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Abstract—A pipelined ADC architecture for use in sub-sampled
systems which is power scalable in relation to its down sampled
bandwidth is presented. The ADC uses a technique to eliminate
the front-end sample hold, thereby reducing power consumption.
The technique allows for a power savings of 20% compared to a
previous design. A method to improve the settling behavior of rapid
power-on opamps is also presented. Measured results in a 1.8 V
0.18 m CMOS process verify the removal of the front-end sample
and hold does not cause gross MSB errors for input frequencies
higher than 267 MHz. With � 50 MS/s, for �� � 79 MHz the
SNDR is 51.5 dB, and with � 4.55 MS/s for �� � 267 MHz
the SNDR is 52.2 dB.

Index Terms—ADC, CMOS, current modulated power scaling
(CMPS), current starved, delay cell, pipeline, power reduction,
power scalable, rapid power-on opamp, reconfigurable, sample
and hold, scalable, sub-sampling.

I. INTRODUCTION

THE growing demand for mobile systems which can pro-
vide multi-standard compatibility in a single solution [1]

has stimulated much research in systems which allow for mul-
tiple design specifications to be met with only one low power
design (e.g., [2]–[8]). All mobile communication systems
consist of a receive path, in which it is typically required to
down-convert a high frequency input down to an IF or baseband
frequency. Fig. 1 illustrates a single path of an IQ receiver
where an input mixer is used to translate an up-converted input
signal down to baseband or a low IF. As the input signal is
required to go through the mixer before the ADC, the mixer
must have in-band distortion lower than that of the ADC and as
a result the mixer can consume a large amount of power. Alter-
natively, the front-end mixer can be eliminated by connecting
the output of the antialiasing filter directly to the ADC as
shown in Fig. 2. By using sub-sampling in the ADC, the input
bandwidth can be translated to an IF or baseband frequency
(assuming the filter preceding the ADC sufficiently attenuates
out of band harmonics). However, note that although the power
of the mixer is eliminated in the approach of Fig. 2, the required
input bandwidth of the ADC is significantly increased.
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Fig. 1. Down-conversion using an input mixer.

Fig. 2. Down-conversion using a sub-sampled ADC.

Fig. 3 illustrates the first stage of a pipelined ADC with
the ADC input connected directly to a high frequency analog
source. In a pipelined ADC the analog input is sampled by both
the MDAC and sub-ADC, using different sampling circuits.
Due to mismatches in the signal paths as well as threshold
mismatches in the sampling switches, the analog input sampled
by the sub-ADC and MDAC are different [9]. For a difference
in effective sampling time between sub-ADC and MDAC of

, and an input sinusoid with frequency , and peak
voltage , the maximum difference in input voltage sam-
pled by the MDAC and sub-ADC is given by

(1)

For very large input frequencies the MDAC and sub-ADC can
sample vastly different inputs, resulting in massive harmonic
distortion in the ADC output. For example, if an input sinusoid
of 270 MHz is applied to a pipelined ADC which has a sampling
skew of 140 ps between MDAC and sub-ADC, the difference
between inputs sampled by the MDAC and sub-ADC can be as
high as a quarter of the full scale voltage.

To ensure the sub-ADC and MDAC see the same input, a
front-end Sample and Hold (S/H) is commonly used before the
first pipelined stage so as to make the input to the first pipeline
stage discrete time, thus independent of input frequency given
sufficient settling time. Since a front-end S/H would be required

0018-9200/$25.00 © 2008 IEEE



AHMED AND JOHNS: A HIGH BANDWIDTH POWER SCALABLE SUB-SAMPLING 10-BIT PIPELINED ADC WITH EMBEDDED SAMPLE AND HOLD 1639

Fig. 3. First pipeline stage driven by input source.

Fig. 4. Conventional 1.5b/stage MDAC.

to have a noise floor and distortion lower than that of the
pipelined ADC following it, the power of the ADC is signifi-
cantly increased by using a front-end S/H.

To save power, previous publications have eliminated the
front-end S/H by relying on the redundancy of the first pipelined
stage (e.g., [10]–[12]). In a 1.5-bit/stage architecture the com-
parator offset in the sub-ADC can be as large as (where

is the maximum peak voltage of the input). Thus, so long as
the difference in input operated on by the MDAC and sub-ADC
of Fig. 3 is less than , the effect of skew appears as an
input-referred offset on the sub-ADC comparator, and the effect
of the offset is eliminated by the redundancy of the first pipeline
stage. Hence, the front-end S/H can be eliminated without
any further modification to the ADC. From (1), assuming a
sinusoidal input to the ADC with a maximum peak voltage,
and assuming no inherent offset in the sub-ADC comparators,
the maximum allowable skew time that can be corrected by
the redundancy of a 1.5-bit stage is . Thus, high
frequency inputs require low skew between sub-ADC and
MDAC; for 270 MHz the maximum skew allowable is
140 ps. The practical allowable skew between sub-ADC and
MDAC however must also take into consideration the mismatch
of the comparators in the sub-ADC (which in a 1.5-bit stage are
typically made large) as well as a design safety margin—with
these factors included the skew must be significantly lower than
140 ps. Clearly approaches which rely on the redundancy of
the first pipeline stage require a very carefully matched layout

[11] if the design is to work over all process corners and device
variations.

