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Abstract- A 12b 50 MHz CMOS analog-to-digital converter
(ADC) based on a pipelined architecture was designed to
demonstrate acquisition time minimization techniques for high-
speed two-stage amplifiers. The proposed techniques reduce
overshoots and undershoots of amplifier outputs and
acquisition time by controlling the bias currents of amplifiers.
The prototype ADC was fabricated in a 0.35 um double-poly
triplemetal n-well CMOS technology. The measured signal-
to-noise-and-distortion ratio is improved by more than 5 dB
using the proposed techniques at a 50 MHz clock. The ADC
power consumption is 200 mW at 3.3V and 50 MHz.

|. INTRODUCTION

The rapid advances of high-speed digita signal
processing applications such as digital camcorders, medical
imaging equipments, and portable data communications
have created the need for high-speed, high-resolution
analog-to-digital converters (ADCs).

For high-speed applications, flash ADCs typicaly achieve
the highest conversion rate. However, for more than 8b
resolution, flash ADCs suffer from the exponential growth
of die area and power dissipation. Pipelined ADCs which
achieve 10b to 12b resolution at a high conversion rate have
been proposed to solve these problems [1]-[5]. However,
ADCs based on bipolar and BiCMOS technologies have
drawbacks in large power dissipation, large chip area, and
incompatibility with CMOS on-chip digital circuits. While
CMOS ADCs could solve the problems partialy, the
conversion speed has been limited due to the finite
bandwidth of residue amplifiers needed in pipelined ADCs.

In this work, acquisition time minimization techniques are
proposed to redlize high-speed two-stage amplifiers with
little modification of the conventional system architecture.
The proposed techniques reduce the acquisition time of
amplifiers and the overshoots and undershoots of amplifier
outputs. As a test vehicle for the proposed techniques, a
fully differential 12b 50 MHz ADC was fabricated in a 0.35
um CMOS process.

I1. ACQUISITION TIME MINIMIZATION TECHNIQUES

In pipelined ADCs, the single-bit-per-stage design is
conventionally chosen to maximize interstage bandwidth
and to minimize required residue amplifier settling time.
However, the design method increases hardware and power

dissipation since the required stages are increased in high-
resolution ADCs[6]. Asaresult, for more than 12b ADCs,
the multibit-per-stage design is recommendable to optimize
chip area and power dissipation.

The proposed techniques reduce the settling time by
varying the -3dB bandwidth (f,) and the phase margin
(f o) Of the interstage residue amplifiers.

A. Principle

The output waveform and simple block diagram of a
typical two-stage amplifier are shown in Fig. 1. The
acquisition time (tqsion) Of the amplifier in Fig. 1 (a) is
given by

+ tsettl ing (l)

tacquisition tstewi ng

where tyq,ing IS the dewing time it takes for the amplifier
output to slew toward the targeted value, and tey iS the
settling time it takes for the amplifier output to settle within
a specified amount of the targeted value after dewing. In
the two-stage amplifier in Fig. 1 (b), the slewing and settling
time can be reduced by improving the f,g and fpy,

respectively.  Then, the f,; and fp, are approximately
correlated as follows :

fag M Om/Cc (2

fom = 90°-tan™ ((Gw/ Co) * (CL/ Ono)) (3)

where g, and g, are the transconductances of the first and
second stage amplifiers, C is the compensation capacitor,
and C,_ is the load capacitor. In the conventiona circuits,
both of the f 54z and f  can not be improved simultaneously
due to the (g,,,/Cc) term.
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Fig. 1. Typicd two-stage amplifier : (a) output waveform and (b)
block diagram.
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The proposed techniques improve the f, and fp, by
varying the g,, and C. during the slewing and settling period.
For example, from (2) and (3), the . is improved by
increasing the g,,; or by decreasing the C. during the slewing
period and the f , is improved by increasing the g, and C.
or by reducing the g.,, during the settling period. The
results are summarized in Table | where the g,,; and Cg,
represent the transconductance and compensation capacitor
of the conventional two-stage amplifier and indicate the
initial values before the g,, and C. change. The high-speed
mode 1 (HSM1) controls the g,,, and the high-speed mode 2
(HSM2) controls the C. to improve the f ;4 and fo, in the
amplification phase, simultaneously. Both of the HSM1
and HSM2 minimize the amplifier acquisition time with
little additive power consumption. However, since the
HSM2 needs complex switches to control C. and generates
parasitic poles related to the resistors and capacitors of MOS
switches, it is difficult to implement the circuit.  As results,
the HSM1 is adopted in this work due to the relatively
simple circuit implementation.

B. Circuit Implementation

The HSM1 based on the g,-control technique is
implemented in Fig. 2 and Fig. 3. A fully differentia
folded-cascode amplifier with a dynamic common-mode
feedback circuit (CMFB) is shown in Fig. 2, which is the
first-stage amplifier of the two-stage amplifier. Transistors,
M1 to M3, form an input stage determining the g.,,. The
output stage composed of M4 to M11 adopts the cascode
architecture to achieve the high gain. The bias circuit
(AMP BIAYS) supplies hias voltages for the amplifier.

The g.-control technique is operated as follows. Since
the g,, of the input pair M1 and M2 operating in strong
inversion is proportional to the sguare root of its drain
current, the g, is changed by the tail current of the input pair.
The drain current of M3 is easily controlled by BIASA.
The increasing tail current, however, reduces drain currents
of output transistors, M6 and M7, if and only if drain
currents of M4 and M5 are fixed.

