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Abstract—This paper describes a 12-b 120-MS/s dual-channel
pipeline analog-to-digital converter (ADC) for high-speed video
signal processing. A simple digital midcode calibration technique
is proposed to eliminate an offset mismatch between two channels.
The proposed sample-and-hold-amplifier-free architecture with
correlated input sampling networks enables wideband signal
sampling while effectively reducing a gain mismatch between
channels. The prototype ADC implemented in a 0.13- m CMOS
technology achieves a peak signal-to-noise-and-distortion ratio
of 61.1 dB and a peak spurious-free dynamic range of 74.7 dB
for input frequencies up to 60 MHz at 120 MS/s. The measured
differential and integral nonlinearities are within � �� LSB and
� �� LSB, respectively. The ADC occupies an active die area of

� �� mm� and consumes 51.6 mW at a 1.2 V power supply.

Index Terms—Analog-to-digital converter (ADC), CMOS analog
integrated circuit, comparator offset, dual channel, input sampling
network, low power, midcode calibration, sample-and-hold ampli-
fier (SHA) free, switched operational amplifier (op-amp).

I. INTRODUCTION

T HE demand for high-resolution and high-speed
analog-to-digital converters (ADCs) has been con-

tinuously increased for various applications such as CMOS
image sensors, communications, and video analog front-end
applications. In particular, some state-of-the-art digital TVs and
cable applications require ADCs with a resolution of up to 12 b
and a sampling rate exceeding 110 MS/s [1]–[4]. Moreover,
the required specifications concerning data conversion speed
and resolution are becoming more and more strict in order to
obtain higher display resolution and better image quality. In
video applications, most signal formats are based on a multi-
channel configuration. For example, component video signal
and RGB PC outputs use three channels. Thus, multiple ADCs
are essential in a system-on-a-chip (SoC) to process these video
signals, and the system cost can be reduced depending on the
shrinking die size of the ADCs. On the other hand, the power
consumption of the ADCs is no longer negligible in those
SoC applications. The total power consumption of the chip
also affects both the reliability and the cost of the employed
package. As a result, low power consumption and compact
size together with high resolution and high sampling rate have
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Fig. 1. Block diagram of a time-interleaved ADC architecture.

been key design issues for the development of a single-chip
integrated system to process high-quality video signals.

Usually, the power consumption and chip size of conventional
ADCs tend to be linearly proportional to the conversion speed
within a specific sampling frequency range. Similarly, the power
consumption of the ADCs increases with a required resolution
at a given sampling rate. Sometimes, for example, at a sam-
pling rate exceeding hundreds of megahertz, the ADCs cannot
increase the conversion speed even though more power is in-
vested. A couple of time-interleaved ADCs address such per-
formance-limited issues as conversion speed, resolution, and
power consumption [5], [6]. The time-interleaved ADC archi-
tecture shown in Fig. 1 is an example of one of the most ef-
ficient ways to implement a high sampling rate with moderate
power consumption. The time-interleaved ADC consists of
ADCs in parallel, a demultiplexer at the analog input, and a mul-
tiplexer (MUX) at the digital output. Each ADC channel oper-
ates at a sampling rate of [fs/M]. The transfer function of the
ADC in each channel needs to be identical while the clock skew
is required to be matched for a highly linear signal sampling
operation.

The challenges in the design of high-resolution, time-inter-
leaved ADCs come with a couple of constraints associated with
static and dynamic errors. Static errors are caused by offset
and gain mismatches between channels, while dynamic errors
originate from mismatches at a sampling instant. Static errors
limit a signal-to-noise ratio (SNR), independently of input
frequencies and sampling rates. On the other hand, dynamic
errors result in an input-frequency-dependent SNR degradation.
Typically, dynamic errors with a low-frequency input signal
are negligibly small in switched capacitor applications. How-
ever, static errors always result in destructive problems. Much
effort has been devoted to overcome the static mismatches.
Channel offsets have been cancelled out by well-known analog
domain circuit techniques such as auto-zero offset cancellation,
correlated double sampling [7], and chopper stabilization [8].
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However, those techniques tend to require wideband analog
circuits, and they generate some critical noise issues as well as
increase the total power consumption, particularly in various
high-speed video signal applications. Another efficient way to
eliminate static mismatches is to apply a calibration technique
in the digital domain [6], [9]–[11]. The calibration-related
extra circuits increase the complexity, area, and power of the
integrated ADCs. However, the overhead of these circuits can
be scaled down significantly with the development of advanced
CMOS technologies and various calibration algorithms.

