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Abstract—The design of a high-speed analog-to-digital (A/D)
converter for hard disk drive read channels is described. The A/D
converter uses a flash architecture with an interleaved sample and
hold and interpolating comparator pre-amplifiers. It has 6 bits
of resolution at full speed as well as a 7-bit mode operating at a
lower speed. The 7-bit mode is useful for servo signal processing.
This A/D converter has been implemented in a four-level metal
single-poly 0.25- m CMOS technology. The device operates at a
speed of up to 700 MSamples/s in the 6-bit mode while maintaining
an signal-to-noise-plus-distortion rate (SNDR) of greater than
35 dB at input frequencies of up to one-fourth the sampling rate.
In the 7-bit mode, the device operates at up to 200 MSamples/s
with a SNDR greater than 41 dB. It occupies an active area of 0.45
mm2 and consumes less than 187 mW of power.

Index Terms—A/D converters, CMOS analog integrated circuits,
data converters.

I. INTRODUCTION

V ERY HIGH-SPEED medium-resolution analog-to-digital
(A/D) converters are an essential part of modern data com-

munication receivers and hard disk drive read channels [1]–[8].
With the trend toward the integration of larger systems, it is im-
portant to realize such A/D converters in digital CMOS tech-
nologies. Area and power consumption are also important con-
siderations in these applications.

This paper describes a 6-bit CMOS A/D converter that has
been designed for hard disk drive read channel applications.
The design has been carefully optimized by taking into account
system considerations. The prototype exhibits 6-bit perfor-
mance at a sampling frequency of up to 700 MSamples/s. The
converter also has a 7-bit mode working at up to 200 MSam-
ples/s. This mode is useful for servo signal processing, which
is essential for determining the position of the read head over
the rotating disk.

The A/D converter uses a flash architecture. The S/H uses in-
terleaving to achieve the necessary speed and a constant VGS
sampling switch to reduce distortion. The comparator pre-am-
plifiers use interpolation to reduce area and power and an in-
tegrating architecture to minimize power as well as to increase
dc gain. The comparators are auto-zeroed frequently during the
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Fig. 1. Block schematic of the A/D converter.

A/D converter’s idle periods. The A/D converter also has a 7-bit
mode at half the speed.

The top-level block schematic of the converter is shown in
Fig. 1. The input is sampled and held by the sample and hold
(S/H) circuit. The S/H is described in Section II. The output of
the S/H is processed by a circuit block called the 7-bit interface
which facilitates the operation of the 7-bit mode. The operation
of this circuit is described in Section V. In the 6-bit mode, the
7-bit interface behaves like a short circuit. The output from this
circuit is fed into the comparator array that converts the input
signal into a digital thermometer code. This digital output is
connected to a bubble correction logic that converts the ther-
mometer code into a 1 of 64 code. This in turn is fed into a
ROM-type encoder that generates the final 6-bit digital output.
The comparator and digital logic are described in Section III.
The reference circuit is described in Section IV. Finally, the ex-
perimental results are presented in Section VI.

II. SAMPLE AND HOLD CIRCUIT

The S/H circuit employs a pseudodifferential architecture
made up of two single-ended S/H circuits, as shown in Fig. 2.
The block schematic of each single-ended S/H circuit is shown
in Fig. 3. An important feature of this architecture is that it uses
two interleaved track and hold (T/H) circuits operating at half
the sampling frequency. These are used in a time-interleaved
manner to achieve one S/H function. The input signal is first
buffered by Buf1 before being fed into the two interleaved
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Fig. 2. Block schematic of the S/H circuit.

Fig. 3. Block schematic of one single-ended S/H circuit path.

paths. The input buffer is needed due to the low drive capability
of the preceding circuit in this application. Each of these paths
consists of a sampling switch which is followed by the buffer
Buf2A or Buf2B. The two interleaved outputs are recombined
using a set of pass gates. The recombined signal is fed into a
common output buffer Buf3 that drives the comparator array.
The interleaving has two advantages. First, the acquisition time
available for each T/H is twice that which would be available
if a single S/H circuit was used. This makes the design of the
T/H circuit more manageable. A second important advantage
of interleaving is that the final output of the S/H is a ‘held’
signal for an entire clock interval. This dramatically eases the
design of the output buffer that drives the comparator array.

