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A 3.3-V 12-b 50-MS/s A/D Converter in 0.6m
CMOS with over 80-dB SFDR

Hui Pan, Masahiro Segami, Michael Choi, Jing Cao, and Asad A. Ab&liow, IEEE

Abstract—A 12-b analog-to-digital converter (ADC) is opti- of scaled technologies in the future. After a brief introduction
mized for spurious-free dynamic range (SFDR) performance at to the fundamentals in Section Il, a 12-b two-stage pipeline ar-
low supply voltage and suitable for use in modern wireless base cpitactyre with a 6-7-b partition is chosen, as described in Sec-

stations. The 6—7-b two-stage pipeline ADC uses a bootstrap circuit ,. . - _ ST
to linearize the sampling switch of an on-chip sample-and-hold tion Ill. Section IV derives the efficient sub-ADCs. Circuit im-

(S/H) and achieves over 80-dB SFDR for signal frequencies up to Plementation of the major building blocks is described in Sec-
75 MHz at 50 MSample/s (MSPS) without trimming, calibration, tion V. Finally, experimental results are discussed in Section VI,
or dithering. INL is 1.3 LSB, differential nonlinearity (DNL) is 0.8  followed by conclusions in Section VII.

LSB. The 6-b and 7-b flash sub-ADCs are implemented efficiently

using offset averaging and analog folding. In 0.g+sm CMOS, the

16-mm? ADC dissipates 850 mW. IIl. SFDR: FUNDAMENTALS
Index Terms—A/D converter, analog folding, bootstrap circuit, An n-bit ideal quantizer exhibits a sawtooth error charac-
CMOS analog integrated circuits, IF sampling, spatial filter, spu- teristic. With the FS input amplitude normalized to one (FS/2
rious-free dynamic range. = 1), the periodic error function is parameterized with its fre-
quencyw, = 2x/LSB = 2*m, where the least significant bit
|. INTRODUCTION (LSB) represents the quantization step. The error distorts an

. _ . FS input sinewave and creates wideband harmonics, with sig-

M ODERN erglgss base stat|0ns-d|g|t.|z.e th? IF band, angicant spectral energy up to the orderwf. The Fourier se-
VI separate individual channels with digital filters [1], [2]fies of either the quantized sinewave or the periodic sawtooth
Digitizing at IF poses challenges on the design of the analog-{yor function lead to closed-form expressions for the harmonics

digital converter (ADC). First, the spurious-free dynamic rang@1 111] and plots of distortion spectra as shown in Fig. 1(a).
(SFDR) must be over 80 dB so that a weak received chankglg piots for various, show that the largest harmonic is located

is not confused with the artifacts arising from digitizing strongaar.,  and is abous» dB below the fundamental. that is
channels. The SFDR of an ADC is defined as [3] the differ- '

ence in decibels (dB) between the full-scale (FS) fundamental kmox ®w, =21 Q)
and the maximum spurious tone in the output spectrum. THgq
signal-to-noise ratio (SNR) is relatively less important here, be- SFDR~97 — ¢ (dB) @
cause of the digital processing gain. Second, the conversion rate

must be on the order of 50 Msample/s (MSPS) to accommod@fReret,,,.... is the index of the largest harmonic and the offset

a typical 20-MHz IF band. Third, it is also desirable to mainranges from 0 for low resolutions to 6 for high resolutions [10].
tain a constant SFDR performance beyond the Nyquist inputThough strict validation of these empirical equations is
frequency to give more freedom in placing the IF. This requireathematically interesting, it gives better insight to derive
an on-chip sample-and-hold (S/H) with good dynamic perfo{2) from energy conservation. As increases by one, the
mance. So far, only bipolar and BICMOS ADCs come closguantization error is halved in amplitude, and the total error
to these specifications [4]-{7], and they all operate from a 5-¥hergy LSB/12, which isasymptotically independermtf the
supply. signal distribution [12]-[15], decreases by 6 dB. This leads to

This paper presents a 3.3-V Qn 50-MSPS CMOS A/D the signal-to-noise-and-distortion ratio (SNDR)

converter demonstrating SFDR greater than 80 dB for input

frequencies up to 75 MHz without trimming, calibration, or SNDR= 6n+1.76 (dB). 3)
dithering. The fundamental objective is to develop an efficie

(compact and low power) and calibration-free ADC architectul'&tlso’ now the error sawtooth at double the frequency produces

e’ . :
optimized for SFDR. Although 0.gim CMOS can operate at Wice as many important harmonics, so the overall spur level