This study proposes a low-power, dual-channel Nyquist
pipeline ADC, which can operate at a sampling rate of
120 MS/s with a 1.2-V supply voltage based on a 0.13- m
CMOS process. The main focus of this study is on a static
error reduction due to offset and gain mismatches of the
time-interleaved ADC, rather than a dynamic error reduction.
The dual-channel ADC architecture with digital channel offset
cancellation is described in Section II. Low-power circuit
design techniques for a gain mismatch reduction without cal-
ibration are discussed in Section III. The implementation and
measurement results of the prototype ADC are summarized in
Section IV. Finally, conclusions are drawn in Section V.

II. ADC ARCHITECTURE AND CALIBRATION

A. ADC Architecture

One of the most popular schemes to increase a resolution of
pipelined ADCs is a calibration technique regardless of single-
channel ADCs or time-interleaved multichannel ADCs. The cal-
ibration technique is classified into foreground and background
calibration, depending on the time when calibration is to be per-
formed. Conventional foreground calibration techniques suffer
from a disadvantage that ADCs need to hold operation and be
calibrated repeatedly in the middle of operation due to time-de-
pendent temperature and voltage variations. For high-resolution
ADCs, it takes a long time to be calibrated, and some fore-
ground calibration cannot be employed in a specific application.
To overcome this shortcoming, background calibration tech-
niques without an extra calibration phase have been proposed
[12], [13].

However, the background calibration techniques also need
a long initial calibration time to obtain a required accurate
resolution while calibration logic requires a large area and
power consumption. This paper proposes a foreground mid-
code calibration technique with a short calibration time and a
small number of digital logic gates for a small chip size and
low power consumption.

The proposed dual-channel 12-b 120-MS/s ADC is shown
in Fig. 2. It consists of an analog demultiplexer at the input,
two ADCs in parallel, a midcode calibration circuit, and a dig-
ital multiplexer at the output. Each ADC channel operates at a
sampling rate of 60 MS/s with externally controlled opposite
phase clocks, CLK and CLKB. The digital output multiplexer
and midcode calibration logic circuits are implemented off chip.

The proposed digital midcode calibration technique com-
bined with some circuit designs efficiently eliminates channel
offsets and gain mismatches between two channels with only
very limited digital circuitry in the integrated time-interleaved

Fig. 2. Block diagram of the proposed dual-channel ADC.

Fig. 3. Single-channel ADC architecture of Fig. 2.

ADCs [14]. The calibration time and complexity based on the
proposed scheme are almost independent of the resolution and
conversion speed of the ADC. The offset in each single-channel
ADC is also reduced by this technique. The single-channel
12-b 60-MS/s ADC, as shown in Fig. 2, is detailed in Fig. 3.
The ADC consists of five multiplying digital-to-analog con-
verters (MDACs), six flash ADCs (FLASHs), an on-chip
current reference, and other supplementary circuits. A gain
mismatch between channels is minimized by employing a
sampling-and-hold amplifier (SHA)-free architecture together
with a resistor-free FLASH scheme.

