of linearization improvement in the voltagezurrent conversion relative to a

non-degenerated common-source amplifier.

Headroom allowed for a degeneration resistancedbiaesponded to roughly a
200mV drop across this resistor with a zero diffiéieg input signal. The degeneration
resistance is typically 310 ohms which is roughlyn3es greater than the transistor tran-
simpedance,\g. The full-scale input swing fdg=2.5GHz is 800mV differential peak-
to-peak with &y, approximately equal to 2.2mS. Simulations intidhat for eacldS

modulator, the input referred noise voltage for YHe converter degeneration resistors
and V/I converter pMOS devices aEse4nV/ v Hz and 2.9nV/ v Hz, respectively. Simu-

lations indicate that the V/I converter 1/f nois@rer occurs at roughly 400 kHz. This
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noise corner is fairly high due to the small aréshe V/I converter pMOS devices and

the limited degeneration resistance used. If setolf noise corner is required, then ei-
ther higher degeneration or larger pMOS devicesreqeired — the penalty for this is

greater headroom requirements for the V/I convestegreater parasitic capacitance at
the current starved node of the ICRO which willrease AC distortion in the signal path
(more about this in section VII.C). The low-paisg) oscillator phase noise is subjected
to the high-pass transfer function of the1iocks, so the resulting contribution to the
output sequence in the signal band is nearly winise. Simulations indicate that the
ICRO noise is very small relative to the V/I corteemoise referred to the input of the

converter.

The open-loop V/I converter’s transfer functionclese to that of a resistor de-
generated square law device with a fairly strorgpsd-order distortion term but a fairly
small third-order distortion term. It is intenest to note that the second, third, and
fourth order distortion terms of the open-loop ¥dnverter have similar amplitudes but
opposite signs to that of the ICRO. These distorterms tend to negate each other
which results in lower overall distortion throudtetsystem. For example, the output of
the simulated open-loop V/I converter with a neat-$cale 250KHz sinusoidal input
signal has second, third, and fourth harmonic2@tdBc, -43 dBc, -60dBc, respectively.
These numbers closely match the distortion ternorted for the ICRO of section 11.B
which has second, third, and fourth harmonics &tBz, -47dBc, and -64dBc, respec-
tively The overall converter distortion includinget open-loop V/I converter and the

ICRO with a 250KHz sinusoid input signal had secahdd, and fourth harmonics at -
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35dBc, -49dBc, and -66dBc, respectively.

Recall from Section VI.D that V/I converter thirdder distortion can cause un-
cancelled dither signal to fall into the signal BarExhaustive simulations indicate that
for a V/I converter with a third harmonic term df3dBc and a dither signal amplitude of
-26dBFS (which corresponds to a peak-to-peak dglggral roughly equal to the quanti-
zation step size) the resulting un-cancelled dithier-modulation products are below the

noise floor.

Care must be exercised to ensure that the V/I gten® nonlinearity can be well
modeled as a weakly nonlinear function that, imtean be modeled as a Taylor series as
mentioned previously in section Ill.A. This reanment is ultimately what sets the re-
quired degeneration resistor value. The minimumwnvgy supply voltage minus the
maximum output swing of the ICRO sets the minimusadroom for the V/I converter.
It is necessary to keep the degenerated pMOS desdtien saturation at all times in or-
der to keep the V/I converter transfer functionieglent to a weak nonlinearity. Unfor-
tunately, the small headroom budget limited the amhof resistor degeneration. Due to
this limited resistor degeneration, the V/I congeronlinearity transitions from a weak
to a strong nonlinearity at roughly -2.5dBFS. kgut signals with amplitudes greater
than -3dBFS, the weak linearity model begins takmown and the nonlinearity correc-
tion block fails to adequately correct the nonlmiggawhich results in a reduction in
SNDR for input signals greater than -3dBFS. (Tikianother reason why the overload

range extension mentioned in Section VI.B was nathpd much beyond the nominal
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range.)

Two open-loop V/I converters are configured in aymo-differential fashion as
shown in Figure 19(b) but unfortunately this conf@tion provides no input-signal com-
mon-mode rejection. In other words, the input cansmode dc bias point sets the dc
bias current flowing into the ICRO which therefaets the center frequency of the
ICRO. A calibration unit is required to set thwrect ADC input common-mode voltage

which will align the ICRO center frequency with tARBC sample ratd.

VI.E. Digital Background Calibration

As mentioned in Section Ill.A, two types of digitahckground calibration are re-
quired for each ADC. The first is digital backgnalucalibration of the V/I converter and
ICRO induced second-order and third-order distartichich addresses the signal path
nonlinearity problem described previously. Theosetcis digital background tuning of
the VCO'’s center frequency to match the ADC's sample fs, which centers the input
range of the ADC about the midscale input voltagd therefore maximizes dynamic
range as well as enables reconfigurability by aaiocally retuning the VCO'’s center

frequency whenevdg is changed.

Using a nonlinear V/I converter increases the im@etation difficulty of the
calibration unit substantially. In the first ppogpe IC’s calibration unit, the V/I con-
verter is assumed to be sufficiently linear andyahke ICRO nonlinearity is estimated.

Since the ICRO has a current input, it is a sinmpégter to inject the calibration sequence
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as a current via a simple current steering DAC.oweler, a signal path employing a
nonlinear V/I converter requires that the calilwatsignal be injected as a voltage at the
V/I converter input so that both the nonlinearifytlee V/I converter and the ICRO can be
estimated. This requires the use of a voltage DvkiEh is significantly more difficult

to implement than a current DAC. Figure 20 showdetailed description of the new
calibration unit including the voltage mode caliima DAC. The operation of this new

calibration unit will be described in the followirtigree sub-sections.