5V, part of the research was to anticipate the low voltage neerz%JSt go down by an addlt_longl 3dBto k_eep the tptal harmonic
energy unchanged, resulting in the term in (2). This suggests

that the key to high SFDR should be to spread a given error
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60 TABLE |
SFDRAND SNDR VERSUSFIRST-STAGE RESOLUTION (1) FOR 12-b
TwO-STAGE PIPELINE ADCS WITH THE ONLY IMPERFECTION OFINTERSTAGE
8 n GAIN ERRORgy = 2~ (" —"1)
] Kpmax = 3207 = 2"
— 80| -
2 86~ 9n+bldRg) " . SNDR(@m)  STOR(B)  SFDR(dB)
- | | - -80=-9n(dBq) 0 simulated from Eq. (4)
5 1 21 721 79.6 75-¢
E .100|
K] 2 210 71.3 79.6 78-¢
3 29 71.0 81.5 81-¢
‘ 4 28 70.9 83.1 84-c
-120 ,
10° 102 5 27 70.9 86.3 87-c
Harmonic index k 6 76 70.9 88.3 88 - ¢
(@
-60
~on . .
'Zi;;dgﬁ]‘gﬁ;fz i f'84~,2dd5|@339?_“2:" As a result, small-signal SFDR gets worse and a few bits of
rom iaeal quantization - I . . .
g T~ d margin is required over what (2) specifies to determine the res-
g 80 olution. In addition, the spurs can be drastically affected by the
5 noise (dither) at the input and the sampling frequency. Those
€ details are discussed in [11].
£
5:;-100 s
[ll. ARCHITECTURECHOICE
From the foregoing, over 80-dB SFDR requires at least 12-b
120 % 10 resolution allowing a margin of about 2 b. With a 1-V FS, this
Harmonic index k implies an LSB size more than one order of magnitude smaller
(b) than, say, 10-mV offset [17], [18] in CMOS comparators. There

Fig. 1. Spectra of quantized sinewave. (a) Ideal 10-b quantizer. (Bf€ tWO logical solutions: either reduce the offsets, or amplify
10-b two-stage ADC with 6-b in the first stage and interstage gain errtihe signal prior to comparison. This converter amplifies the
e=ea =270 residue, because it not only effectively amplifies the FS without
running into headroom problem, but it also allows distribution
amplitude(e/2¢0) LSB, wheren1 = the bit number of the first of overall quantization across multiple stages.
stage, ando = 2=~ This error function generates spurs The 1.5-b/stage of quantization and residue amplification
that resemble anl-bit ideal quantization [except for an offsetin g pipeline is commonly used [19] to implement a binary
of 20 loge (dB) in the spur level] and these superimpose ogearch. As ADC resolution increases, this algorithmic effi-
the n-bit ideal quantization. The superposition is clearly seeflency becomes increasingly important. Also, the two-level
in Fig. 1(b) which plots the fast Fourier transform (FFT) of thgor three-level differential) interstage reconstruction dig-
output of a two-stagen(= 10 andn1 = 6) ADC programmed in jtal-to-analog converter (DAC) is inherently perfectly linear.
Matlab oversampling a sinewave of frequerfgy at conversion However, our numerical investigation shows that inaccuracy
rate f,, with e = eo. The oversampling ratig; /(2f;) is set in the interstage gain of the front-end stages in this type of
much larger thadV = 2" to prevent aliasing which scramblesaDCs is the bottleneck to both SFDR and SNDR. The first
the superposition. Therefore, the SFDR dominated by interstageidue amplifier gain must be accurate to better than 0.05%
gain error is given by in a 1.5-b/stage 12-b ADC for the target 80-dB SFDR (see
Table 1). This is difficult to realize with switched-capacitor
(SC) amplifiers due to imperfections such as mismatch between
the sampling and feedback capacitors, finite dc gain of the
operational transconductance amplifier (OTA), and the parasitic
oo 2 2777 (5) capacitance between the input and output nodes. Trimming or
calibration [20]-[25] is usually necessary. Incomplete settling
Unlike the asymptotically constant quantization error energyf the amplifier output at high clock frequencies can not be
spurs are sensitive to the waveform being quantized. For @asily calibrated, and as error concentrates in a few tones, it
ample, anideal quantization of an FS sawtooth input signal leddscharacteristic of these ADCs that SFDR degrades rapidly at
to a sawtooth error waveform which contains spurs much high@gh conversion rates.
than what is given by (2); a tiny deviatidR-LSB/4) from FS Fig. 2 shows the top-level block diagram of the implemented
amplitude may null some low-order harmonics. The largest spD converter. Allotting 6-b to the first stage relaxes the inter-
rises by 3 dB for each 6-dB reduction in input amplitude, bestage gain accuracy. As a result, SFDR of 88 dB requires only
cause the input signal sees half of the error sawtooth spreading% accuracy in the interstage gain (see Table I). For higher
the same amount of spur energy. This contradicts the “commisandwidth, the interstage gain of B realized with a pipelined
sense” that nonlinearity improves as signal decreases in poveaiscade of five similar2 SC amplifiers. Since the (percentage)