The details of one interleaved path are shown in Fig. 4. The
source follower M3 constitutes the input buffer Buf1 of Fig. 3
and the source follower M5 constitutes the final output buffer
Buf3 of Fig. 3. These are common to the two interleaved paths.
The core T/H circuit consists of the sampling switch M1, the
hold capacitor C1, and the source follower M4, which consti-
tutes the internal buffer Buf2A or Buf2B of Fig. 3 for the core
T/H. Several measures have been taken in this circuit to achieve
the required level of performance. First, a constant voltage is
applied between the gate and source of M1 during the tracking
mode. This ensures that the gate overdrive is independent of
the input level, thus eliminating distortion due to signal depen-
dent switch feedthrough. Another source of signal-dependent
feedthrough is the gate–drain capacitance of M1. This is mini-
mized by using the dummy transistor M2 which is identical to
M1. When the T/H goes from the tracking mode to the hold
mode, the gate of M2 is switched from ground to the output of

Fig. 4. Circuit schematic of an interleaved path in a T/H.

the T/H. Thus the gate–drain capacitances of M1 and M2 experi-
ence equal and opposite transitions, canceling their feedthrough.
Note that M2 is always turned off.

A potential problem with interleaving is the mismatch be-
tween the two channels. There are three possible sources of
mismatch. Any timing mismatch or gain mismatch results in an
intermodulation between the input frequency and half the sam-
pling frequency. Any offset mismatch results in a tone at half the
sampling frequency. This is not a problem in a read channel ap-
plication because this tone is suppressed by the digital equalizer
that follows the A/D converter. Timing mismatch is the most se-
rious among these sources of mismatch. To minimize the effect
of this mismatch, the circuit of Fig. 4 synchronizes the two in-
terleaved paths with the master clock. This is achieved by means
of the switches connected to the gate of M1. The clock signal
ph2qgoes high a little beforeclk goes high, whereasph2goes
high a little afterclk goes high. Thus, as soon asclk goes high
the gate of M1 is pulled low, causing the S/H to go into the hold
mode. Whenph2goes high it shorts the gate of M1 to ground
through a parallel switch. This ensures that the T/H continues
to be in the hold mode untilph2goes low. The other interleaved
path has the same arrangement except thatph2 andph2qare
replaced byph1andph1q. The instant at which either of the in-
terleaved paths goes into the hold mode is synchronized to the
rising edge ofclk, eliminating the error due to any mismatches
betweenph1andph2. This elimination of timing mismatch was
sufficient for this 6-bit A/D converter. The gain and offset mis-
match of the interleaved T/Hs were small enough for the A/D
converter as well.

The constant gate overdrive for M1 is achieved by using a
switched-capacitor arrangement, as shown in Fig. 5. Here the
capacitor C2 is charged to the voltageduring the hold phase
(ph2in Fig. 3). During the tracking phaseph1, the bottom plate
of C2 is connected to the input voltage whereas the top plate is
connected to the gate of M1. Thus, the gate-to-source voltage of
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Fig. 5. Details of the sampling switch showing the generation of the constant
gate overdrive.

Fig. 6. Overall comparator structure.

M1 during the tracking mode is constant [9], [10]. The voltage
is derived from the analog supply voltage by means of a

simple potential divider.

III. COMPARATOR DESIGN

The overall structure of the comparator array is shown in
Fig. 6. The comparator array refers to all of the circuitry in Fig. 6
except the S/H circuit and encoder. Although not shown in the
figure, the analog signal is differential.

The output of the S/H circuit is compared againstdiffer-
ential references, the differences are amplified by the preamps
and then latched by the latches. The latches take the analog input
(now amplified by the preamps) and convert them to ones or ze-
roes. The bubble correction logic eliminates some types of bub-
bles and converts the thermometer code into a ‘1-of-64’ code.
The encoder then encodes this to a 6-bit output.