When a large differential input signal is applied to the
input pair of the amplifier, output transistors, M6 or M7,
may not operate temporarily in the saturation region caused
by reduced currents. As results, drain currents of M4 and
M5 need to be aso increased with the increased drain
current of M3 to maintain the constant current in the output
stage for high-speed operation. It means that BIAS4 needs
to beincreased at the same time BIASL is decreased.
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Fig. 3. Proposed bias circuit.
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The g.,-control circuit is implemented by means of two
current switches, MSN and MSP, and two current mirrors,
MND and MPD, with little area overhead as shown in Fig. 3.
Transistors, MPD and MSN are connected to the drain and
source of MP5 in paralle. When MSN is turned on, the
drain current of MPD is added to the bias current of MN5
and increases BIAS4 with the drain current of M3 in Fig. 2.
The BIASl isaso controlled in the sasmeway. Theg,, ratio,
which is not so sensitive in rea conversion process, is
adjusted by the sizes of MND and MPD, which are about
20 % of that of MN2 and MP5 in the proposed bias circuit,
respectively.

The control signal, QD1, to increase g, is internaly
generated by the timing control block and the mode control,
HSM1, is externally connected to demonstrate the proposed
technique. When HSM1 is low, the amplifier operatesin a
norma mode, and MSN and MSP are turned off. On the
other hand, when HSM 1 is high, the amplifier operatesin a
high-speed mode. The timing control circuit is shown in
Fig. 4. When Q2 of the amplification clock phase is high,
QD1 is high during the dewing period and is low during the
settling period. The high duration of QD1 is adjusted by
the inverter gate delay time and the capacitors, CD1 and
CD2, of the delay generation block, corresponding to about
30 % of Q2 in the proposed circuit. Although the slewing
period is increased or decreased by about 40 % due to
process variations, the acquisition time is not critically
affected.

C. Smulation Results
The two-stage amplifiers of the ADC based on the proposed
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Fig. 5. Transient responses of the two-stage amplifier.

technique were simulated in a 0.35 um double-poly triple-
metal n-well CMOS technology.  The transient responses
by the conventional circuit and the proposed circuit are

shown in Fig. 5 and compared using an identical architecture.

The acquisition time of the amplifier is 8.8 ns in the
proposed circuit. It is about 10 % faster than 9.7 nsin the
conventiona circuit without amplifier modifications.

[11. PROTOTYPE ADC BASED ON
THE PROPOSED TECHNIQUE

The block diagram of the proposed 3.3 V 12b pipelined
ADC is illustrated in Fig. 6, based on a conventional four-
stage pipelined architecture.  The ADC consists of an input
sample-and-hold amplifier (SHA), three 4b multiplying
digital-to-analog converters (MDACS), four 4b subranging
flash ADCs, a sdf-bias generator, digital correction logic,
and a clock generator. Two non-overlapping clock phases,
Q1 and Q2, are internally generated for concurrent opera
tions of all stages to convert an analog input signa to a
digital output code. The proposed acquisition minimization
technique is applied to three MDACs based on a two-stage
amplifier. Each stage generates a 4b digital code from each
flash ADC and the 4b digital code is stored in the digital
correction logic. The interstage offset and clock feed-
through errors are digitally corrected in the digital correction
logic by overlapping one hit in each stage except the last.
Asaresult, afina 13b digital codeisobtained. The ADC
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Fig. 6. Block diagram of the proposed ADC.

Fig. 7. Layout of the prototype ADC (2.9 3.0 mm?).

system employs a fully differential architecture in anaog
signal paths to reduce noise.

IV. EXPERIMENTAL RESULTS

The prototype ADC was fabricated in a 0.35 um double-
poly triple-metal n-well CMOS technology. The ADC was
laid out as shown in Fig. 7 and the active die areais 8.7 mm?
(=29° 3.0mm?. The measured differential and integral
nonlinearities (DNL and INL) are plotted in Fig. 8. The
largest DNL isless than 0.6 LSB at a 12b accuracy, but the
largest INL shows 2.2 LSB level due to the limited matching
properties of the MDACL capacitors. The INL can be
improved further by a more careful layout technique and by
employing larger unit capacitors in the MDAC1. It is
noted that, currently, the process itself is being developed.

The proposed technique is demonstrated in Fig. 9,
showing the measured signal-to-noise-and-distortion ratio
(SNDR) versus sampling frequency before and after the
proposed high-speed mode, where the input frequency is
kept constant at 1 MHz. It is observed that the SNDR at 50
MHz is improved from 51 dB to 56 dB after the high-speed
mode engaged. It is feasible to make higher speed ADCs
with CMOS technologies based on the proposed technique.



The SNDR is closely matched to the theoretical value, which
is obtained by roughly subtracting 13 dB from the ideal
SNDR 74 dB for 12b, due to the 2.2 LSB level of INL.
The coupled input noise from the test boards and the low-
performance signal sources aso degraded the SNDR
performance of the prototype ADC at high input frequencies.
With the proposed technique, about 95 % of the blind-
assembled 40 samples are working within the speed
specification. The power consumption of the prototype
ADC was measured to be 200 mw with a 50 MHz clock and
a 33 V. The typicd measured performance of the
prototype ADC isin Tablell.
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Fig. 8. Measured DNL and INL.
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Fig. 9. SNDR versus sampling frequency (fin=1 MHz).

TABLE Il
Typicd Measured Performance of The Prototype ADC.
Resolution 12 hits
Supply Voltage 33V
Conversion Rate 50 MHz
Power 200 mwW
DNL +0.7LSB
INL +23LSB
Input Range 28Vp-p
Active Die Area 29" 3.0mm?
Technology 0.35 um n-well CMOS
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