SFDR= (9n1 — ¢) — 20loge (4)

with the maximum spur located at



PAN et al.: 3.3-V 12-b 50-MS/s A/D CONVERTER IN 0.s#m CMOS WITH OVER 80-dB SFDR 1771

HD,<-80 dB 1.6% Accurate for 88 dB SFDR
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Fig. 2. 12-b two-stage pipeline ADC block diagram.
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Fig. 3. Two-step hybrid reconstruction DAC block diagram.

gain errors cumulate linearly, each amplifier on average need®tmth ADCs are made compact with folding and interpolation
be accurate te-1.6%/5 ~ £0.32%, which is possible without [26]-[33], accompanied by offset averaging [34], [33].
calibration or trimming.

The DAC must be nominally 12-b linear to meet 12-b SNDR,
although this is somewhat relaxed in terms of SFDR require- IV. EFFICIENT SUB-ADCS

ment because the higher resolution of the first-stage quantizaLow-latency flash sub-ADCs require large amounts of hard-

tion spreads the random error in the DAC across more hgfare How to make efficient ADCs with the low latency of flash
monics. Fig. 3 shows the two-step hybrid DAC used. It coRs he subject of this section.

sists of an eight-capacitor array (differential) and a fine inter-
polating resistor ladder, driven by the coarse 3-b thermome
codes and the fine 3-b 1-0f-8 codes, respectively, from the fir
stage 6-b folding ADC. Capacitor matching dominates the DAC A generic flash ADC consists of zero-crossing (ZX) genera-
linearity; the resistor ladder can be 3-b less accurate. In tertoss (e.g., difference amplifiers), ZX detectors (e.g., regenerative
of spreading errors across more spurs, the 3b—3b configuratiatthes), and an encoder. To reduce complexityiymes, an
is not as effective as the 6-b fully segmented. However, the E-to-1 mapping function precedes the ADC. A compact coarse
duced complexity eases layout matching. Monte Carlo simulg-dantizer resolves the ambiguity in the many-to-one mapping.
tions show that 3-sigma yield of 80-dB SFDR requires abotln the signal path, thé'-to-1 folds the signal while preserving
230 ppm matching in the total DAC capacitar(¢&,, + C;,,), the overall linearity [36], [37]. Rectifying devices that fold the
which is chosen to be 8 pF based on the published data on sighal are not as easy to realize in CMOS as with bipolar circuits
pacitor matching [53]. It can be shown that with this level of4], [38]-[41].
capacitor matching, the 1.5-b/stage counterpart yields less thad compromise is to mag’'-to-1 after the ZX generators but
3-sigma in SFDR. Well-thought-out capacitor layout is essentia¢fore the detectors. Now, thé-to-1 mapping is on discrete
to avoid systematic mismatch. ZXs and requires no linearity. This amounts to the multiplexing
The harmonics HR (n = 2,3,---) in the S/Hs must be of the ZXs. Fig. 4(a) shows such a case where only the group
kept below—80 dB. S/H2 pipelines the latch regeneration irof ZXs in which the input falls is multiplexed for detection.
the AD-DA critical path, and the 6-b sub-ADC must be lowl'he coarse quantizer identifies the group and activates the mul-
latency. The second-stage 7-b sub-ADC reuses the 6-b destgpiexer (MUX). This architecture iserial, because the MUX

lr Analog Folding
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Fig. 4. Multiplexing of ZXs. (a) Modified flash ADC. (b) SW MUX. (c) Auto MUX. (d) Folding.