VILE.1 Nonlinearity Correction

Recall that the nonlinearity correction block iretkignal path is a high speed
look-up table with mapping data updated periodychi} the nonlinearity coefficient cal-
culator block of the calibration unit. The look-tgble maps each 5-bit input sample,

y[n], into an output sampl®[n]|corrected SUCh that

M= G 0= (B 1) (25 223 (v a (1) @2)

wherea, anda, are estimates of the andas signal path distortion coefficients ad

is a gain scaling factor.

VI.E.2 Nonlinearity Coefficient Measurement

The Nonlinearity Correction Block needs to firstamere the nonlinearity intro-
duced by the V/I converter and ICRO in the sigrailwerter shown at the top of Figure
20. This is accomplished by measuring the nontityeaf a signal converter replica. A

voltage-mode DAC consisting of a current-steerildCDand load resistors are used to
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generate a calibration sequence at the input teigmal converter replica. Since the ref-
erence current is proportional to a precision ezfee divided by the on-chip poly resistor
value, it follows that output of the voltage DAC psoportion to the reference voltage
which results in a very precisely controlled amyag. The amplitude of the calibration
DAC is proportional to an 8-bit programmable valdgac[7:0]. The calibration se-
guence is therefore passed through the V/I convartd the ICRO. Signal path nonlin-
earity produces intermodulation products that carctrrelated against to estimate the

nonlinear coefficients of the signal path replica.

The level of the calibration signal is important should be between 0.4FS and
1.0FS. It must be greater than 0.4FS becauseatheation signal itself is used to dither
the replica converter signal path. Exhaustive fatran and silicon measurements show
that this minimum level of signal is required td gegood estimate of thé’®rder coeffi-
cient. When the calibration signal falls belovistlevel then spurious content can cor-
rupt the coefficient estimates. It is easy toifyethe amplitude of the calibration se-
guence by viewing the output of the correlators.The calibration unit continuously
measures the gain of the signal path replica byetaimg its output against one of the

three 2-level sequencesg]n], to obtain the fs/Z-rate sequence given by

g.[m] :%f-lr[mP+ | t[ mP+] (43)

i=0

whereP = 2?2, Since the calibration output has 4 levels tiete are 32 possible output

: : . 1
codes, a full-scale calibration sequence shoulc lzagtep size o% output codes. It
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follows that a single calibration sequence at tbguat of the replica signal path has a
. 0}1 31 . . - .
full-scale peak amplitude 2x§ and when this output is multiplied by its corresgo

ing +/-1 calibration sequence and summed de2?® clock cycles, then the following

sum is expected at the first correlator output

31

3 2% 4.39"10. (44)

N

gl— FULL- SCALE —

The calibration state machine can servo the angditf the calibration sequence until
theq value is the desired percentage of full-scaléhis can be accomplished in one step
after the first value ofy is measured by changing the amplitude of the lidn DAC

with the following equation

1.39 10
dDAC— DESIREE[7 : O] =d DAC |N|T|A|[7 : O] *——— XK CAl (45)

1- INITIAL
wheredpacnimial7:0] is the initial value of the calibration DAG - inmiaL IS the initial
measured value ah, andKca, is a constant representing the target percentadello

scale for the calibration sequence, a value betWetand 1.0.

The value ofg, also provides the user with a precise measureofdhie gain of
the signal converter. There are two ways toregiee the output full-scale of the con-
verter.  First, the full-scale output of the certer can be referenced to the output code
of the digital differentiator by settinG;=Ki, whereKj is a constant that allows use of the

full 16-bit output range of the converter. A typivalue ofK; is 1024 which roughly cor-
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responds to +/-16384 for a full-scale input signatecond, the full-scale output of the
converter can be referenced to a known voltagesbing G;=K dpac[7:0] / i m] where
K, is a constant that allow for full use of the 16-butput range of the converter and
doad[7:0] is the 8-bit digital amplitude value of thalibration DAC. A typical value for
K, is 3.2x18 which gives an output code of +/-16384 for an inpiu+/-200mV for all

process corners and temperatures.

The calibration unit continuously measuegsandas as described in Section 111.A.3 and
the estimates, and a,are given in (23). As before, it does this andi®the 32 values

into the nonlinearity correction block’s look-upbta at a maximum rate of once every

2%%Ts seconds.

VI.E.3 VCO Center Frequency Calibration

To maximize dynamic range of the signal convettes, center frequency of the
ICRO is tuned to the sampling frequenfgy, The calibration sequence injected into the
replica signal converter is zero-mean. Thereitoiea simple matter to calculate the off-

set of the signal converter in terms of LSBs fréwa ICRO
1 P-1
ow[m==r[mP+]. (46)
P i=0
A feedback loop is implemented to driyg to be zero as described in section Ill.A.

Wheng is zero the replica ICRO center frequency is @oge to the sample frequency,

fs
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This concept is very simple and the implementaisoguite simple for the calibra-
tion unit of the first prototype IC. However, thmplementation is much more difficult
when the calibration sequence drives the opengbponverter. A problem arises in
that the V/I converter has no inherent common-nregection. In fact the V/I converter

input common-mode voltage sets the V/I converterldisS current.