To reduce the input capacitance of the comparators and to
save area and power, the preamps use interpolation to eliminate
half of the first stage of preamps.

The offset voltages of the preamps are cancelled during a spe-
cial autozero period. This period lasts approximately 50 ns and
takes place during idle times that periodically occur (approxi-
mately every 100 s) in a hard disk drive read channel.

A. First-Stage Preamp

The operation of the first-stage preamp P1 is shown in Fig. 7.
During an autozero period, the reference voltages, produced by
a resistor ladder, are connected to one side of the input capaci-
tors while feedback loops are connected around the preamp. Be-

Fig. 7. First-stage preamp operation.

cause of interpolation, only rather than differential ref-
erence voltages are needed. For conversion cycles, the feedback
around the preamp is opened, and the capacitors are connected
to the S/H output instead of the resistor ladder. The voltage
stored on the capacitors is equal to the reference voltage minus
the preamp’s common-mode voltage. Note that this scheme also
cancels the offsets of the first-stage preamp since the offset
voltage is also stored on the capacitors. The scheme does not
reduce any offets due to mismatch in the resistor ladder. For six
bits of resolution, this is not a problem.

The schematic for P1 is shown in Fig. 8. The reset switch is
an nMOS transistor. M3 and M4 constitute the input differential
pair, while M5 and M6 serve as constant current loads. M1 and
M2 serve two purposes. First, they form the tail-current source
for M3 and M4. Second, since the gates of M1 and M2 are tied
to the outputs, they provide the common-mode feedback. If the
output common mode goes up, the common mode of the gates of
M1 and M2 goes up, which causes more current to flow, which
tends to bring the output common mode down. The preamp is
reset during one half of every clock cycle by turning on the reset
switch. As soon as the reset goes low, the amplifier simply ‘inte-
grates’ the input and the output grows until the end of the clock
cycle. This integrating behavior results from the fact that the
amplifier has a large output impedance. This is in contrast to
amplifying type preamps, which settle to a certain multiple of
their input, that have been used in other high-speed A/D con-
verters [7]. The integrating type preamp used above requires a
smaller amount of power to achieve the desired dynamic gain. It
also has a larger dc gain that enables better offset cancellation.

B. Second-Stage Preamp

The operation of the second-stage preamp (P2) is shown in
Fig. 9. P2 is autozeroed at the same time as P1. To make sure
that the differential input of P2 is zero during autozero, P1 is
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Fig. 8. Circuit schematic of the first-stage preamp.

Fig. 9. Second-stage preamp operation.

reset during that period. During this autozero, the outputs of
P2 are looped back to auxiliary inputs so that the differential
output is approximately equal to the offset of P2 referred to the
auxiliary input. This voltage is stored on the capacitors
and .

The schematic for P2 is shown in Fig. 10. M1–M2 and
M3–M4 serve as the two input differential pairs, while M5 and
M6 serve as current-source loads. M11 and M12 constitute the
auxiliary input pair for offset cancellation. M7, M8, M9, and
M10 serve the same purpose as M1 and M2 in the first-stage
preamp. P2 integrates its input in the same way as P1.

M14 and M15 serve as hold capacitors for the gate voltages
of M12 and M11. This is the of Fig. 9 where the offset
of the preamp is stored. The switches S1 and S2 connect the
outputs to the gates of M12 and M11. This feedback around the
differential pair then acts to cancel the preamp’s offset [11]. S1
and S2 are formed using nMOS transistors.