In this work [13], a power scalable 10-bit ADC optimized
for sub-sampled reconfigurable systems with large input band-
widths is proposed. By using a modified architecture for the first
pipeline stage which does not require a front-end S/H nor care-
fully matched signal paths to prevent gross errors in the first
stage, the power of the ADC is reduced by 20% compared to
that in [3]. This work also presents a technique to improve the
settling behavior of rapid power-on opamps which were shown
in [3] to be a key building block in achieving power scalability
for large sampling rates. Measured results from a prototype fab-
ricated in a 1.8 V 0.18 m CMOS process show the ADC of
this work to have an SNDR of 51.5 dB at 79 MHz for

50 MS/s, and SNDR of 52.2 dB at 267 MHz for
4.55 MS/s.

The organization of the discussion in this paper is as fol-
lows: Section II describes the technique used to eliminate the
front-end sample-and-hold, Section III describes how power
scalability is achieved in this work, Section IV describes the
circuit implementation of the design, Section V presents mea-
surement results, and Section VI concludes the work.

II. TECHNIQUE TO ELIMINATE FRONT-END SAMPLE-AND-HOLD

Fig. 4 illustrates a conventional 1.5-bit stage in a pipelined
ADC. During the input is sampled on capacitors and

. During a gain of two is implemented by discharging the
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Fig. 5. MDAC of this work which enables elimination of front-end S/H (shown single-ended, but implemented fully differentially).

Fig. 6. Detailed illustration of MDAC functionality during � .

charge stored in to , and DAC operation by connecting
to a voltage set by the sub-ADC.

In this work the first 1.5-bit pipeline stage is modified and
an additional clock phase introduced as shown in Fig. 5. Like
the conventional pipeline stage of Fig. 4, during the input
is sampled on and . However in this work, when
switches from low to high and is low, is set to a high
impedance and is connected between the output and input
of the opamp as shown in Fig. 6. Connecting around the
opamp produces a held value of the sampled analog input, and
due to charge conservation at the negative input of the opamp the
voltage across is preserved as shown in Fig. 6. Thus, with the
approach of this work, during the time labeled in Fig. 5,
the output of the first stage can be connected to a 1.5-bit Flash
ADC. When subsequently goes high the 1.5-bit Flash ADC
resolves its input sets to the appropriate DAC voltage, and
implements a gain of 2x by discharging the charge from into

. Therefore, the first pipeline stage of this work implements
the same functionality as a conventional pipeline stage, however
is not sensitive to skew at the input as by using the embedded
sample-and-hold of the MDAC, the sub-ADC operates on the
same input that is sampled by the MDAC regardless of input
frequency. Thus, by using the proposed modified first pipeline
stage a front-end sample and hold is not required to ensure func-
tionality for high input frequencies, hence allowing for substan-
tial power savings.

Fig. 7. Comparison of MDAC settling time of this work versus conventional
MDAC.

Since the Flash ADC only requires an input that is 1.5-bit
accurate, the output of the opamp during is only required
to settle to 1.5-bit accuracy to generate the correct outputs
from the Flash ADC, hence is only small fraction of
the total available settling time as shown in Fig. 7. Although
the power of the opamp in the first pipeline stage is slightly
increased by the fraction of settling time taken by , the
overall power of the ADC is significantly reduced as the power
hungry front-end S/H is eliminated. The technique to eliminate
the front-end S/H could also be applied to multi-bit pipeline
stages, noting that prior approaches which relied on redundancy
to eliminate the front-end S/H have an even smaller allowable
skew thus demand an even more meticulously matched layout
than discussed in Section I. It should be noted that the technique
to remove the front-end S/H, although independently derived
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Fig. 8. Alternative configuration of MDAC during � without floating capacitors.

for this work, is similar to that recently published in [14].
However the results of this work show: how the S/H removal
technique can be applied to a power scalable architecture, a
much higher input bandwidth, and a 66% increase in sampling
rate.