waits for the coarse decision. To preserve the flash-like nature)n this work, offset averaging is optimized basedspatial

this latency must be removed by automating the MUX. filtering. Fig. 5 shows an infinite preamp array with the lateral
Fig. 4(b) shows the MUX realized as switches. However, thesistorsR1 inserted for offset averaging. The load impedance

switches can be bypassed if the signals from the groups awa§ of the preamps and the averaging resisfétgorm a spatial

from the zerocrossing cancel each other. Cancellation happéher with impulse response [35]

when the ZXs of each adjacent group are reversed in polarity and

peg at the same level [Fig. 4(c)]. The flipped polarity does not h(n) = h(0)I"l b = e~ lacosh(l+Ri/2Ro)l (6)

change the result of the fine quantization because the cut point of

the thermometer codes remains the same. Now, the multiplexdrere the node index = 0,+1,+2,---. The input differen-

is automatic; the ZXs (characteristics) merge into the foldirtgal-pair g,,, stages provide the stimuli, with the small-signal cur-

characteristic [Fig. 4(d)], which is referred to as Zo{ding, to  rentsAI;(n) = g..(n)AV;, constituting the signal part. The

distinguish from the signal folding aforementioned. offset currents and the tail current mismatch together approxi-
The folding is therefore the automatic multiplexing of ZXsmate white noise. The input referred offset is minimized when

and it realizes anulti-step flashADC [11]. Signals may be the impulse response widlli'ir is equal to the signal window

folded in many ways. The method described above sums By (i.e., the number of active preamps around zero crossing).

odd number of ZXs of alternative polarity [30]. The summafthis corresponds to matchedilter.

tion can be realized in two steps: subtotal first and then grandFor a linear finite array, the boundary condition,

total, leading to the summation-based cascaded folding [38Yp, > Wig,! must be satisfied to avoid integral nonlin-

This gives the advantage that less parasitics and mismatcrearity (INL) curvature at the extremes of input range, where

tail currents aggregate at the merging node. Wp is the total number of dummy preamps. Conversely, this
Folding multiplies the input signal frequency and the foldingondition implies thai?g must be the minimuniv, for a

signal may exceed the bandwidth of the folding circuit. Thigiven INL curvature.

ceases to be a problem when a S/H provides a dc-like input tddummies not only cost extra hardware but also consume pre-

the folding amplifiers, such as in the sub-ADCs in this pipelineious voltage headroom. The input-referred rms offset normal-

architecture. ized to LSB is optimum [11] when

B. Interpolation and Averaging Wp = (1/3)Wietal @

Interpolation and averaging lower the number and size of the
ZX generators [33]. In the commonly used voltage interpolavhere Wi, is the total number of preamps allowed by the
tion, a resistive voltage divider connects the output of each a@l<ilable headroom. Thus, the overall optimum condition be-
jacent ZX generator. Often the buffers driving the interpolatingomes
network set the interpolating ZX voltages [30], [31]. With suffi-
cient dummies extending the array, the buffers can be removed, Wp = Wir = (1/3)Wiotal < Wazx 8
because the interfering signals cancel each other and the ZXgs _ _
ithin the ES are not disturbed. Without the buffers. the inter- When the differential outputs at the two ends of a preamp array are cross-
wit 'n ° : " ) Eoupled through R1 to form a circular array [33], the boundary condition is
polation turns into the offset averaging [34]. changed tdV, > min(Wir, Wex).
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Fig. 5. Offset averaging as spatial filtering.

whereWyx is defined as the flat portion of the signal window. 3b MSBs 4b LSBs
At this optimum, preamp bandwidth is preserved to the first A 44 A A 44
order, because thg1s do not diminish theetcurrent driving Coarse Encoder € Fine Encoder |
eachRo. & Bit-Sync 916

Even though averaging is not directly effective if the INL er- q9T l 16 Latches |
rors all lie in one direction, it can be made effective if the direc- | 9 Latches | nilis
tion alternates. For example, in the 6-b and 7-b sub-ADCs, both 9 | 2X Interpolation
the differential inputs and outputs of the neighboring preamps | 9Preamps | e
in the array are flipped in connection to place any spatially I |_3-old Folding AmpliPers _|
correlated comparator offsets (from, say, the second class of o4
mismatch discussed in [17]) out of the passband of the spatial [ 3-fold Folding AmpliPers
filter. Equivalently, the spatially alternated connections act like Residue : N 72 T—
a spatial mixer which up-converts the succeeding spatial filter o B| 84 Preamps with Averagin?l

to highpass (or bandpass). A systematic treatment on folding,
interpolation and averaging is presented in [11]. Fig. 6. 7-b sub-ADC block diagram.

C. Optimum Bandwidth the random INL by the same amount. Using eight fewer dum-

Given a total gain&r, the overall bandwidth is optimized mjes than the optimum given by (7) gives an acceptable practical
with respect to the number of cascaded amplifier stageand  tradeoff between the INL and noise, which improves with large
the dc gainG; of each stage;, = 1,2, ---,m. Assuming each FS. Based on (9), a modest voltage gaifi.6f-3x is allotted to

stage has the same unity-gain bandwiéW,, i.e., BW; =  the preamps and the two folding amplifiers each to maximize the
BW, /G;, the optimal condition is given by overall bandwidth for a given gain of 35 enough to defeat the
L dynamic offsets in the latches which is on the orgier50 mV
m=1InGr and G;=GY™. 9 [33].