Because of the interpolation used for the preamps, P2 may
have inputs from two different first-stage preamps; thus, it has
two sets of differential inputs and thus four input transistors.
The drains of the input transistors are connected so that the
positive inputs steer current into one leg of the preamp, and
the negative inputs into the other leg. Note that the input

transistors have two different current sources rather than one.
The reason for this is that it is possible that two first-stage
preamps might have slightly different common-mode output
voltages due to mismatches. If the second-stage preamp’s input
transistors all shared the same current source, then the two
input transistors connected to the first-stage preamp with the
higher common-mode output voltage would tend to use more
current than the other two input transistors. In that case, the
second-stage preamp would no longer be performing an exact
interpolation between the two first-stage preamps. Rather, one
first-stage preamp would dominate the result. This problem is
avoided by using two current sources for the input transistors
of the second-stage preamp. It is important that the two current
sources match each other. For six bits of resolution, this is not
a problem.

The timing diagram for the operation of the pre-amplifiers
during conversion is shown in Fig. 11.

C. Autozero Timing

For proper offset cancellation, the autozero controls to the
two preamplifiers need to follow a particular sequence. The
clock signals for an autozero are shown in Fig. 12. First,AZ,
CANCEL1, andCANCEL2 all go high. During the first part of
the autozero cycle (whenCANCEL2 is high) the second-stage
preamps cancel their offset. Then, halfway through an autozero
cycle,CANCEL2 goes low, and thenP1RESETgoes low. This
removes the reset on the first-stage preamps and allows them to
autozero themselves. When this is completed,CANCEL1 goes
low. Finally, AZ goes low, and conversion cycles can begin.

The autozero cycle lasts approximately 50 ns and takes place
approximately every 100s.

D. Latch Circuit

The latch circuit comprises of a primary latch followed by a
flip-flop. The flip-flop reduces metastability by adding another
clock delay to the time needed for the signal to settle to a valid
digital level.

The schematic of the primary latch is shown in Fig. 13. It
consists of two cross-coupled inverters whose power supplies
are turned on or off by aSTROBEsignal, shown as in Fig. 13.
During the clock phase when the pre-amplifiers are amplifying,
the latch is connected to the preamp outputs by means of pass
gates. The latch offset can be overcome by an input voltage of
at least LSB when amplified by the preamps. During the next
clock phase the latch is disconnected from the pre-amplifier and
theSTROBEis turned on, initiating the latching action. The latch
is then reset by shorting its outputs together before being con-
nected to the preamp again.

E. Bubble Logic

The bubble logic which converts the thermometer-coded latch
outputs into a 1-of-64 code is shown in Fig. 14. It also elim-
inates single-bit boundary and single-bit deep bubbles in the
thermometer code. is the digital output of comparator.

goes to the encoder.
CKDIG is high during the first part of a clock cycle. While

CKDIG is high, goes low. WhenCKDIG goes low,
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Fig. 10. Circuit schematic of the second-stage preamp.

Fig. 11. Timing diagram of the operation of the pre-amplifiers.

Fig. 12. Timing diagram for an autozero operation.

will go high only if two of , , and
are high, and two of , , and are low [12].

IV. REFERENCEGENERATOR

A block schematic for the reference-voltage generator for the
comparator array is shown in Fig. 15. It receives two inputs: a
bandgap-referenced voltage and an input common-mode
reference voltage . The function of the reference generator
is to impose the reference voltages and across the two
resistor ladders such that the difference between and
equals half the required full scale reference voltage, and their
common-mode level is equal to the common-mode output level
of the S/H circuit. This common-mode level is dependent on the
gate-source voltage drops of the source followers in the S/H, and

Fig. 13. Circuit schematic of the primary latch.

is thus process and temperature dependent. To overcome this
problem, the reference generator uses the replica circuit SHREF
that accepts as an input and generates a signal , which
is equal to the common-mode level of the S/H output. The cir-
cuit SHREF consists of three source followers that are scaled
versions of those in the main S/H circuit. From , the voltage

is derived by means of the amplifier A2 and resistor R2. By
setting R2 equal to half the total resistance of the ladder, we can
ensure that , which is the correct
value required at the top of the resistor ladder. This voltage is
applied to the top of the ladder. Simultaneously, a current sink



NAGARAJ et al.: DUAL MODE A/D CONVERTER 1765

Fig. 14. Circuit schematic of the bubble logic.