From Fig. 6 it is noted that during one end of is
floating. Alternatively it is also possible to configure the MDAC
such that during node is also connected to the
output of the opamp as shown in Fig. 8. Using the alternative
approach the functionality of the MDAC is the same as Fig. 5
however a floating capacitor is avoided. By using the approach
of Fig. 8, the feedback factor of the MDAC during is
increased, however the load capacitance seen by the opamp is
also increased. Depending on the relative size of compared
to the opamp input capacitance, the approach of Fig. 8 could
yield a faster or slower solution compared to that in Fig. 6. To
evaluate both approaches, a programmable switch was included
in this work to allow the ADC to operate as shown in Fig. 6 or
as shown in Fig. 8, so that the viability of each approach could
be validated.

III. POWER SCALABILITY

A. Review of Prior Power-Scaling Techniques

Digital CMOS circuits have a power which explicitly scales
with operating frequency according to . Analog cir-
cuits however have a power which by in large does not scale
explicitly with sampling rate as static bias currents are used to
place analog transistors in the active region. Since ADCs contain
primarily analog circuits, the power of an ADC remains approx-
imately fixed for different sampling rates. A common method
to achieve a scalable analog power is to adaptively scale tran-
sistor bias currents with the sampling rate (e.g., [2], [15]–[17]).
Since more settling time is made available for lower sampling
rates, transistor bandwidths can be reduced hence bias currents
correspondingly reduced. Although bias current scaling can be
effective for a small variation of sampling rates, for a very wide
variation of sampling rates the bias currents could be forced to
vary by orders of magnitude to maintain a reasonable power
consumption, thereby driving MOS transistors to be deep in the
weak inversion region. As MOS transistors in the weak inver-
sion region are more susceptible to mismatch effects than de-
vices in strong inversion [18], in the interest of yield and sensi-
tivity to external noise sources it is highly desirable to avoid op-
erating deep in the weak inversion region. In [3] a current mod-
ulated power scaling (CMPS) technique was proposed which

Fig. 9. Illustration of current modulated power scaling (CMPS).

allowed for very wide variations of power with sampling rate
without commensurate variations in bias currents. The ADC of
this work achieves power scaling using the techniques of [3].
Furthermore many of the circuits from [3] are re-used, where
in this work the first pipeline stage is altered using the pro-
posed techniques to allow for the elimination of the front-end
sample-and-hold. Thus, the effectiveness of the power reduc-
tion techniques proposed can be evaluated by a direct compar-
ison to [3].

B. Review of CMPS

As illustrated in Fig. 9, CMPS achieves power scaling by dig-
itizing the analog input within a fixed time interval , then
powering off the ADC for until the next input sample is re-
quired to be sampled. Thus, with CMPS, by changing how long
the ADC is powered off, different sampling rates with linearly
scaled power consumption (due to time averaging) are achieved.
The settling times for each pipeline stage , hence bias cur-
rents, are thus constant for different sampling rates.

From [3], it is noted that when the pipelined ADC completely
powers off its stages are reset, hence when the next analog input
is sampled the input is required to be processed by each pipeline
stage before a valid digital output can be generated. As a result,
when using CMPS in a pipelined ADC the ADC effectively op-
erates as an algorithmic ADC, limiting the maximum sampling
rate to 4.55 MS/s in this work (where is the total
latency of the pipelined ADC). From [3] it is noted that the total
latency includes the delay of the pipeline stages as well
as additional clock cycles required to initialize various voltages
(e.g., bias, clock generator) before the ADC can process the
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Fig. 10. Architecture of pipelined ADC.

Fig. 11. Rapid power-on opamp.

next sampled input. Current scaling is used to achieve power
scalability for sampling rates not covered with CMPS [3], i.e.,
between 4.55–50 MS/s. By using CMPS in combination with
current scaling a very wide power scalable range can be real-
ized without a commensurate variation in bias currents. This is
highly desirable in sub-sampled systems as the system could be
configured for different standards with widely different specifi-
cations, while having the power scale with bandwidth.

From [3] it is noted that to achieve high sampling rates, the
ADC is required to rapidly power-on so as to digitize the next
analog input. As a result analog circuits which are capable of
rapidly powering-on and settling to the full accuracy demanded
by the ADC are required. As opamps form the main analog cir-
cuit blocks in the pipeline stages of the ADC, rapid power-on
opamps are required to enable CMPS at high sampling rates [3].

IV. CIRCUIT IMPLEMENTATION

A. Pipeline Architecture

The architecture of the pipelined ADC of this work is shown
in Fig. 10. The first stage is as shown in Fig. 5, and all remaining
stages are standard 1.5-bit stages. Stages 3–9 are identical to
those used in [3]. Stage 2 is a standard 1.5-bit stage but has the
same sized sampling capacitors and opamp as stage 1.