This sub-ADC is similar to the previous art [33], but different
in that a preamp array with optimum offset averaging appears
D. 7-b Sub-ADC before the folding stages. A pFET in triode between the preamp
Fig. 6 shows the 7-b sub-ADC block diagram. The residuwdifferential output nodes implements finitéd. A master—slave
signal goes to an 84-preamp array in which offset averagingbms scheme sets the0 value to about 5 . In the master
applied. Monte Carlo simulations show that the standard depreamp, R0 is realized with a precise unsilicided poly resistor
ation of the zero-crossing points at the output of each preampabout 10022 sheet resistance; otherwise, the master preamp
within the FS, or the input-referred rms offset, is reduced by identical to the slave and the preamps to be biased. The output
3.6x. Seventy-two out of 84 ZX signals from the preamps awdifference between the slave and master which share the same
fed to the two cascaded three-fold amplifier stages, which miput voltage of 0.05 V is sensed by an op amp whose output
tiplex the ZX signals by & each. The following & interpola- biases the gates of the pFETSs in the slave preamp and those in
tion doubles the ZX signals. Among the nine folds of 72 ZXghe array. The negative feedback loop formed by the op amp
eight folds are within the FS. The half fold of ZXs on each sid®rces the pFET resistance equal to the ma&terThe lateral
of the FS along with the extra 12 ZXs serves as dummies faveraging resistak1 is implemented with the same unsilicided
averaging. Overall, the random INL error normalized to LSPBoly. R0-to-R1 ratio is set to 10 so that the INL curvature is
is reduced by3.6 x 64/84~2.8. If offset averaging were not less than a quarter LSB. Averaging is relatively insensitive to
used, the preamp FETs should be size@18¢~7.5 to improve this exact ratio.
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Fig. 8. Switch nonlinearity and the bootstrap circuit. (a) Hold capacitor. (b) Switch on-condugtanae a function of input voltage. (c) Bootstrap circuit.

V. CIRCUIT IMPLEMENTATION the in-loop switchS, on the closed-loop transfer function (in-
A S/H Circuit cluding the phase margin) is negligible becadsés preceded

' by an OTAg,, stage of very high impedance and small parasitic

The op amp-based bottom-plate sampling circuit (Fig. 7) P'apacitance,, < C,) relative to the output-node capaci-
vents signal-dependent charge injection from degrading the lignce(cy, + ¢, — Cop ~ C1) of the closed-loop. The time con-
earity below 80 dB. Given that the 6-b sub-ADC loads S/H1 bytant is reduced te ~ R,C.,. The feedback loop also linearizes
2 pF, and the reconstruction DAC loads S/H2 by 6 pF (includinge switch. In the front-end stage, the input switch sampling the
2-pF parasitic), a compromise between power consumption &fjhjog input is linearized with the bootstrap circuit described
ET/C noise results iy, of 26 mS for the OTAs in both S/H1 pext.
and S/H2, and 2 and 3 pF hold capacitance for S/H1 and S/H2,
respectively. N

As V,, is lowered to 3.3V, the interstage sampling switche%‘ Bootstrap Circuit
become problematic. First, the switB'C delay is increasingly  Consider a complementary switch driving a hold capacitor
significant. Usually, the switch drives a load capacitand&ig. 8(a)]. Fig. 8(b) shows the switch on-conductagggeas a
Cr, which is much larger than the output capacitadéeof function of input voltage. Across the single-ended input range
the preceding closed-loop amplifier. If the switch on-resiof 0.8 V, g4 can not be made constant even at the best size ratio
tance R, is comparable to the closed-loop output resistancé 40 (nMOS)/177 (pMOS). This is partly due to the nonlinear
R, ~ 1/(gmf), wheref is the feedback factor, it considerablybody effect but especially due to the carrier mobility dependence
lengthens the settling time constant ~ (R, + R;) Cr. ontheverticalfield (or Vi) [42]. The latter is related to ill-be-
Second, the switch nonlinearity in the front-end S/H severehaved surface mobility [43] that can not be well compensated.
distorts the sampled signal during track mode. The input-dependent on-resistange distorts the track-mode

Complementary switches are used to ease those problemsdomtent flowing into the hold capacitor at high input frequencies.
they are not enough. In this implementation, both problems arke distortion gets worse at IoW,; and can not be scaled down
solved by moving the sampling switc#y within the feedback due tothe nonlinear junction capacitance. Simulations show that
loop of the preceding stage, as shown in Fig. 7. The effect admplementary switches attain, at best> dBc track-mode
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Fig. 9. MultipleV.¢-based OTA design.