Fig. 15. Block schematic of the reference generator.

equal to is attached to the bottom of the ladder. This en-
sures that voltage across the ladder has the correct value. Note
that two current sources equal to are connected to the top of
the resistor ladder. Thus, the amplifier A2 is not required to sink
or source any significant amount of current. The currentis
derived from using a – converter made up of A1 and R1.
The current output from this circuit is fed into a current mirror
that generates the current sources and sinks that are required by
the other parts of the reference generator. Because they have a
long time to settle, the bandwidth requirements of A1 and A2
are very low.

V. OPERATION OF THE7-BIT MODE

Servo signal processing in a read channel requires a higher
resolution than that required for processing normal data. One
method of obtaining an extra bit of resolution is to use an
additional set of interpolating latches to generate the seventh
bit [8], [13], but this requires a significant amount of extra
circuitry. An alternative area-efficient approach is to use a
two-step architecture, taking advantage of the fact that the servo
data rate is slower than the normal data rate. In conventional
two-step architectures [13], [14], the decision bits from the first
step are required for the second step. This becomes a serious

Fig. 16. Principle of operation of the 7-bit mode.

Fig. 17. Circuit schematic of the analog 1/2 LSB adder.

problem at high speeds. In this A/D converter, 7-bit operation
is achieved using a modified two-step approach that does not
have this problem [15].

The principle of operation of the 7-bit mode is illustrated in
Fig. 16. During the first step, a 6-bit A/D conversion is per-
formed with an analog voltage equal to 1/2 LSB at the 6-bit level
added to the output of the S/H. The LSB (b1 in Fig. 16) from
this operation is stored in a 1-bit memory element D. During the
second step, a 6-bit A/D conversion is performed without the 1/2
LSB added to the input. If the input were to lie in the upper half
of a 6-bit LSB interval, adding the 1/2 LSB would push the re-
sult of the conversion into the next higher digital code. Thus,
the results from the first and second steps would be different.
This condition is detected by means of an exclusive-OR opera-
tion between the sixth bits from the two steps. The output of the
exclusive-OR gate gives the seventh bit. The important feature
here is that the digital bits from the first step are not required
to perform the second step, in contrast to conventional two step
architectures.

The addition of the 1/2 LSB voltage is achieved by the 7-bit
interface circuit shown in Fig. 17 (a single-ended equivalent
is shown; the actual circuit is differential). A resistor equal to
one-half of each element in the ladder is inserted in series with
the S/H output. A current equal to the current in the refer-
ence ladder is applied to this resistor during the first step, re-
sulting in the required 1/2 LSB offset. Note that during both the
steps the current outputs ultimately flow into the output buffer
of the S/H circuit. This ensures that the output of the S/H itself
does not change from the first step to the second.

Note that to do a 7-bit conversion atMHz, the circuit must
be clocked at MHz in order to perform the two 6-bit con-
versions.
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Fig. 18. Photomicrograph of the A/D coverter.

TABLE I
A/D CONVERTERPERFORMANCESUMMARY

A. Output Interface

Driving the digital outputs is a problem in very high-speed
A/D converters because of the large currents required to charge
and discharge the load capacitances. This can lead to a large
bounce on the supply and ground leads. To minimize this, cur-
rent steering type output buffers have been used in this device.

Further, the logic analyzer used to collect the A/D converter’s
digital output could not collect data above 100 MHz, so it was
necessary to undersample the digital output. This was controlled
by an external clock that could be a submultiple of the main
clock. By a proper choice of the relationship between the input
frequency and the main clock frequency, we can obtain the nec-
essary spectral information even from such undersampled out-
puts.

VI. EXPERIMENTAL RESULTS

The A/D converter was fabricated in a four-level metal
single-poly 0.25-m digital CMOS process. A photomicro-
graph of the chip is shown in Fig. 18. Measured performance
is summarized in Table I.