With the front-end S/H removed in this work, the total sam-
pling capacitances of the first two pipelined stages in this work
were reduced by 40% compared to [3] (from 940 fF to 580 fF in

stages 1, and 2) while maintaining the same input-referred noise
as [3]. In this work the opamp of stage 1 was conservatively de-
signed such that was 20% of the total settling time. How-
ever was made tunable so that the lowest possible
without gross MSB errors could be measured. To meet the same
settling accuracy as [3], the opamps of stage 1 and 2 were made
33% smaller than those of [3]. Thus, although less settling time
is available in the first pipeline stage, overall power is still re-
duced without a front-end S/H since the thermal noise floor of
the pipeline stages can be made higher (with smaller sampling
capacitors) to maintain a fixed input-referred noise floor. To en-
able a large input bandwidth, bootstrapped switches [19] were
used as the input switches S1, S2 in Fig. 5.

B. Rapid Power-on Opamp

A rapid power-on opamp [3] was used in each pipeline stage
to realize a power scalable architecture and is shown in Fig. 11.
Like conventional gain-boosted opamps, the rapid power-on
opamp requires the unity gain frequency of the gain booster
opamps (opamps , in Fig. 11) to be higher than the 3 dB
frequency of the closed loop but lower than the second pole of
the main opamp [20]. Furthermore the loop formed by the gain
boosters (labeled in Fig. 11) is also required to be stable.
Rapid power-on opamps power on and completely off each
clock cycle, hence the inputs to the gain booster opamps ,

effectively see a step function every clock cycle. Thus, to
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Fig. 12. Gain booster opamp used previously (left), and in this work (right).

Fig. 13. Clock delay block to generate � from � .

ensure good settling, loop requires a high phase margin. In
[3] standard folded cascode PMOS-input opamps as shown in
Fig. 12 were used for the gain booster opamps . The phase
margin of the loop is limited by the second pole of the loop
which occurs at the pMOS current mirror node labeled in
Fig. 12. The same bias voltages used for the main opamp were
also used for the gain booster opamps, thus pMOS transistors
were sized 5x larger than the nMOS transistors to maintain
a similar overdrive voltage as the nMOS transistors for a fixed
current density. As such a large parasitic gate-source and
gate-drain capacitance exists on node and sets the second
pole of the loop to a low frequency which degrades the phase
margin of the loop . To improve the phase margin of loop

the p-input gain booster opamp was modified by imple-
menting the current mirror in the opamp with nMOS transistors
instead of pMOS transistors [21] as illustrated in Fig. 12. By
performing the mirror operation with nMOS transistors, the
capacitance on the mirror node is reduced by 2.5x and the
second pole pushed to a much higher frequency—significantly
improving the phase margin. Simulation results show that the
phase margin of loop is improved from 56 to 72 by
only changing the location of the mirror node. By switching
the location of the current mirror node from pMOS to nMOS
transistors the slew rate of the gain boosting opamp is reduced
by 2x (i.e., when M2 is cutoff, in the prior approach the current
through MT is mirrored by the pMOS current mirror to the
output node, however in the approach of this work when M2
is cutoff the output current is set by M4 which is biased with
half the current of MT). Although a lower slew rate increases
the opamp’s power-on time, the significant benefit of a more
stable power-on transient makes it a favorable trade-off. Also
it is noted that since the power-on time of the opamps of this
work only require a small percentage of the settling time to

power-on, the total available settling time of the opamp is not
significantly reduced with a lower slew rate in the gain booster
opamps.

C. Generation of Delayed Clock

The delayed clock edge of Fig. 7 was generated using a
chain of four current starved inverters as shown in Fig. 13. Cur-
rent starved inverters were chosen to allow to be widely
tuned for different sampling rates by changing the bias currents.
Also by varying the off-chip reference current , the depen-
dence of ADC SNDR versus could be measured.

The current starved inverters were designed such that only
one clock edge was delayed. Commonly in a current starved
inverter, the current sources are connected to the source nodes
of the inverters (e.g., [22]–[24]) as shown in Fig. 14. When the
input clock switches from low to high in, e.g., the first inverter,
the current source initially starts off in triode causing a large
drain-source current, which is different than the desired bias cur-
rent, to flow until the pre-charged output discharges to the point
where the current source is biased in the active region as shown
in Fig. 14. As a result the discharge rate of the output also be-
comes a function of the rise time of the input, reducing the con-
trol has on the delay of the current starved inverter, hence
reducing the range of delay values possible by varying .