The calibration source shown in Figure 21(c) caaseé two parts. First, the cali-
bration DAC, bac, sets the calibration signal voltage swing atréq@ica V/I converter
input. Second, the calibration DAGat, plus the common-mode current sourceg, |
set the DC bias point for the replica V/I converteiThe calibration DAC load network,
RcaL plus Mcar, was intentionally designed to mimic stack-upha V/I converter. The
sizes of Myac and Ryac are chosen so that they mimic the V/I convertangrstor, M,
and degeneration resistoryR with the result that the two circuits act likemde cur-

rent mirror. In this way, the nominal currentlne V/I converter is roughly equal to

3
IVT| »El DAC +1 cM =K CAEl CENTEI£7 : O] (47)

wherelpac is the tail current in each of the 3 DAC elemelgs, is the current in the
common-mode current sourcd&ga. IS a constant andcented 7:0] is the 8-bit control
value from the VCO center frequency calculator kloc This circuit has the desirable
property that the initial guess at the center curig fairly accurate since the ICRO fre-
guency versus input current can be estimate qoitarately and does not vary signifi-

cantly over process, temperature, and supply veltag
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The single-ended peak-to-peak output swing of tledibmation DAC is

3l DAC (RDAC” RCM) whereRcy>>Rpac andlpac is equal td<CA|_dDAc[7:O].

Additionally, some simple logic was added at thé&dra of Figure 21 to ensure

that the value oflpac[7:0] is never larger than the centering controtdydcented 7:0].

The ADC signal path must be configured to havestime bias point as the rep-
lica V/I converter input. This is accomplishediwihe two common-mode sensing resis-
tors, Rcy, that create a voltag®cy, which is equal to the calibration signal common-
mode voltage — in other words, its nominal voltagéhis voltageVcw, is used to set the
input common-mode of the signal converter. Itgdse by controlling the common-
mode output of the circuit driving the signal coritee  For example, in Figure 21(a),
the ADC is driven by an off chip transformer wh¥&kg, sets the center tap voltage of the
transformer. Alternately, in Figure 21(b), the @5 driven by an active circuit with the
output common-mode set by thfey voltage. Care must be taken to minimize the-driv
ing circuit common-mode error — any deviation fridma value supplied by the calibration

unit, Ve, Will result in lost dynamic range in the signaheerter.



VIl. CIRCUIT LEVEL ENHANCEMENTS

VIILA. Achieving Theoretical Maximum SQNR
The SQNR measured in the first prototype IC inisect was roughly 2-3dB be-
low the theoretical maximum achievable. Threenpriy factors were involved in this

reduction of achieved SQNR.

Firstly, random device mismatch in each delay tralisistor and also in the ring
sampling flip-flops leads to a mismatch in the wlgtay size. This is equivalent to quan-
tizer INL error which leads to distortion and tHere an increase in quantization noise.

Not much can be done here except to ensure fasand fall times for phase output sig-

nal.

Secondly, offsets in the closed-loop V/I converfedsto small mismatches in the
ICRO center frequency current generated by thecdiverter. This led to a slight mis-
match in center frequency value for each of the fongs oscillators. This is equivalent
to an input referred voltage offset at the inpueath of the four ICROs which slightly
reduces the maximum swing available to all the IGRO In the first prototype IC, the
two V/I converters in each ADC had all bias volag®mmmon except for gfasz and
Vgias4as shown in Figure 19(a). Separate bias netwoeks wsed to generate thgAés
and \gjas4 Voltages and device mismatch caused random earrthve center frequency

current value that was as large as +/-1LSB, whedulted in a maximum reduction of

66
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usable headroom of around 0.5dB. This error camelduced significantly by making

common all of the DC bias voltages between the\tWaonverters.

Lastly, and most importantly, non-uniform layouteafch delay element led to un-
equal unit delay size among all the ICRO delay el#i This led to distortion and re-
duced quantization noise performance of approxilpdi@B. Care was taken in the new
layout to keep the layout of each delay cell vamfarm and also to keep the cell-to-cell

routing very uniform in order that the unit delaykiept very uniform.

VII.B. Signal Path AC Nonlinearity

The frequency dependent nonlinearity in the firgt@type IC limited its per-
formance for larger input frequencies and bandveidtfihis frequency dependent distor-
tion can be seen in Figure 13(b). Excessive paraspacitance at the current starved
node of the ring oscillator was the primary caustis roll-off in performance at higher
input frequencies. Capacitance at the curremtestanode of the ring oscillator results in
frequency dependent phase shift between input Isigmé the distortion components
which lie at different frequencies. The nonlingadorrection block only corrects for DC
nonlinearity.  Nonlinear phase shift at the cutrstarved node of the ring oscillator
keeps the DC nonlinearity correction from beingefiive. As the frequency increases
the phase shift increases and the DC correctioarbedess and less effective resulting in
less and less effective distortion correction. Tapproaches were taken to reduce the

parasitic capacitance.
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Firstly, parasitic metallization capacitance onhea¢ the ICRO current starved
nodes must be minimized. Each of the four curstéamtved nodes must be routed to the
dither DAC. Care must be taken to minimize theapic routing capacitance on this
node. The first prototype IC used poor layoutit@sg in excessive routing capacitance
on all four current starved nodes. This routiagacitance was primarily responsible for

the AC distortion.