In the 6-bit mode, at 700 MSamples/s, with 3.3 and 1.8-V
supplies, the A/D converter consumes 187 mW of power. The
3.3-V supply is used by the S/H circuit and by the reference
block. The rest of the A/D converter uses the 1.8-V supply.
Fig. 19 shows the output spectrum of the A/D converter output
in the 6-bit mode; the SNDR is 35.2 dB for MHz,

MSamples/s. The large second harmonic seen in the
spectrum is a result of the single-to-differential conversion cir-
cuit in the test setup. At MHz, MSam-
ples/s, and of full-scale, the measured SNDR is

Fig. 19. Output spectrum (in dB) for the A/D converter, 6-bit mode.F =

136 MHz. F = 700 Msamples/s. Undersample ratio= 8.

Fig. 20. DNL and INL (in LSB) for the A/D converter, 6-bit mode.F = 700

Msamples/s.x-axis shows the output code.

Fig. 21. Output spectrum (in dB) for the A/D converter, 7-bit mode.F = 53

MHz. F = 200 Msamples/s. Undersample ratio = 16.

31.8 dB. Measured differential nonlinearity (DNL) and integral
nonlinearity (INL) for the 6-bit mode are shown in Fig. 20.

In the 7-bit mode, at 200 MSamples/s, with 3.3 and 1.8-V
supplies, the A/D converter consumes 143 mW of power. Fig. 21
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Fig. 22. DNL and INL (in LSB) for the A/D converter, 7-bit mode.F = 200

Msamples/s.x-axis shows the output code.

Fig. 23. Intermodulation distortion (in dB).F = 600 Msamples/s.F =

136 MHz. Intermodulation tone is at 164 MHz.

shows the output spectrum of the A/D converter output in the
7-bit mode; the SNDR is 40.66 dB for MHz,

Msamples/s. Measured DNL and INL for the 7-bit mode
are shown in Fig. 22.

To measure the intermodulation distortion due to the in-
terleaving in the S/H, the S/H output was measured directly
through a special test port that uses source follower buffers. The
distortion due to interleaving is 56 dB below the fundamental,
as shown in the measured spectrum in Fig. 23.

ACKNOWLEDGMENT

The authors would like to thank M. Chambers, A. Brewster,
V. Pierotti, M. Spaeth, M. Peng, and B. Liebowitz for technical
contributions, M. Barnett for assistance with the layout, and
K. Kistner for assistance with the test board.

REFERENCES

[1] S. Sutadja, “300-Mb/s (400-MHz) 1.1-W 0.3-�m CMOS PRML read
channels with 6 burst 8–20� over-sampling digital servo,” inInt. Solid-
State Circuits Conf. Dig. Tech. Papers, 1999, pp. 40–41.

[2] G. Vishakadatta, R. Croman, M. Goldberg, J. Hein, P. Kaitkaneni, D.
Kuai, C. Lee, L. Tesu, R. Trujillo, L. Zhang, K. Anderson, R. Behrens,
W. Bliss, L. Du, T. Dudley, G. Feyh, W. Foland, M. Kastner, Q. Li,
J. Mitchem, D. Reed, S. She, M. Spurbeck, L. Sundell, H. Tran, M.
Wei, and C. Zook, “An EPR4 read/write channel with digital timing
recovery,” IEEE J. Solid-State Circuits, vol. 33, pp. 1851–1857, Nov.
1998.

[3] D. A. Johns and D. Essig, “Integrated circuits for data transmission over
twisted-pair lines,”IEEE J. Solid-State Circuits, vol. 32, pp. 398–406,
Mar. 1997.

[4] A. Y. Kwentus, P. Pai, S. Jaffe, R. Gomez, S. Tsai, T. Kwan, H.-T.
Hung, Y. J. Shin, V. Hue, D. Cheung, R. A. Khan, C. M. Ward, M.-K.
Ku, K. Choi, J. Searle, K. Bult, K. Cameron, J. Demas, C. Reames,
and H. Samueli, “A single-chip universal digital satellite receiver
with 480-MHz IF input,” IEEE J. Solid-State Circuits, vol. 34, pp.
1634–1645, Nov. 1999.