In this work, the current source transistors were connected
between the drains of the pMOS and nMOS inverter transistors
as shown in Fig. 14. This was done so that when the input to e.g.,
the first inverter switches from low to high, the current source
transistor MB1 switches from operating in cut-off to the active
region, forcing the inverter output to discharge with a rate set by
the bias current of MB1. Hence, the discharge rate at the output
of the inverter is a strong function of the biasing current of MB1
allowing wide variation in the delay of the inverter.
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Fig. 14. Comparison of different current starved inverter topologies.

Fig. 15. Micrograph of fabricated chip in 1.8 V, 0.18 �m CMOS.

The value of was set by an off-chip reference current
. In a practical system for use in industry where a precise

definition of the duration of would be required to ensure
sufficient settling times for the opamp over process and tem-
perature variations, a DLL can be used to ensure a fixed .
Given a sufficient settling time, the clock edge of can be
allowed to have a large amount of jitter without any significant
impact on ADC performance. Hence, a potential DLL solution
could be implemented with very low power. Furthermore since
the most power consuming block of a DLL is typically the delay
cell, which is already implemented on-chip in this work, the ad-
ditional power of a loop filter, charge pump, and phase detector
to complete the DLL loop would be relatively small.

V. MEASURED RESULTS

A prototype of the ADC of this work as shown in Fig. 15
was fabricated in a 1.8 V, 0.18 m CMOS process. The core
area was 1.1 mm 1.1 mm, and the maximum input signal
swing was 1.6 Vp-p. Figs. 16 and 17 show the SNDR of the
ADC versus input frequency for various power scaled sampling
rates. The ADC remains fully functional for input frequencies
larger than 267 MHz—frequencies which prior techniques using
the redundancy of the first pipeline stage would require a very
well matched layout ( 140 ps skew). For 50 MS/s and

Fig. 16. SNDR versus input frequency for � � 50 MS/s, 4.55 MS/s.

Fig. 17. SNDR versus input frequency for � � 24 MS/s, 2.12 MS/s.

79 MHz the SNDR is 51.5 dB. For lower sampling rates
the input bandwidth is increased, e.g., for 4.55 MS/s, the
SNDR is 52.2 dB for 267.1 MHz. Fig. 18 shows the FFT
of the ADC output for 50 MS/s and 4.55 MS/s. We note in
this work the S/H removal technique is demonstrated for input
frequencies 4x larger than in [14]. It is noted that the measure-
ments for 4.55 MS/s are for the case when CMPS is en-
abled such that the settling time in each opamp as well as
is the same as the case when 50 MS/s [3]. Also note that
although a single sinusoidal input was used, distortion products
are captured in the results due to aliasing from sub-sampling.

Fig. 19 shows the power of the ADC versus sampling rate.
The power of the ADC at 50 MS/s was 27 mW, 20%
lower than the 35 mW of [3] while maintaining a similar SNDR.
It is noted in this work the 27 mW includes an additional bias
circuit (1 mW) to improve the robustness of the system, as well
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Fig. 18. FFT of ADC output at � � 50, 4.55 MS/s.

Fig. 19. Power versus sampling rate.

Fig. 20. Variation of ENOB with � using approach of Fig. 6.

as clock delay generator (0.5 mW) to generate . Lower sam-
pling rates with correspondingly lower power can be realized by
increasing while current scaling the ADC [3]. From Fig. 19
the power of the ADC of this work is shown to compare fa-
vorably to other recently published 10-bit ADCs [3], [10], [14],
[25]–[36] over a wide range of sampling rates.

In Figs. 20 and 21 the SNDR of the ADC is plotted versus the
percentage is of the total available settling time when the
first pipeline stage is configured using the approach of Figs. 6

Fig. 21. Variation of ENOB with � using approach of Fig. 8.

and 8, respectively. From both plots it can be concluded that
MSB errors only occur when is 10% of the available set-
tling time. Thus, the technique to remove the front-end sample
and hold described in this work does not require the first stage
opamp to be significantly increased in power to maintain settling
accuracy. Furthermore the fact that the SNDR only degrades for

larger than 25% of the settling time indicates the power of
the first stage opamp could easily be further reduced. Both ap-
proaches exhibit similar performance for different , where



1646 IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 43, NO. 7, JULY 2008

TABLE I
SUMMARY OF ADC PERFORMANCE

the approach of Fig. 8 shows better performance for slightly
smaller values of . This can be attributed to the fact that
although the load capacitance of the opamp in the first stage is
increased using the approach of Fig. 8, for the opamp used in
the first stage of this work, the larger feedback factor ultimately
allows for faster settling. Table I summarizes the key measure-
ment results of this work

VI. CONCLUSION

A power scalable ADC for use in sub-sampled systems with
a large input bandwidth was described. Using a technique to re-
move the front-end sample and hold, a power savings of 20%
was realized. A method to improve the settling behavior of rapid
power-on opamps was also presented. Measured results from a
1.8 V 0.18 m CMOS prototype show the ADC to achieve more
than 51 dB SNDR for input frequencies larger than 79 MHz for

50 MS/s and 267 MHz for 4.55 MS/s.

REFERENCES

[1] A. Rusu, R. de Llera Gonzalez, and M. Ismail, “Reconfigurable ADCs
enable smart radios for 4G wireless connectivity,” IEEE Circuits De-
vices Mag., vol. 22, no. 3, pp. 6–11, May-Jun. 2006.