B. Calibration

The proposed dual-channel ADC, as shown in Fig. 2,
employs off-chip midcode calibration logic, marked as MC
CAL, and two clock phases, CLK and CLKB. Calibration
starts with a control signal CAL switched to high at the input.
During this calibration period, the positive and negative analog
inputs of each channel are tied together, and external inputs
are disconnected from the ADC. The offset error of each
channel ADC is measured separately by averaging the dig-
ital outputs 16 times. Each averaged and rounded off digital
code is subtracted from the ideal midcode, 2048, and the
results are stored in memory.
This foreground calibration procedure takes only 22 clock
cycles, including the initial meaningless four clock cycles for
the pipeline delay. During normal conversion, each measured
and stored offset is subtracted from the raw digital outputs
of each channel ADC, and the calibrated digital output from
each channel is time-interleaved by the digital MUX block
at the output. Off-chip digital calibration logic for midcode
calibration can be implemented with a simple structure, which
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Fig. 4. Functional description of a midcode digital calibration �� � � ���� (a) before and (b) after calibration.

corrects only one code. It occupies less than 500 logic gates for
a calibration range of 128 codes which eliminate a channel
offset voltage of mV level.

The digital midcode calibration concept is briefly described
in Fig. 4. Fig. 4(a) shows the measured patterns of the prototype
ADC before calibration. The output of each channel is shifted
by and , respectively, and shows a dc
component in the fast Fourier transform (FFT) spectrum. With
the time-interleaving technique, the dc component is modulated
at the zero frequency, and a spurious tone appears at [fs/2]. A
gain mismatch between channels results in a spurious compo-
nent at [fs/2-fin] in the FFT plot of the time-interleaved outputs,
but it does not show up in each single-channel ADC. It signif-
icantly degrades the SNR performance of the prototype ADC,
and the effective resolution is limited up to around 8 b or less. A
timing mismatch can also cause a spurious tone at [fs/2-fin] in
the same way as a spurious component due to a gain mismatch.
In this work, since this tone to be generated by a timing mis-
match is minimized by carefully controlled external clocks, the
tone at [fs/2-fin] is composed of a spurious component resulting
from a gain mismatch. The normalized minimum magnitude of
each noise tone can be summarized as [15].

(1)

(2)

The spurious tone due to a gain error of in (2) comes
primarily from the average gain difference between the two
ADC channels. The proposed midcode calibration removes
offsets such as and . After calibration,
as observed in Fig. 4(b), the dc component of each channel
output and the spurious tone at [fs/2] of the time-interleaved
outputs are simultaneously reduced in the FFT plot.

The proposed midcode calibration technique needs the lin-
early increased number of digital logic gates depending on the
interleaved number of ADC channels used for high speed oper-
ation. The fact that the required calibration time remains con-
stant even with the increased number of channels makes the
proposed foreground calibration technique adequate for many
applications.

III. ADC CIRCUIT DESIGN

A high unity-gain frequency required for analog circuits such
as operational amplifiers (op-amps) can be obtained using thin
gate oxide and short-channel active devices with a reduced para-
sitic capacitance and a smaller device dimension resulting from
the downscaling of CMOS technology. This offers low-power
consumption as well as high-speed operation. However, these
merits also come with demerits, which are not critical in the
conventional design but should be overcome by other advanced
circuit techniques in the new era of deep-submicrometer tech-
nology [16]. First of all, the variation of switch on-resistance de-
pendent on signal levels significantly limits the linearity of sam-
pled inputs in low-voltage applications, and restricts the accu-
racy of circuits in high-speed operations. Second, noise perfor-
mance is considerably degraded with a reduced voltage range.
In other words, a reduced signal swing decreases the SNR due to
the noise power, independent of the power supply. Finally, offset
voltages are increased due to the short channel length and small
device dimension. Offset reduction requires additional circuit
design schemes such as calibration or offset cancellation using
an auto-zero function. In this study, a gate-bootstrapping tech-
nique is employed to improve the high-speed input sampling
performance [17] while an op-amp with a high signal swing is
used to address the noise problem. As discussed in Section II,
the proposed calibration technique eliminates channel offsets.