[5] Y. Tamba and K. Yamakido, “A CMOS 6b 500Msamples/s ADC for
a hard disk drive read channel,” inInt. Solid-State Circuits Conf. Dig.
Tech. Papers, Feb. 1999, pp. 324–325.

[6] K. Yoon, S. Park, and W. Kim, “A 6-b 500M-sample/s CMOS flash ADC
with a background interpolated auto-zeroing technique,” inInt. Solid-
State Circuits Conf. Dig. Tech. Papers, Feb. 1999, pp. 326–327.

[7] I. Mehr and D. Dalton, “A 500-MSamples/s 6-bit Nyquist rate ADC for
disk drive read-channel applications,”IEEE J. Solid-State Circuits, vol.
34, pp. 912–919, July 1999.

[8] P. Setty, J. Barner, J. Plany, H. Burger, and J. L. Sonntag, “A 5.75-b
350-Msample/s or 6.75-b 150-Msample/s reconfigurable flash ADC for
a PRML read channel,” inInt. Solid-State Circuits Conf. Dig. Tech. Pa-
pers, Feb. 1998, pp. 148–149.

[9] T. L. Brooks, D. H. Robertson, D. F. Kelly, A. Del Muro, and S.
W. Harston, “A cascaded sigma–delta pipeline A/D converter with
1.25-MHz signal bandwidth and 89-dB SNR,”IEEE J. Solid-State
Circuits, vol. 32, pp. 1896–1906, Dec. 1997.

[10] M. de Wit, “Sample and hold circuitry and methods,” U.S. Patent
5 170 075.

[11] H. Ohara, H. X. Ngo, M. J. Armstrong, C. F. Rahim, and P. R. Gray, “A
CMOS programmable self-calibrating 13-bit eight-channel data acquisi-
tion peripheral,”IEEE J. Solid-State Circuits, vol. SC-22, pp. 930–938,
Dec. 1987.

[12] C. W. Manglesdorf, “A 400-MHz input flash converter with error cor-
rection,” IEEE J. Solid-State Circuits, vol. 25, pp. 184–191, Feb. 1990.

[13] B. P. Brandt and J. Lutsky, “A 75-mW 10-b 20-MSPS CMOS subranging
ADC with 9.5 effective bits at Nyquist,”IEEE J. Solid-State Circuits,
vol. 34, pp. 1788–1795, Dec. 1999.

[14] H. Van der Ploeg and R. Remmers, “A 3.3-V 10-b 25-MSamples/s
two-step ADC in 0.35-�m CMOS,” IEEE J. Solid-State Circuits, vol.
34, pp. 1803–1811, Dec. 1999.

[15] K. Nagaraj, “2-1/2 step flash A/C converter,”Electron. Lett., vol. 28, pp.
1975–1976, Oct. 1992.

Krishnaswamy Nagaraj (M’87–SM’91) obtained
the B.E. degree in electronics from Bangalore
University, Bangalore, India, in 1972 and the M.E
and Ph.D degrees, both in electrical communication
engineering, from the Indian Institute of Science,
Bangalore, in 1974 and 1983, respectively.

From 1974 to 1984, he was with the research and
development laboratories of the Indian Telephone In-
dustries, Bangalore, where he was engaged in the de-
sign of Telecommunication Systems and Integrated
Circuits. During 1985–1986, he was with the VLSI

group at the University of Waterloo, Ontario, Canada, engaged in research and
teaching in analog and digital circuits. From 1986 to 1996, he was with AT&T
Bell Laboratories, Murray Hill, NJ, and Allentown, PA, where he was engaged
in the design of mixed-signal circuits and systems for mass storage, telecommu-
nications, and wireless applications. He is presently a Distinguished Member of
Technical Staff and Branch Manager at the Texas Instruments Research and De-
velopment Center, Warren, NJ, where he is leading the development of mixed-
signal circuits and systems. He is also an Adjunct Associate Professor of elec-
trical engineering with the University of Pennsylvania, Philadelphia.