[2] K. Gulati and H.-S. Lee, “A low-power reconfigurable analog-to-digital
converter,” IEEE J. Solid-State Circuits, vol. 36, no. 12, pp. 1900–1911,
Dec. 2001.

[3] I. Ahmed and D. A. Johns, “A 50-MS/s (35 mW) to 1-kS/s (15 �W)
power scalable 10-bit pipelined ADC using rapid power-on opamps
and minimal bias current variation,” IEEE J. Solid-State Circuits, vol.
40, no. 12, pp. 2446–2455, Dec. 2005.

[4] M. Anderson, K. Norling, A. Dreyfert, and J. Yuan, “A reconfigurable
pipelined ADC in 0.18 �m CMOS,” in 2005 Symp. VLSI Circuits Dig.
Tech. Papers, Jun. 16–18, 2005, pp. 326–329.

[5] W. Audoglio, E. Zuffetti, G. Cesura, and R. Castello, “A 6–10 bits re-
configurable 20 MS/s digitally enhanced pipelined ADC for multi-stan-
dard wireless terminals,” in Proc. 32nd European Solid-State Circuits
Conf. (ESSCIRC 2006), Sep. 2006, pp. 496–499.

[6] J. Craninckx and G. Van der Plas, “A 65 fJ/conversion-step 0-to-50
MS/s 0-to-0.7 mW 9b charge-sharing SAR ADC in 90 nm digital
CMOS,” in IEEE Int. Solid-State Circuits Conf. (ISSCC 2007) Dig.
Tech. Papers, Feb. 11–15, 2007, pp. 246–600.

[7] N. Verma and A. P. Chandrakasan, “An ultra low energy 12-bit rate-res-
olution scalable SAR ADC for wireless sensor nodes,” IEEE J. Solid-
State Circuits, vol. 42, no. 6, pp. 1196–1205, Jun. 2007.

[8] C.-C. Hsu, C.-C. Huang, Y.-H. Lin, C.-C. Lee, Z. Soe, T. Aytur, and
R.-H. Yan, “A 7b 1.1GS/s reconfigurable time-interleaved ADC in
90nm CMOS,” in 2007 Symp. VLSI Circuits Dig. Tech. Papers, Jun.
14–16, 2007, pp. 66–67.

[9] P. Huang and Y. Chiu, “A gradient-based algorithm for sampling clock
skew calibration of SHA-less pipeline ADCs,” in Proc. IEEE Int. Symp.
Circuits and Systems (ISCAS 2007), May 27–30, 2007, pp. 1241–1244.

[10] I. Mehr and L. Singer, “A 55-mW, 10-bit, 40-Msample/s Nyquist-rate
CMOS ADC,” IEEE J. Solid-State Circuits, vol. 35, no. 3, pp. 318–325,
Mar. 2000.

[11] A. M. A. Ali, C. Dillon, R. Sneed, A. S. Morgan, S. Bardsley, J. Korn-
blum, and L. Wu, “A 14-bit 125 MS/s IF/RF sampling pipelined ADC
with 100 dB SFDR and 50 fs jitter,” IEEE J. Solid-State Circuits, vol.
41, no. 8, pp. 1846–1855, Aug. 2006.

[12] K. Gulati, M. S. Peng, A. Pulincherry, C. E. Munoz, M. Lugin, A. R.
Bugeja, J. Li, and A. P. Chandrakasan, “A highly integrated CMOS
analog baseband transceiver with 180 MSPS 13-bit pipelined CMOS
ADC and dual 12-bit DACs,” IEEE J. Solid-State Circuits, vol. 41, no.
8, pp. 1856–1866, Aug. 2006.

[13] I. Ahmed and D. A. Johns, “A high bandwidth power scalable sub-
sampling 10-bit pipelined ADC with embedded sample and hold,” in
Proc. 33rd European Solid-State Circuits Conf. (ESSCIRC 2007), Sep.
11–13, 2007, pp. 159–162.

[14] J. Li, X. Zeng, L. Xie, J. Chen, J. Zhang, and Y. Guo, “A 1.8-V 22-mW
10-bit 30-MS/s subsampling pipelined CMOS ADC,” in Proc. IEEE
Custom Integrated Circuits Conf. (CICC 2006), pp. 513–516.