distortion for single-ended 0.8;\/,, at the Nyquist input fre- width of the S/Hs is 250 MHz, which simulation shows guaran-
qguency of 25 MHz. tees 12-b settling accuracy in half-cycle of 75-MHz clock. This
To suppress the distortion below the requiregd dB level, gives enough margin for 50-MHz sampling in practice.

a bootstrap circuit is used, as shown in Fig. 8(c). The nMOSDC gain is 80 dB for sufficient margin to obtain the required
sampling switchM 1 is turnedoN with the gate voltage of a closed-loop linearity. The auxiliary amplifiers provide about
replica FETAM 2 carrying a constant current of 2.4 mA. The o80x gain boost. The GBW must be over 250 MHz so that
amp forces the source @2 to track the analog input. This the zero-pole doublet corresponding to the auxiliary amplifier
way, the sampling switch copies thg, of the replica, held con- unity-gain frequency is positioned out of the closed-loop band-
stant by the fixed bias current. When the sampling switch turmgdth to suppress the slow settling component [46]. It should
off, the dummy switch\/ d switches in to balance the loadingnot be too high either; otherwise, the auxiliary amplifier loop
of the op amp. At the start of track mod&{1 is switched in may become unstable. As a result, the final GBW is 300 MHz.
before the dummy is switched off so that the dummy providédhe level-shift source followers add a pole to the loop, which
correlated initial charge to turn oW 1 quickly. The precharged however does not destabilize the loop, since it is about three
level-shift capacitors set the output common-mode voltage tirfhes higher than the auxiliary amps GBW. The four auxiliary
the op amp. Simulations show that 280-MHz gain-bandwiddmplifiers dissipate a total power comparable to the main
product (GBW) of the op amp ensures track-mode distortiaircuit. The OTAs in the first four residue amplifiers use double
lower than—95 dB with maximum gate voltage of 3.6 V. Othercascode topology to take advantage of the reduced residue
passive bootstrap schemes [44], [45] dissipate less power bwing, and this dissipates 50% less power due to absence of

can not remove the body effect. the auxiliary amplifiers.
Two small input transistors with their drains cross-connected
C. OTA Design maintain the minimum bias necessary to keep the cascode tran-

Some OTA topologies are tailored for implementation at lo®/StOrSON at the beginning of each phase when the large input
Vi [45]-[47]. Usually, signal swing is maximized to scaleWing steers all the tail current to one leg. Another option is use

down the capacitor size. In this case, however, the third-ordd@ resistor between the cascode sources [49]. Cutoff of the cas-
nonlinearity in the “linear capacitor’ [48] implementing thecode tranS|sto_rs is harmful not only_because the recovery slows
switched capacitors limits the swing to 1.6-V peak-to-peaqun the settling, but also the auxiliary loop becomes unstable

differential. Conventional super-cascode topology is suitabtdce the drastically reduced,, of the cascode transistor can
for this swing. not compensate the auxiliary amplifier.

Multiple-V.;-based design, as shown in Fig. 9, maximizes The OTA output common-mode (CM) voltage is shorted to

the available swing. All stacked transistors of the same tyff&€ iNPUt CM,Viy, + 2V, in the reset phase, but is raised to
are assigned the sariéz (= V. — V;) with no margin. This 4d4/2 ~ 1.7 V in the hold phase to maximize output swing.
requires a well-thought-out biasing scheme to operate relia{)® dual common-mode voltages are realized by two pairs of
across process spreads. Multiplgr biases are generated byswnched level-shift capacitors precharged to two different volt-
scalingW¥/L based on the square law of the MOSFET. The pRoes [50]-
asing and biased transistors when well-matched in layout track i
each other, immune to process and temperature variations. D- Reconstruction DAC

Since the lineay,,, region setby,.¢ = 0.4 Vislessthanthe In Fig. 3, the first (most negative differential) coarse tap,
input swing of 1.6-V,_,, the OTA is not free of slewing, which -FS/2, is formed by connecting the top plates (bottom plates
causes dynamic nonlinearity or effectively reduces the availalitelayout) of all the eight-unit capacitof€”;,,) on the positive
settling time. As aresult, 12-b accuracy is obtained after settlisgle to—V,.; = —FS/4 and thoséC,,,) on the negative side to
for more than 1& the time-constant. The closed-loop band+V;.s = +FS/4; the second tap corresponds to one of the seven
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unit capacitor array