Secondly, diffusion capacitance at the ICRO curstatved node must be mini-
mized. The current starved node connects to dlhece node of each and every delay
cell pMOS device. In the first prototype IC, ttielay cell pMOS devices, labeled MP1
and MP2 in Figure 16(b), were each constructedvof parallel devices which shared a
diffusion node at their drains. Doing so minindze&ypacitance on the output node of the
delay cell resulting in a slightly faster delayraknt. Unfortunately doing so caused the
pMOS transistor to have twice as much diffusioraae its source which is connected to
the current starved node of the ring oscillatdfor the second prototype IC, the pMOS
diffusion sharing was swapped. In this new configjon, the delay cell output node has
the non-shared diffusion node and thus more ddfusiapacitance resulting in a slightly
slower delay cell but a slightly faster ICRO cutrstarved node due to the reduction in
diffusion capacitance on the pMOS source node hrdetore less capacitance on the

ICRO current staved node.

These two improvements significantly increased A@drity as will be shown in

the following measurement results section.
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VII.C. Ring Sampler Hysteresis Problem

The first prototype IC exhibits some high, odd-ardestortion terms that can be
seen in the output spectrum of Figure 12. Forllastale, low frequency input signal,
with the nonlinearity correction enabled, distamtierms greater than®3order are ex-
pected to be insignificantly small. However, disbn terms at frequencies equal to 5, 7,
9, and 11 times the fundamental frequency are ptesethe output spectrum at levels
slightly below the 80dBFS. The value of distortisrfairly small but it is desirable un-
derstand the cause of this distortion and findnagpt fix that removes these distortion

components.

The first prototype IC’s ring sampler uses a tralssian-gate based D-type flip-
flop to sample the outputs of the ICRO. This-flgp is shown in Figure 22(a). The
previous ICRO phase sample is stored on the inteode of the flip-flop at the node la-
beled c. When the flip-flop transitions from hatdsample mode, the transmission gate
across nodes b and ¢ becomes low impedance and/greer driving node b must charge
or discharge the capacitance on both nodes b and@ilis can result in a data-dependent
sampling error which leads to distortion and to lirgh-order harmonic distortion com-
ponents seen in Figure 12. This problem is gasilved by using a non-transmission-
gate based flip-flop in the ring sampler as showrrigure 22(b). With this new flip-
flop, the sampling decision is not effected by grevious sample. The resulting im-

proved distortion performance will be demonstratethe following measurement results
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section.

VII.D. Process Scaling

The 65nm G+ process is superior to the 65nm LPga®dor the VCO-based
ADC because the transistors are faster and lomeepo The 65nm G+ process transis-
tors have lower threshold voltages and smallercétfe gate lengths than their counter-
parts in the LP process. This combination allovg#al logic to run much faster with the
same supply voltage in the G+ process comparduet@ P process. This extra speed al-
lows the VCO ADC to operate at a faster sample, fgtevhich can be used to increase
signal bandwidth or increase the OSR and therefataece quantization noise. The G+
logic gates can dissipate less power than LP Iggies by running the G+ logic off a
lower power supply voltage. For example, simoladiindicate that logic cells in the G+
process with a power supply of 0.9V are faster idantical logic cells in the LP process
with a 1.2V power supply. Digital logic power siigation is proportional to &pp?
where G is the parasitic capacitance driven by the logicugtry and \bp is the supply
voltage. Since power dissipation is roughlygamional to the square of the power
supply voltage, digital circuit power dissipatiorods quickly with a reduction in power
supply voltage. Simulations indicate that the podissipation of identical digital logic
blocks is 40% less in the G+ process comparedad.Ehprocess when the G+ logic op-
erates with a 0.9V supply and the LP logic operatgs a 1.2V supply. Because the
VCO ADC performance is extremely reliant on digitelte speed and power, the G+

process gives this architecture a large boostifopeance. The advantages of the 65nm
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G+ process versus the 65nm LP process will be appam the following two sections
that show measurement results for two prototypenh@sufactured in the 65nm G+ proc-

€ss.



VIll. SECOND PROTOTYPE IC

VIILA. Measurement Results

The second prototype IC was fabricated in the TSB86m G+ process with the
deep nWell option and both single-oxide and duadtexdevices, but without the MiM
capacitor option. All pads have ESD protectioruiry. The IC was packaged in a 64-

pin LFCSP package.

The second prototype IC contains t®& modulators that incorporate all of the
architectural and circuit enhancements describesertions VI and VII. The combined
area of the twdS modulators, the calibration unit, and the ADC biasuitry totaled
0.15mnf. A die photograph of one of tH2S modulators is shown in Figure 23. The
calibration unit area is 0.07nfmThe signal converter, i.e., the portion of eBSmodu-
lator not including the calibration unit, has arabf 0.04mrh A single calibration unit
is shared by the tw®S modulators, so the area pB modulator is 0.075mfn All
components of botBS modulators and the calibration unit are implemeérde-chip in-
cluding thefy2?®-rate coefficient calculation block. The calibaatiunit area on the sec-
ond prototype is 0.01mm?2 larger than the first giygie IC due to the addition of the
fg2°%.rate coefficient calculation block on the silicoAdditionally, a digital decimator
was included on chip to reduce the output databwte factor of 8. As is typical f@S

modulator ADC figure-of-merit calculations, decimatie size was not included in the
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DS modulator area calculation and the decimator pawasumption is not included in

theDS modulator power consumption values.

A printed circuit test board similar to that debed in Section V was used to
evaluate the socket mounted IC. The test boardides input signal conditioning cir-
cuitry, clock conditioning circuitry, and an FPGArfADC data capture and serial port
communication. The input conditioning circuitryegsa transformer to convert the sin-
gle-ended output of a laboratory signal generaito a differential input signal for the
IC. The center tap of the transformer secondailyisariven to a voltage equal to the
calibration unit’s calibration signal common-moddtage, \&y, as described in Section
VI.E and as shown in Figure 21(a). The clock cbading circuitry also uses a trans-
former. It converts the single-ended output cdilzoratory signal generator to a differen-
tial clock signal for the IC. A single power siypprovides the supply voltage for all the
blocks on the second prototype IC and this volizae be varied between 0.9V to 1.2V
for optimum performance depending on the sampk fiat The IC has 3 power domains
that connect to the single supply voltage - oneos@bwer and ground pins for V/I con-
verter, another set of power and ground pins ferrthg sampler and sample clock buff-
ers, and a final set of power and ground pins lloother ADC digital logic including all

the calibration circuitry.