[15] B. Hernes, A. Briskemyr, T. N. Andersen, F. Telste, T. E. Bonnerud,
and O. Moldsvor, “A 1.2 V 220 MS/s 10b pipeline ADC implemented
in 0.13 �m digital CMOS,” in IEEE Int. Solid-State Circuits Conf.
(ISSCC 2004) Dig. Tech. Papers, Feb. 15–19, 2004, vol. 1, pp.
256–526.

[16] T. N. Andersen, B. Hernes, A. Briskemyr, F. Telsto, J. Bjornsen, T.
E. Bonnerud, and O. Moldsvor, “A cost-efficient high-speed 12-bit
pipeline ADC in 0.18-�m digital CMOS,” IEEE J. Solid-State Circuits,
vol. 40, no. 7, pp. 1506–1513, Jul. 2005.

[17] B. Hernes, J. Bjornsen, T. N. Andersen, A. Vinje, H. Korsvoll, F. Telsto,
A. Briskemyr, C. Holdo, and O. Moldsvor, “A 92.5 mW 205 MS/s 10b
pipeline IF ADC implemented in 1.2 V/3.3 V 0.13 �m CMOS,” in
IEEE Int. Solid-State Circuits Conf. (ISSCC 2007) Dig. Tech. Papers,
Feb. 11–15, 2007, pp. 462–615.

[18] C. C. Enz and E. A. Vittoz, “CMOS low-power analog circuit design,”
in Proc. IEEE Int. Symp. Circuits and Systems (ISCAS’96), 1996, pp.
79–133, 1.2.

[19] A. M. Abo and P. R. Gray, “A 1.5 V, 10-bit, 14 MS/s CMOS pipeline
analog-to-digital converter,” in Symp. VLSI Circuits Dig. Tech. Papers,
Jun. 1998, pp. 166–169.

[20] K. Bult and G. J. G. M. Geelen, “A fast settling CMOS opamp for SC
circuits with 90-dB DB gain,” IEEE J. Solid-State Circuits, vol. 25, no.
12, pp. 1379–1384, Dec. 1990.

[21] R. J. Baker, CMOS Circuit Design, Layout, and Simulation. New
York: IEEE Press/ Wiley Interscience, 2005.

[22] P. C. Maulik and D. A. Mercer, “A DLL-based programmable clock
multiplier in 0.18-�m CMOS with �70 dBc reference spur,” IEEE J.
Solid-State Circuits, vol. 42, no. 8, pp. 1642–1648, Aug. 2007.

[23] T.-C. Lee and K.-J. Hsiao, “The design and analysis of a DLL-based
frequency synthesizer for UWB application,” IEEE J. Solid-State Cir-
cuits, vol. 41, no. 6, pp. 1245–1252, Jun. 2006.

[24] W. Dally and J. Poulton, Digital Systems Engineering Cambridge.
Cambridge, U.K: Cambridge Univ. Press, 2001.

[25] J. Park, H. J. Park, K. Jae-Whui, S. Sangnam, and P. Chung, “A 1
mW 10-bit 500 KSPS SAR A/D converter,” in Proc. IEEE Int. Symp.
Circuits and Systems (ISCAS’00), May 2000, vol. 5, pp. 581–584.

[26] P. Confalonleri, M. Zarnprogno, F. Girardi, G. Nicollini, and A. Na-
gari, “A 2.7 mW 1 MSps 10 bit analog-to-digital converter with built-in
reference buffer and ILSB accuracy programmable input ranges,” in
Proc. Eur. Solid-State Circuits Conf. (ESSCIRC 2004), Sep. 2004, pp.
255–258.

[27] L. Dorrer, F. Kuttner, A. Wiesbauer, A. Di Giandomenico, and T.
Hartig, “10-bit, 3 mW continuous-time sigma-delta ADC for UMTS
in a 0.12 �m CMOS process,” in Proc. Eur. Solid-State Circuits Conf.
(ESSCIRC 2003), Sep. 2003, pp. 245–248.



AHMED AND JOHNS: A HIGH BANDWIDTH POWER SCALABLE SUB-SAMPLING 10-BIT PIPELINED ADC WITH EMBEDDED SAMPLE AND HOLD 1647

[28] J. K. Fiorenza, T. Sepke, P. Holloway, C. G. Sodini, and H.-S. Lee,
“Comparator-based switched-capacitor circuits for scaled CMOS tech-
nologies,” IEEE J. Solid-State Circuits, vol. 41, no. 12, pp. 2658–2668,
Dec. 2006.