To decoding SWs

To decoding SWs in

Fig. 10. DAC capacitors in differential common-centroid layout.

differential capacitor pairs (those not connected to the resistor
ladder) flipped in connection, and so on. Although the circuit
and the reference taps are differential, the errors in the taps are :}_

-

-
not. This is generally true for fully segmented DACs controlled it
by thermometer codes. :

A differential common-centroid layout averages the differen-
tial capacitance based on the expression for residue Gain,
(Csn + Csp)/2Cs. Fig. 10 shows two rows of differential unit
capacitors in common-centroid layout, addressed in scrambled
order across the array to suppress possible cumulative gradient
effects [51]. Grounded metal-3 shield on top of the array elimi-
nates mismatch due to long-range fringes [52]. Dummy capaci-
tors extending over a distance of péh prevent uneven lithog-
raphy at the boundaries from encroaching on the array [52].
Each (linear) capacitor consists of a polysilicon plate over thin
oxide and a heavily dopedindiffusion.
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Fig. 11. 12-b ADC chip micrograph.
VI. PERFORMANCEEVALUATION

The chip (see the micrograph in Fig. 11) is fabricated througttearly visible in the measured INL plot reflect small mis-
MOSIS in a 0.6pm, triple-metal, single-poly standard digitalmatch among the eight-unit capacitors of the reconstruction
CMOS process with analog options of linear capacitor ari®AC. The spikes, numbering aboéd x 2, come from an un-
unsilicided poly resistor. First silicon is successful, due to thexpected systematic INL in the 7-b sub-ADC, which appears
whole-chip simulation methodology used [11]. The active chigs an eight-fold or four-period profile. The measured INL of
area is 4x 4 mn? and the ADC excluding the output driversthe 6-b sub-ADC also shows such pattern that is typical of
dissipates 850 mW from 3.3-V supply. folding ADCs. On average, half of the four periods are tra-

All clocks are generated on-chip from an external low phasersed by the 64 residue segments, yielding téfat2 peaks
noise, balanced sinewave. Both CMOS inverter-type and diffen- the overall INL.
ential (open-drain) output buffers are built on-chip. The digital Fig. 13(a) shows this ADC achieves over 80-dB SFDR
noise from the CMOS buffers is intentionally coupled to the irfor signal frequencies up to 75 MHz at 50 MSPS. The
ternal circuits by tying all on-chif/z;'s and Gnd’s together, SFDR rolloff at 80-MHz input and at 50 MSPS is due to
respectively. This allows for comparison between the CMQe finite bandwidth of the bootstrap circuit and the DAC,
and differential buffers in terms of their effect on the SFDR. Teespectively. SNR, defined as the SNDR subtracted by the
suppress power bounce, total 2-nF decoupling capacitance fist seven harmonics, is 64 dB at maximum. The maximum
tweenV,, andGnd is laid out in unused areas all over the chipSNR shown in Fig. 13(b) is smaller than that in Fig. 13(a)
and 18 pins are assigneditg; andGnd, respectively. Discrete by 1 dB due to absence of band-pass filter in the signal
fifth-order low-pass filters and crystal filters suppress the hgpath during testing. The 4-dB rolloff at 200-MHz input
monics and noise from the test signal generator. corresponds to 0.61-ps sampling jitter, which is confirmed

Code density test yields 1.3 LSB INL and 0.8 LSB difwith a locked histogram test and is close to the simulated
ferential nonlinearity (DNL) (Fig. 12). The eight segment.44 ps. The measured output histogram is fitted to a binned
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Fig. 12. Code density test results. (a) INLfat= 50 MS/s, with 16.4 million (b)

samples. (b) DNL af, = 50 MS/s, with 16.4 million samples.
Fig. 13. Dynamic performance.