Measurements were performed with a clock frequefscyanging from 1.3GHz
to 2.4GHz. Single-tone and two-tone input signedse generated by high-quality labo-

ratory signal generators and were passed througbiiganarrow-band band-pass filters
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to suppress noise and distortion from the signakgeors. Each output spectrum pre-
sented below was obtained by averaging 4 lengti846@eriodograms from non-
overlapping segments &fS modulator output data, and the SNR and SNDR vakezs
calculated from the resulting spectra via the teginn presented in [19]. BofbS modu-

lators on four copies of the IC were tested.

Figure 24 shows representative measured outputrapgEaheDS modulator for a
-3dBFS, 3.5MHz single-tone input signal wit¥2.4GHz, both with and without digital
background calibration enabled. Without calibnatithe SNDR over the 18.75MHz sig-
nal band is only 50 dB because of harmonic digiorti For the second prototype ADC
the noise floor without calibration is not elevateecause there is little common-mode
noise from the open-loop V/I converter which isikalthe closed-loop V/I converter
which produces a lot of common-mode themal noisktransformer on the test board
drives the ADC input pins and this transformer e no common-mode circuit noise.
If an active circuit was used to drive the ADC trmmmmon-mode thermal noise from
this circuit would be converted to differential seivia the second-order distortion intro-
duced by the VCOs as described in Section Ill.BaweElver, the second prototype overall
second order nonlinearity is roughly 6dB bettemtlize first prototype as mentioned in
Section VI-D and the common-mode to differentiahwersion is proportionally reduced.
With calibration enabled the overall SNDR improve&4dB. Notice that the second or-
der distortion term is very good before calibratimum slightly worse after calibration.

The overall signal converter second-order distartsomuch less than that of the first pro-
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totype ADC so the second-order distortion self-edsm@uite well without the second-
order nonlinearity correction enabled. Simulatiamdicate that channel-to-channel V/I
converter mismatch causes un-cancelled second drskartion terms, however, at the
time of writing this dissertation, it is not cleahy the second order distortion is worse
with the second order nonlinearity correction eadbl The 1/f noise corner occurs at a
frequency of approximately 800 KHz which is rougltyice as large as the simulation

results of Section VI.D.

The measured harmonic distortion performance of & modulator with
fs=2.4GHz is shown in Figure 25. The top plot sholmes measured spectrum of b8
modulator output for a single-tone in-band -3dBRBut signal, and shows the corre-
sponding signal to third-order and fifth-order drsion ratios, denoted as HD3 and HD5,
respectively. An input signal level of -3dBFSused because it corresponds to the input
level that produces the maximum SNDR. The bottéohip Figure 25 shows the meas-
ured HD3 and HD5 values as a function of the fraegies at which they occur within the
signal band. Each value was measured by injeetif8dBFS, in-band, single-tone input
signal into theDS modulator and measuring the HD3 and HD5 valuesesponding to
the harmonic distortion components that residenan gignal bandwidth. For example,
the HD5 value measured from the top plot correspdodthe circled data point in the
bottom plot of Figure 25. The input signal tosethen swept in frequency and the re-
sulting harmonic distortion components are therit@ibin the bottom plot. The HD3

values before and after digital calibration arevamo The HD5 values were not measura-
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bly affected by digital calibration, so only the BDalues after calibration are shown.

The low-frequency HD3 of better than 81dB indicdtest the calibration unit ef-
fectively measures the third-order distortion o gignal path. The reduction in HD3
with frequency is very small indicating that the Altortion reduction techniques de-
scribed in Section VII.B deliver the desired effect Within a signal bandwidth of
18.75MHz, the HD3 and HD5 terms are greater thaiB81 Above this bandwidth, the
HD3 term starts to roll off at a 20dB per decadps| although the HD3 is greater than

77.5dBc within the maximum signal bandwidth of 3vt%z.

Figure 26 shows plots of the SNR and SNDR verspatiamplitude for th®S
modulator measured over a 37.5MHz signal bandwaaith a 18.75MHz signal band-
width with fs=2.4GHz. These signal bandwidths correspond tosavepling ratios of 32
and 64, respectively. The peak SNDR occurs aghiyu-3dBFS due to V/I converter
nonlinearity as described in section VI.D. Maxim@NR in this paper is defined as the
value of SNR at the input signal amplitude corresidog to the peak value of SNDR.
The dynamic range, DR, is defined as the rangeeviiner SNR is greater than zero. For
an oversampling ratio of 32 and an input signal.d®MHz, which is a worst case value
since the first 5 harmonic distortion componentkifaband, the SNR, SNDR, and DR
are 70dB, 69dB, and 73dB, respectively. For agrgampling ratio of 64 and an input
signal at 3.5MHz, which is also a worst case vdarethe given bandwidth, the SNR,

SNDR, and DR are 77dB, 74dB and 79dB, respectively.
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VIII.B.  Conclusions