Dr. Nagaraj received the Distinguished Member of Technical Staff Award
from the Bell Laboratories in 1991.



1768 IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 35, NO. 12, DECEMBER 2000

David A. Martin (S’87–M’96) was born in Wash-
ington, D.C., in 1968. He received the B.S. and M.S.
degrees in 1991 and the Ph.D. degree in 1996, all in
electrical engineering, from the Massachusetts Insti-
tute of Technology (MIT), Cambridge, MA.

Since September, 1996, he has been with Texas In-
struments Inc., Warren, New Jersey, where his work
is focused on analog and mixed-signal circuit design,
primarily high-speed CMOS data converters.

Mark Wolfe received the B.S. degree in electrical
engineering from Carnegie Mellon University, Pitts-
burgh, PA, in 1986.

He joined the Mixed Signal Design Department
of Texas Instruments Inc., Dallas, TX, in 1986. From
1994 to 1999, he worked on mixed bipolar/CMOS
and CMOS only read channel ICs concentrating
on A/D converters. He joined the Preamp Group of
Texas Instruments in January, 2000.

Ranjan Chattopadhyay received the B.S.E.E. de-
gree in electrical engineering from Rutgers Univer-
sity, Piscataway, NJ, in 1990.

He worked as a Design Engineer at Texas Instru-
ments Inc., DSP Division, Houston, TX, from 1990 to
1993. He was with AT&T/Lucent Technologies DSP
Mixed Signal Group from 1993 to 1997. Currently,
he is working on design of high-speed mixed-signal
ICs at Texas Instrument’s New Jersey Design Center,
Warren, NJ.

Shanthi Pavan was born in Narasaraopet, South
India, in 1973. He received the Bachelor of Tech-
nology degree in electronics and communication
engineering from the Indian Institute of Technology,
Madras, India, in 1995 and the M.S. and D.Sc.
degrees from Columbia University, New York, NY,
in 1997 and 1999, respectively.

Since 1997, he has been with Texas Instruments
Inc., Warren, NJ, where he has been involved in
designing front-end circuits for hard disk drive read
channels. His research interests include contin-

uous-time filters, data converters, and MOS device modeling.

Jason Cancio received the B.S. in electronics
engineering technology from DeVry Institute of
Technology, Columbus, OH, in 1993.

He worked at Lucent Technologies, Allentown,
PA, as a Physical Designer in the DSP Mixed Signal
Group. Some of his work has been on the physical
design of high-speed ADCs, DACs, filters, RX/TX
channels, and other various mixed-signal modules.
He is currently working at the Texas Instruments
New Jersey Design Center, Warren, NJ.

T. R. Viswanathan (S’62–M’64–SM’76–F’97) re-
ceived the B.Sc. degree in physics from the Univer-
sity of Madras, India, in 1956, the D.I.I.Sc. degree in
electrical communications engineering from the In-
dian Institute of Science, Bangalore, India, in 1959,
and the M.Sc. and Ph.D. degrees in electrical engi-
neering from the University of Saskatchewan, Saska-
toon, Canada, in 1960 and 1964, respectively.

He has been a Professor of electrical engineering
at the Indian Institute of Technology, Kanpur, the
University of Michigan, Dearborn, Carnegie-Mellon

University, Pittsburgh, PA, and the University of Waterloo, Waterloo, Ontario,
Canada. From 1985 to 1995, he was Technical Manager of the Analog
Integrated Circuit Design Group, AT&T Bell Laboratories. He is currently
a Director in the Semiconductor Research and Development organization of
Texas Instruments Inc., Dallas, TX. He is responsible for the development of
mixed-signal products, especially data converters in advanced technologies. He
was an Associate Editor of IEEE TRANSACTIONS ONCIRCUITS AND SYSTEMS

Dr. Viswanathan is a member of the IEEE Solid-State Circuits Society and
its representative on the Board of Governors of the IEEE Circuits and Systems
Society. .