As for the conventional pipeline ADCs, primary gain errors
come from the nonlinear op-amp in the input SHA as well as
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Fig. 5. Simplified input sampling network based on MDAC1 and FLASH1.

the unmatched top and bottom reference voltages supplied to
each functional circuit block. This study proposes an SHA-free
input sampling network to eliminate the major channel-gain
mismatch error resulting from a mismatched SHA gain. The
gain mismatch can occur due to a reference voltage difference
between channels. A resistor-free FLASH ADC architecture is
proposed to remove the non-linear reference voltage mismatch
effect due to the parasitic resistance of interconnection metal
lines. An op-amp gain error of the MDAC1 may cause an other
gain mismatch between channels as well as a linearity error of a
single channel ADC. However, the error can be maintained neg-
ligibly small if each single-channel ADC is designed efficiently
to suppress the linearity error due to the first stage MDAC to
less than 1 LSB, which is very common and essential for a
single-channel ADC design. The circuit design techniques to
reduce a gain error without calibration, while maintaining a low
power dissipation, are proposed and discussed in the following
subsections.

A. Input Sampling Network

In the proposed SHA free architecture, as shown in Fig. 5,
analog inputs are sampled directly at the MDAC1 and FLASH1.
When a mismatch occurs between the input sampling time of the
capacitor array in the MDAC1 and that of the comparator array
in the FLASH1, the maximum allowable input frequency for
no-missing code performance is restricted. The input sampling
network proposed in Fig. 5 allows a precisely matched sampling
time for the MDAC1 and FLASH1 to obtain a high-frequency
input sampling even without an SHA. The sampling time mis-
match is minimized by synchronizing the sampling time of the
switches connected to the bottom plate of each capacitor in the
MDAC1 and FLASH1 employing a bootstrapped clock ,
thus making sampled inputs maintain a good linearity.

A sampling time error between the MDAC1 and FLASH1
commonly leads to missing codes. Comparator offsets ex-
ceeding the decision-error correction range of the FLASH1
generate the same kind of missing codes. The maximum allow-
able input frequency for no-missing code is derived as follows:

(3)

(4)

(5)

Fig. 6. Simulated conditions of input frequency, sampling time mismatch, and
comparator offsets for no-missing code based (a) on MDAC1 with no offset and
(b) on MDAC1 with an offset voltage of 15 mV.

In (5), is the sampling time mismatch between the MDAC1
and FLASH1. The is the tolerable offset voltage in
the ADC and is calculated as follows:

(6)

In (6), is the maximum allowable offset voltage with
no sampling time mismatch. In the proposed SHA-free ADC
architecture, the value of needs to be 62.5 mV to
guarantee no-missing code. The and are the
offset voltages of the MDAC1 and FLASH1, respectively. As
shown in (5) and (6), a maximum achievable input sampling
frequency is limited by the offset errors of the MDAC1 and
FLASH1 as well as the timing mismatches between the MDAC1
and FLASH1. Thus, a maximum allowable input frequency with
an MDAC1 offset voltage of and a FLASH1 offset
voltage of is calculated as follows:

mV
(7)

In Fig. 6, the required conditions of input frequency, timing
mismatch, and offsets of the MDAC1 and FLASH1 are de-
scribed to achieve no-missing code with a V input signal
at a 12-b resolution. As shown in Fig. 6(a), input frequencies
for no-missing code are corelated and analyzed with timing
mismatch errors and FLASH1 offset voltages of 0–30 mV
when the MDAC1 has no offset error. For example, the timing
mismatch of the MDAC1 and FLASH1 should be limited to less
than 0.33 ns in order to process a high-frequency input signal
of 60 MHz, even if the MDAC1 and FLASH1 are ideal without
any offset voltages. On the other hand, Fig. 6(b) shows the input
frequencies related to tolerable sampling time mismatches and
comparator offsets with a given MDAC1 offset of 15 mV.
The simulated results of Fig. 6(b) show that the sampling
time mismatch should be less than 0.09 ns with offset voltage
mismatches of 15 and 30 mV in the MDAC1 and FLASH1,
respectively, in order to properly handle a 60-MHz Nyquist
input signal in the proposed 12-b ADC.

B. Resistor-Free Comparator

The proposed ADC is composed of six pipeline stages, and
each stage is based on a 2.5-b/stage midrise coding technique,
as illustrated in Fig. 7. The small triangles in Fig. 7 represent
comparators. Three comparators between DREF and -DREF are
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Fig. 7. Coding technique of the proposed ADC.