Measured results from the second prototype IC @masarized relative to compa-
rable state-of-the-a®S modulators and the first prototype IC in Table BPhe second
prototype measured SNR, SNDR, DR, THD, SFDR, angepalissipation shown in Ta-
ble 2 represent typical measured values of thet &§iC channels evaluated with sec-
ond-and third order distortion calibration enabledue to V/I converter transistor mis-
match the second order distortion component is grdater than 80dBc with a -3dBFS
input signal for four of the eight evaluated pansl as low as 73dBc for one of the parts.
The measured SNDR, THD, and SFDR values of fouhefeight evaluated parts are
eqgual to or better than the values shown in Tablél@wever, if the second order correc-
tion is disabled and the third order correctioensbled, the second order distortion term
is improved (as described in Section VIII.A andrsée Figure 24) and is greater than
80dBc for seven of the eight ADC channels evaluafBde measured SNR, SNDR, DR,
THD, and SFDR in Table 2 represent the worst cabees for seven of the eight ADC
channels evaluated when only the third-order distoicalibration is enabled. The eighth
part shows only a slight degradation in performasfcaround 1dB worst case depending
on the OSR. A number of simple remedies to thi®se order distortion problem can be
implemented to improve ADC performance. First, dations indicate that increasing
the V/I converter’s pMOS device gate length carucedthe size of the mismatch induced
second order distortion component. Second, thenskegrototype IC dissipates only 1/5
of its total power in the V/I converter and ICROdasimulations indicate that doubling

the size and current of the V/I converter and ICiRy elements would reduce the noise
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floor by 3dB and also significantly reduce the setorder distortion component due to

reduced mismatch but only increase the overall Ald@er dissipation by 20%.

As indicated in the table, the performance of tbeoad prototypdS modulator
is comparable to or better than state-of-the-agawer figure of merit, but uses signifi-
cantly less circuit area [2,3,4,5,20,21]. Alsoe thecond prototype IC’s performance
shows a substantial improvement versus the firstopype IC’s performance due to the

architectural and circuit-level enhancements meetiloin Chapters VI and VII.

The benefits of the 65nm process are evident irrdkelts of Table 2. First, the
maximum clock rates are much higher in the secoatbfype IC relative to the first pro-
totype IC. Second, the power dissipation for Emtlock rates is much lower in the G+
version of the chip. The signal processing pathsvatually identical in the two version
of the chip yet the digital power of the G+ versismimuch less than the LP version at the
same clock rate. As predicted by circuit simolatdescribed in Section VII.D, the
power dissipation of digital logic circuitry in th@nm G+ process running at 0.9V is
40% less than the power dissipation of the samiatliggic circuitry in the 65nm LP

process running at 1.2V as shown in the followiggation

P/ fs o - 8MW/1.3GHz _
Po/fs » 12mW1.152GHz

(48)

The VCO-basedS modulator’s performance depends mainly on thetaligir-
cuit speed of the CMOS process. The measuremsuitseshow that quantization noise

and digital power still limits the implementd2lS modulator’s performance. The V/I



79

converter and ring oscillator account for less ti#&" of the total power dissipation.
Therefore theDS modulator described in this paper is likely tolgieven better results

when implemented in more highly scaled CMOS proegss



IX. THIRD PROTOTYPE IC

IX.A. Measurement Results
A third prototype IC was fabricated in the TSMC 656+ and it contains BS

modulator that is very similar to the original ptype IC. It uses the same closed-loop
style V/I converter and the single 15-element msgillator as the original prototype IC.
The purpose of the third prototype IC is to compaehitectural tradeoffs in the 65nm
G+ process and also to compare the LP versus Geegsaand verify the improvements
that process scaling offers to this VCO-based AD¢higecture in terms of power and
performance figure-of-merit. The 65nm G+ prodsssuperior to the 65nm LP process
for the VCO-based ADC because the transistorsaamterf and lower power as mentioned

in section VII.D.

The third prototype IC was evaluated on the sarselteard as the first prototype
IC and used all the same input conditioning cirguit Two power supplies were used to
power the IC. The V/I converters operate froms/2supply, while all the other blocks
operate from a 1.0V supply. Four modulators on four copies of the IC were tested

with no noticeable performance differences.

Measurements were performed with a clock frequefscyanging from 1.2GHz
to 1.8GHz. This range of sample rates providemnge of 1.5:1 which allows the ADC

to decimate down to any baseband clock rate byreiig by a factor of"8", where N

80
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and M are programmable integer values where N=4#&nd.M=0,1,...

Figure 27 shows a representative measured outpatrapof theDS modulator for
a 0dBFS, 3.5 MHz single-tone input signal wighl.6GHz, both with and without digital
background calibration enabled. Without calibnatithe SNDR over the 12.5 MHz sig-
nal band, which corresponds to an OSR of 64, ig 44ldB because of harmonic distor-
tion and a high noise floor. The high noise flethe result of common-mode to differ-
ential-mode conversion of the common-mode therm@envia the strong second-order
distortion introduced by the ICROs as describe&éaation III.B. With calibration en-
abled, the SNDR improves to 74 dB. In particutbe second-order term cancels very
well. The measured SNR and SNDR numbers excees thiothe first prototype IC be-

cause of the circuit level enhancements describb&gction VII.

Also note in Figure 27 that the higher-order distor terms, those terms greater
than %" order, are below the noise floor. This contragith the visible higher-order
terms of the first prototype IC shown in Figure 1Zhe non-transmission-gate flip-flop
of the second and third prototype IC indeed work# im suppressing the data-dependent

hysteresis effect on signal path distortion.