Gaussian distribution. Jitter is calculated from the best-ffot effective until the noise reaches a level comparable to the
standard deviation. Perfect fitting can not be achieved unlqrj;@riod of the INL pattern responsible for the high-order spurs.
the bin sizes are adjusted with the measured DNL. In this case, the period is about 7-b LSB, which corresponds
The labeled high-order3¢9~365) spurs in Fig. 14(a) are g about 42 dB SNR.
characteristic of the INL in the 7-b ADC, based on the following The largest spur is among the second to the fifth harmonics,
calculations. Since the fundamental-+$.8 dB FS, the input \yhich tend to fluctuate by up to 3 dB between measurements.
sinewave sees about 91% of e x 2 periods (spikes) in the The fluctuation can be ascribed to the finite FFT points and
FS INL plot. From (5), those spikes produce peak harmonics Iqpjse [54], but more likely in this case to the sensitivity to vari-
cated around (91%64 x 2) = ~ 367. The maximum level of ation in input amplitude and offset, typical of the low-order har-
those spurs, which is abou86 dB, is close to what (4) predicts monics arising from quantization [11]. If it were not for the DAC
forthe case of, = 7ands = 29 = 277, which approximates non|inearity, the largest spur should be among the high orders
the measured INL profile. (349~365). Since the largest spur actually appears at low-order
Using CMOS inverter-type output buffers, the measurezhd is only a few decibels higher, the DAC must contribute
SNR and SFDR remain unchanged at low input frequencidsw-order harmonics comparable to those from the 7-b INL.
but decay faster as the input increases in frequency. The roll&ffen though the high-order spurs limit small-signal SFDR be-
corresponds to about 1.8-ps sampling jitter. This indicates thtatuse they increase by 0.5 dB for each decibel reduction in input
the bounce from the CMOS output drivers is picked up by tremplitude, they can be removed by correcting the 7-b systematic
inverter-type clock buffers but rejected by other differentidNL error. In contrast, the DAC errors arising from random ca-
circuits. Fig. 14(b) shows how the output spectrum is affecteglacitor mismatch presents a fundamental limitation to the SFDR
The dominant even-order harmonics confirm the single-endedless they are dynamically scrambled [55]-[60]. Distortion in
noise coupling. The bounce brings down the SNR by 2.9 dBe S/Hs produces a dominant third-order harmonic, which does
(from 61.3 to 58.4 dB), but still not enough to apparently spreat appear until the input frequency goes beyond 75 MHz.
out the high-order spurs. This makes sense because dithering iBig. 15 shows that the ADC works to 3.05-V supply.
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TABLE 1

PERFORMANCE SUMMARY
Resolution 12 bits
INL/DNL @f;, = 10 MHz +-13LSB/08LSB
Analog Input 1.6 Vp-p differential
Input Capacitance (S/H) 2 pF
Latency 4
Clock Jitter <0.61 ps

Error Rate [49] @f; = 80 MHz
Conversion Rate

SFDR @f, < 75 MHz

SNR @f;, = 1 MHz / 200 MHz
Power Dissipation

Min. Power Supply Voltage
Technology

Active/Total Die Area

<1073 (in errors/sample)
50 MS/s

>80 dB

64 dB /60 dB

850 mwW

3.05V

3.3-V, 0.6-um CMOS

4x4 mm? / 5.5x4.8 mm?
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the measured (67.5 versus 64.0 dB), suggesting a random noise
about 1.24 times the INL distortion. The random noise is also
directly measured by grounded input tests, from which a noise
(rms) of 0.66 LSB (i.e., 257:V) is extracted. The MATLAB
ADC shows that the reconstructed spectrum degrades in SNR
by 3.5 dB when this noise is added at the input, and further by 4
dB at 200-MHz input frequency when the time index of the input
sinewave function is perturbed with 0.61-ps jitter (rms)—con-

Fig. 14. Measured ADC output spectra with differential and CMOS outplﬁIStent with the megsureq SNR rolloff shown in Fig. 13(a). The
drivers atf;,, = 74.146 MHz and f, = 50 MHz. (a) Differential buffers. (b) results are summarized in Table II.

CMOS buffers.

Conversion Rate = 50 MHz
90

85 Fin = 1 MHz

80
75 Fin = 20 MHz
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“ s A
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55

50

vdd, V

Fig. 15. V,, tolerance test.

The MATLAB numerical model of the ADC is also useful in

3.0 3.1 3.2 3.3 3.4 3.5 3.6

VII. CONCLUSION

A pipeline ADC with large number of bits in the first stage is
inherently superior in SFDR, because the first-stage multibit
guantization spreads the spur energy arising from the interstage
gain error, random DAC nonlinearity, and INL in the second
stage sub-ADC. This is demonstrated with the ADC prototype
of a 6—7-b partition, which achieves over 80-dB SFDR for signal
frequencies up to 75 MHz at 50 MSPS without trimming, cali-
bration, or dithering. The required low-latency (flash) multibit
(6-b) sub-ADC is made efficient using folding, averaging and
interpolation techniques. Offset averaging is optimized based on
spatial filtering. The bootstrap circuit, in-loop interstage switch
and multiV,.g OTA are instrumental in achieving the required
linearityinthe front-end S/Hs atlow;; of 3.3 V. The major spurs
are identified and related to the imperfections in the ADC. The
intuitive and analyticalapproachusedinthiswork proveseffective
indesigningand evaluating ADCsintendedfor IF sampling.
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