[29] R. Wang, K. Martin, D. Johns, and G. Burra, “A 3.3 mW 12 MS/s 10 bit
pipelined ADC in 90 nm digital CMOS,” in IEEE Int. Solid-State Cir-
cuits Conf. (ISSCC 2005) Dig. Tech. Papers, Feb. 2005, pp. 278–279.

[30] D. Y. Chang and U. Moon, “A 1.4-V 10-bit 25 MS/s pipelined ADC
using opamp-reset switching technique,” IEEE J. Solid-State Circuits,
vol. 38, no. 8, pp. 1401–1404, Aug. 2003.

[31] D. Miyazaki, S. Kawahito, and M. Furuta, “A 10-bit 30-MS/s low-
power pipelined CMOS A/D converter using a pseudodifferential ar-
chitecture,” IEEE J. Solid-State Circuits, vol. 38, no. 2, pp. 369–373,
Feb. 2003.

[32] W. Yin, J. Jiang, J. Xu, F. Ye, and J. Ren, “An undersampling 10-bit
30.4-MSample/s pipelined ADC,” in IEEE Asian Solid-State Circuits
Conf. (ASSCC 2006), Nov. 2006, pp. 343–346.

[33] J. Arias et al., “Low-power pipeline ADC for wireless LANs,” IEEE J.
Solid-State Circuits, vol. 39, no. 8, pp. 1338–1340, Aug. 2004.

[34] B. Xia, A. Valdes-Garcia, and E. Sanchez-Sinencio, “A 10-bit 44-MS/s
20-mW configurable time-interleaved pipeline ADC for a dual-mode
802.11b/Bluetooth receiver,” IEEE J. Solid-State Circuits, vol. 41, no.
3, pp. 530–539, Mar. 2006.

[35] S. T. Ryu, B. S. Song, and K. Bacrania, “A 10-bit 50-MS/s pipelined
ADC with opamp current reuse,” IEEE J. Solid-State Circuits, vol. 42,
no. 3, pp. 475–485, Mar. 2007.

[36] C.-C. Lu and T.-S. Lee, “A 10-bit 60-MS/s low-power CMOS pipelined
analog-to-digital converter,” IEEE Trans. Circuits Syst. II, Expr. Briefs,
vol. 54, no. 8, pp. 658–662, Aug. 2007.

Imran Ahmed (S’00) received the B.A.Sc. degree
(with honors) from the Division of Engineering
Science in 2002 and the M.A.Sc. degree in the
Department of Electrical and Computer Engineering
in 2004, both at the University of Toronto, Toronto,
ON, Canada. Currently he is working towards the
Ph.D. degree at the same university.

Since 2000, he has spent a total of 24 months
as a student intern at Snowbush Microelectronics,
Toronto, working on various leading edge mixed-
signal circuits. His research interests include re-

configurable analog design, digital calibration of analog circuits, and very
low-power mixed-signal circuits. From August to November 2007, he was
an intern at Broadcom Netherlands, in Bunnik. At Broadcom he worked on
developing very low-power pipelined ADC architectures.

Mr. Ahmed is a recipient of the Natural Sciences and Engineering Research
Council of Canada (NSERC) Canadian Graduate Scholarship (CGS), Post Grad-
uate Scholarship (PGS), Ontario Graduate Scholarship (OGS), and University
of Toronto Fellowship. He received first place in the operational category and
best overall submission in the 2005 DAC/ISSCC student design competition.
His work at ESSCIRC 2007 was awarded the “Young Scientist Award.” He is
also the recipient of the 2008 Analog Devices Outstanding Student Designer
Award.

David A. Johns (S’81–M’89–SM’94–F’01) received
the B.A.Sc., M.A.Sc., and Ph.D. degrees from the
University of Toronto, Toronto, ON, Canada, in 1980,
1983, and 1989, respectively.

In 1988, he joined the University of Toronto
where he is currently a full Professor. He has
ongoing research programs in the general area of
analog integrated circuits with particular emphasis
on digital communications, oversampling, signal
processing, PLLs, ADCs, DACs, and adaptive
filtering. His research work has resulted in more than

40 publications as well as the 1999 IEEE Darlington Award. He is coauthor of a
textbook entitled Analog Integrated Circuit Design (Wiley, 1997) and has given
numerous industrial short courses. Together with academic experience, he has
four years of semiconductor industrial experience during 1980, 1983–85, and
1995, and is co-founder of the microelectronics company Snowbush in Toronto.

Dr. Johns served as an associate editor for IEEE TRANSACTIONS ON CIRCUITS

AND SYSTEMS (TCAS) PART II from 1993 to 1995 and for TCAS PART I from
1995 to 1997. His homepage is http://www.eecg.toronto.edu/~johns.