The measured inter-modulation performance ofdBenodulator withfs=1.6GHz
is shown in Figure 28, The top plot shows the mesas spectrum of thBS modulator

output for a two-tone out-of-band input signal aittws the corresponding signal to

third-order inter-modulation distortion ratio, déed as IM3. As in the first IC prototype,
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measurements indicate that the IM3 value dependsiyran the difference in frequency
between the two input tones, but not on where en8»0 MHz Nyquist band the two in-

put tones are placed.

The bottom plot in Figure 28 shows the measured WllBe as a function of the
frequencies at which it occurs within the signatdha Each value was measure by inject-
ing a full-scale, out-of-band, two-tone input sigimao theDS modulator and measuring
the IM3 and value corresponding to inter-modulatierms within the signal band. For
example, the IM3 value measured from the top pdotesponds to the circled point in the

bottom plot of Figure 28. The IM3 values beforel after digital calibration are shown.

The low-frequency IM3 of better than 80dB suggeists the calibration unit ef-
fectively measures the third-order distortion fmwifrequency inter-modulation products.
The first prototype IC has a reduction in IM3 vader inter-modulation products greater
than about 2MHz with a roll-off in performance dddB per decade after this point.
However, the third prototype IC shows much bett& performance due to the circuit
enhancements mentioned in Section VII.B with the hlues greater then 80dB up to

15 MHz and greater than 72 dB at the maximum sigaatiwidth of 37.5MHz.

Figure 29 shows plots of the SNR and SNDR verspstiamplitude for the third
prototype ICDS modulator measured over a 25MHz signal bandwidith @ 12.5MHz
signal bandwidth witlis=1.6GHz. These signal bandwidths correspond tosavepling

ratios of 32 and 64, respectively. The SNR and BN@r a peak input signal with an
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oversampling ratio of 32 and an input signal fretuyeof 2.3MHz are 71.5 dB and 70.5
dB, respectively. The SNR and SNDR for a peak irgogrial with an oversampling ratio

of 64 are 77 dB and 74 dB, respectively.

IX.B. Conclusions

Measured results from the third prototype are sunp®d relative to the first pro-
totype in Table 3. As indicated in the table pleeformance of the third prototype IC is
comparable or better than state-of-the art in teshy®ower figure-of-merit, but uses sig-
nificantly less circuit area. Also, the poweruig-of-merits for the third prototype IC
are much better than the first prototype IC whiemdnstrates the improvements in the
DS modulators performance with process scaling asd thle circuit-level enhancements

described in Section VII.



X. CONCLUSIONS

This dissertation presents several high-performatand-alone VCO-basddS
ADCs enabled by digital background correction of&W@nd V/I converter nonlinearity
and by self-cancelling dither. Unlike conventibA®Cs they do not require the use of
high performance analog building block such as@naltegrators, feedback DACs, ref-
erence voltages, comparators, or low-jitter clockss performance is limited mainly by
the speed of digital circuitry, so unlike convenabADCs its performance improves as

CMOS technology scales.
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Figure 1: Equivalent systems: (a) a generic VCO-basl
ous-time lowpass filter, sampler, quantizer, and djital differentiator, and (c) the cascade of a con-

tinuous-time lowpass filter, sampler and first-orde
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modulator.
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Figure 11: Die photograph.
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Figure 12 Representative measured PSD plots of the first protype IC modulator output before

and after digital background calibration (initial convergence time of digital calibration unit is
233ms).
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Figure 13: Plots of the first prototype IC’'s measued output PSD for a two-tone out-of-band input
signal (top) and inter-modulation distortion (bottom) for the modulator run with fg= 1.152GHz.
The top and bottom plots indicate how the inter-modlation values were measured.
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Figure 16: Circuit diagrams of various ICROs: (a) 15-element CRO used in the first prototype IC,
(b) example 7-element ICRO, (c) dual, 7-element iagtion-locked ICRO used in the second prototype
IC
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Figure 17: Over-Range Correction block (ORC): (a)signal path with the addition of over-range cor-
rection, (b) details of the ORC block, (c) overflowlogic truth table, (d) example overload waveform
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Figure 18: High-level block diagram of two VCO-basd D&modulators: (a) single pseudo-differential
modulator ADC with dither injected as a common-modesignal, (b) dual pseudo-differential modula-
tor ADC with dither injected as a differential signal.
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Figure 23: Die photograph of second prototype IC
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Figure 24: Representative measured PSD plots of treecond prototype ICD&modulator output be-

fore and after digital background calibration
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Figure 25: Plots of the second prototype IC’'s meased output PSD for a single-tone input signal

(top) and the harmonic distortion values (bottom) ér the D®modulator run with fs=2.4GHz. The top
and bottom plots indicate how the harmonic distortbn values were measured.
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Figure 26: Plots of the second prototype IC's meased SNR and SNDR for a 37.5MHz signal band-
width (top) and an 18MHz signal bandwidth (bottom)for the second prototype@&®modulator run

with f&=2.4GHz.
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Figure 27: Representative measured PSD plots of thhird prototype IC DSmodulator output before
and after digital background calibration
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Figure 28: Plots of the third prototype IC's measued output PSD for a two-tone out-of-band input
signal (top) and inter-modulation distortion (bottom) for the modulator run with fs=1.6GHz. The
top and bottom plots indicate how the inter-modulaion values were measured.
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(top) and an 12.5MHz signal bandwidth (bottom) forthe third prototype D&modulator run with
f3=1.6GHZ.