Fig. 8. FLASH architecture. (a) Capacitor-divided latched comparator. (b) Pro-
posed 2.5-b FLASH scheme.

used for normal conversion, while the top and bottom compara-
tors from stage 2 to stage 6 are needed for error correction.

Each FLASH is based on a capacitor-divided (C-DIV)
comparator instead of a conventional resistor ladder-based
comparator, as shown in Fig. 8(a). The schematic of the pro-
posed C-DIV based FLASH circuit is illustrated in Fig. 8(b).
With the proposed latched comparator, all the FLASHs are
free from having a resistor divider, which can cause a gain
error in the ADC due to a voltage drop of reference voltages
through interconnection line currents. Each input node in the
proposed comparator of Fig. 8(a) and (b) employs two separate
capacitors, but the capacitors are connected only to the top
and bottom reference voltages, and , selectively.
All the FLASHs consist of the same C-DIV type comparators,
and the bootstrapped clocks, and , are applied
only to the first FLASH in order to deal with a sampling time
mismatch.

Fig. 9. Two-stage switched op-amp for MDAC1.

C. Two-Stage Switched Op-Amp

As shown in Fig. 9, the MDAC1 employs a two-stage op-amp
to achieve a high signal swing with the required high dc gain.
Since op-amps are the most power-hungry analog circuits in
the pipeline ADC, a cascoded compensation technique [18] and
switched op-amp techniques [19] are adopted to minimize the
power dissipation of the op-amps. During the sampling phase,
transistors M3, M4, and M7 operating as switches are turned
off. At the same time, both differential outputs, and

, are set to a common-mode voltage of VCOM by tran-
sistors M5 and M6. The gate of M9 is connected to VB5 through
M8 to achieve a fast settling of each node in the next ampli-
fying phase while maintaining the power off status. Right be-
fore the amplifying phase, M7 is turned on first, and M3 and
M4 are turned on to amplify input signals at the beginning of
the amplifying phase. This slight timing difference between M7
and M3–M4 is needed to reduce the power consumption of the
op-amp without degrading the settling time. It is noted that the
dynamic common-mode feedback (CMFB) circuit proposed in
the second stage op-amp consists of only two capacitors and
three switches, as shown in the shadowed area of Fig. 9. The
proposed CMFB circuit requires half the components that the
conventional switched-capacitor based CMFB circuit [20] does.
The CMFB circuit reduces a chip size and power consumption
by lowering the output loading capacitance. The total power
consumption and chip area of the ADC are reduced by approx-
imately 30%, compared to conventional ADCs with a similar
pipeline architecture, based on the proposed switched op-amp
and the simplified CMFB circuit.

IV. ADC IMPLEMETATION AND MEASUREMENTS

The prototype ADC is fabricated in a 0.13- m CMOS
process. Both of the dual channels are symmetrically laid out
as illustrated in Fig. 10. Each individual ADC independently
integrates all of the functional circuit blocks and does not
share any circuit blocks to avoid any potential crosstalk noise
between each channel. Dummy capacitors are laid out only in
the capacitor array of the MDAC1 to obtain good capacitor
matching accuracy, which is very critical to maintain 12-b-level
ADC linearity. The reduced number of dummy capacitors
and the resistor-free FLASHs minimize the area of passive
components occupying a relatively large portion of the entire
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Fig. 10. Die micrograph of the proposed dual-channel ADC.

Fig. 11. Measured DNL and INL of each ADC channel. (a) A Channel.
(b) B Channel.

Fig. 12. Measured DNL and INL of the proposed dual-channel ADC (a) before
calibration and (b) after calibration.

ADC chip area. The active die area of the dual-channel ADC,
excluding off-chip calibration logic, is mm .

Figs. 11 and 12 illustrate the measured static linearity per-
formance of two separate ADC channels and the dual-channel
time-interleaved ADC, respectively. The proposed dual-channel

Fig. 13. Measured FFT spectrums of each ADC channel. ���� �
�� MHz� �	 � 
�� MHz�. (a) A Channel. (b) B Channel.