TABLES

Table 1: Performance table and comparison of firsprototype IC to prior state-of-the-art modula-
tors.
. Referencg Referencg Referencg Referencsd
First Prototype IC 2] 3] 4] (5]

Area (mm?) 0.07 0.7 1.5 0.4% 0.1%
Process 65nm LP 180nm 130nm 130nm 65nm
fs (MH2) 1152 500 640 640 900 250
OSR 32 64 128 64 32 16 22 12.5
BW (MH2) 18 9 4.5 3.9 10 20 20 20
fin (MH2)* 1 2.3 5 1 2.3 1 1 2.4 3.68 2 3.9
SNR (dB) 70 70 70 76 76 80 71.9 84 76 81.2 62
SNDR (dB) 69 67.3 67 73 72 774 71 82 74 78.1] 60
Power (mW) 177 | 17 17 17 17 17 8 10C 20 87 10.5
FOM (SNR)** 160.2 | 160.2| 160.2] 1634 163p 1642 15d4  164l0 166.0 164.8 154.8
FOM (SNDR)*** |159.2 | 157.5| 157.0] 1604 1502 16200 1579 12| 164.0 161.7 152.8

* Maximum frequency limited by test board FPGA usedor data acquisition
™ Analog (V/I circuits and DACs): 5mW, Digital: 12mwW

* Worst-case input frequency value over stated BWSNDR remains unchanged or improves at highenf values

** FOM (SNR) = SNR + 10 logo(BW/Power)
*** FOM (SNDR) = SNDR + 10 logio(BW/Power)
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Table 2: Performance table and comparison of secongrototype IC to prior state-of-the-art

modulators.
Second Prototype IC ProtFol S;e Ic [2] [3] [4]

Area (mmz) 0.07t 0.07 0.7 15 | 0.4E
Process 65nm G+ 65nm LP_ [180nm 130nm 130nm
fs (MH2) 1300 1600 1920 2400 500 1152 640| 640 90d
OSR 128 64 32| 128 64 32 64 48 3p 128 64 32 €4 2 2 16 325
BW (MH2) 5.08 10.2 20.3 6.25 125 2§ 15 20 3p 9.38 138 3I7.5 3.918 10 20 20
fin (MH2)* 1 1 35 1 23 49 2 35 5 1 38 740 1 2. 24 3.68
SNR (dB) 77 | 745 69.9 78.1 758 703 757 741 7L.1 798 76 4fwi5 70 84 76| 81.2
SNDR (dB) 75 | 727 684 76.3 743 698 746 731 TJ0 76.2 74.18p971 @ 67.3| 82 74| 78.1
DR (dB) 78 | 76 71| 80 77 72| 78 76 73 82 73 7B 70 68 84 g0 8L.2
THD (dB) 796 79 7920 828 82 79 81 80 7Y 78.7 786 16
SFDR (dB) 818 82 82| 8 85 80 84 8. 78 813 8l4 7
Power Supply (V) 0.9 1.0 1.1 1.2 25/1.225/1.p 1.8 1.2 1.2
Power Total (mW) 10 17 27.E 37.E 8 17 100 20 87
Power Analog (mW) 2 3 4.5 7.2 25 5
Power Digital (mW) 8 14 23 30.2 55 12
FOM (SNR)** 164.1 164.6 163.0 163.8 164.5 162.0 16B.1 16261.5 163.8 163.0 169 1584 164.2 164.0 146.0 164.8
FOM (SNDR)*** 162.1 162.8 161.¢ 162.5 163.0 161.5 162.0 14160.4 160.2 161.1 16p 1579 157.5 16R.0 144.0 1p1.7
FOM (DR)**** 65.1 166.1 164.1 165.7 165.7 16317 1653.4 164162.4 166.0 165.0 16B 1569 158.2 164.0 170.0 1p4.8

* Worst-case input frequency value over stated BWINDR remains unchanged or improves at highenf values)

*%

FOM (SNR) = SNR + 10 logo(BW/Power)

*** FOM (SNDR) = SNDR + 10 log;o(BW/Power)
***% EFEOM (DR) = DR + 10 loa «n(BW/Powen
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Table 3: Performance table and comparison of thirdprototype IC fabricated in 65nm LP process to
first IC fabricated in 65nm G+ process

First Prototype IC Third Prototype IC
Area (mm?) 0.07 0.07¢
Process 65nm LP 65nm G+
fs (MH2) 1152 500 1600
OSR 32 64 128 64 32 64
BW (MH2) 18 9 4.5 3.9 25 12.5
fin (MH2)* 1 2.3 5* 1 2.3* 1 1 2.3 4.9* 23*
SNR (dB) 70 70 70 76 76 80 71.5 71. 715 77
SNDR (dB) 69 67.3 67 73 72 77.9 71 70.t 69.9 74
Power Supply (V) 2.5/1.4 25/1.p 2.5/12 2.5/1.2 2.5/125/1.2| 2.5/1.3 1.0 1.0 1.C
Power (mW) 17 17 17 17 17 17 8 20 20 20
Analog Power(mw) 5 5 5 5 5 5 2.5 6 6 6
Digital Power (mW) | 12 12 12 12 12 12 5.5 14 14 14
FOM (SNR)** 160.2 | 160.2| 1602 1634 163p 1642 15§.4 162t 162.p 165.C
FOM (SNDR)*** 159.2 | 157.5| 157.2] 1604 159.p 162j0 1579 161t 1%0 162.C

* Worst-case input frequency value over stated BWSNDR remains unchanged or improves at highemf values
**  FOM (SNR) = SNR + 10 logo(BW/Power)
*** EOM (SNDR) = SNDR + 10 logio(BW/Power)
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