Fig. 14. Measured FFT spectrums of the proposed dual-channel ADC ���� �
� �� MHz� �	 � 
�� MHz�. (a) Before calibration. (b) After calibration.

ADC shows better linearity than each separate single-channel
ADC, since the random linearity errors of each single-channel
ADC are also averaged out. The proposed offset calibration does
not move toward any significant improvement of the linearity, as
shown in Fig. 12.

The FFT spectrums of two single-channel ADCs and the
dual-channel ADC are plotted in Figs. 13 and 14, respectively.
The plots of Fig. 13 are measured with an 8192-point FFT, and
the plots of Fig. 14 are measured with a 16 384-point FFT. The
input signal frequency is 4.5 MHz, while the sampling rate of
each single channel is 10 MS/s to achieve a 20-MS/s sampling
rate in the overall ADC. The spurious components of the dotted
circle at [fs/2-fin] in the left-hand side of Fig. 14(a) and (b) are
caused by a gain mismatch between channels in the time-in-
terleaved ADC. The value of 84.5 dBc representing a gain
mismatch is negligibly small at a resolution of 12 b and is
almost independent of calibration. On the other hand, the
harmonic component at [fs/2] indicating an offset mismatch
is 49.8 dBc before calibration, which limits the spurious-free
dynamic range (SFDR). The measured channel offset of the
prototype ADC corresponds to 13 LSBs at 12 b. The offset
spurious tone is improved to 80.9 dBc from 49.8 dBc after
the proposed midcode calibration. The proposed midcode
calibration reduces the dc component as well as the harmonic
component at [fs/2] caused by an offset mismatch. After
calibration, as observed in Fig. 14, the dc component of the
time-interleaved outputs is reduced to 70.2 dBc from 56.4 dBc.

The signal-to-noise-and-distortion ratio (SNDR) and SFDR
versus sampling frequencies for a 4.5-MHz input are plotted in
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Fig. 15. Measured SNDR and SFDR.

Fig. 16. Measured FFT spectrums with Nyquist input (fs � �������, �	 �

��� MHz).

Fig. 17. FOM of recently reported 12-b ADCs with a sampling rate exceeding
50 MS/s.

Fig. 15. The SNDR and SFDR maintain a reading of better than
60 and 70 dB up to a sampling rate of 120 MS/s, respectively.

The dual-channel prototype ADC consumes 51.6 mW at
a nominal condition of 120 MS/s and 1.2 V. The measured
differential nonlinearity (DNL) and integral nonlinearity (INL)
of the calibrated dual-channel ADC are within LSB
and LSB, respectively. The measured SNDR and SFDR
are 63.6 and 81.0 dB, respectively, with an input frequency
of 4.5 MHz and a sampling rate of 20 MS/s. At a sampling
rate of 120 MS/s, the measured SNDR and SFDR are 61.1
and 74.7 dBc, respectively, for a 59.9-MHz input frequency as
shown in Fig. 16. It is measured with a 16 384-point FFT.

Fig. 17 illustrates a figure of merit (FOM) versus sampling
rate of recently reported 12-b CMOS ADCs with a sampling

TABLE I
PERFORMANCE SUMMARY OF PROTOTYPE ADC

rate exceeding 50 MS/s, where the FOM is defined as
follows:

(8)

The FOM of the proposed ADC is 0.46 pJ/conversion-step.
The proposed ADC performance is summarized in Table I.

Off-chip digital calibration logic needs a logic gate count of 500
for a calibration range of 128 codes, which requires a small ad-
ditional chip area less than 0.01 mm and a power consumption
of 1 mW.

V. CONCLUSION

This study proposes a 12-b 120-MS/s dual-channel ADC
based on a midcode calibration scheme, which eliminates
an offset mismatch between channels. The ADC employs
SHA-free as well as resistor-free architectures simultaneously
to achieve both a reduced gain mismatch between channels and
a small die area. The implemented 12-b Nyquist-rate 0.13- m
CMOS ADC shows a power consumption of 51.6 mW and an
active die area of 0.56 mm at a 120-MHz sampling rate.
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