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A 114-dB 68-mW Chopper-Stabilized Stereo
Multibit Audio ADC in 5.62 mm2

YuQing Yang, Amiya Chokhawala, Mark Alexander, John Melanson, and Dylan Hester

Abstract—A multibit delta-sigma audio stereo analog-to-digital
converter has been developed. It employs a fifth-order single-loop
17-level delta-sigma modulator with an input feedforward gain
stage. A second-order mismatch shaping (DEM) circuit is utilized
to remove tones and nonlinearities caused by capacitor mismatch
of the feedback digital-to-analog converter. The implementation of
the DEM block introduces minimum latency into the delta-sigma
feedback loop. Chopper stabilization is applied to the first
integrator to eliminate the 1 noise. The converter achieves
114-dB dynamic range and 105-dB total harmonic distortion
over the 20-kHz audio band. This single chip includes stereo
analog modulators, bandgap reference, serial interface, and a
two-stage decimation filter, occupies 5.62-mm2 active area in a
0.35- m double-poly, three-metal CMOS process and dissipates
only 55-mW power in the analog circuits.

Index Terms—Chopping technique, delta-sigma modulation,
dynamic element matching, feedforward, latency, multibit
delta-sigma modulation, switched capacitor.

I. INTRODUCTION

T HE proliferation of mainstream consumer digital audio
equipment such as DVD recording systems, multichannel

A/V processors and receivers, and digital room correction
systems, has generated increasingly stringent requirements for
analog-to-digital converters (ADCs) used in the audio signal
processing chain. Wide dynamic range and low distortion are
needed to capture an analog input signal in its most original
form, which is crucial to achieving the high sound quality that
consumers increasingly demand. An audio ADC noise floor
needs to be exceptionally stable, free from tones as the input
level is varied, and ideally flat throughout the audio signal
band. This requirement arises mainly because human hearing
is very sensitive to the audibility of noise floor modulation and
spurious tones. Due to the cost constraints of the consumer
audio market, a stereo audio ADC must have small die size for
low cost, multiple operating modes and unique features, plus
low power consumption. Several audio converters [1]–[3] have
been developed throughout the years, however, no single-chip
stereo ADC meeting all the requirements has been previously
reported.
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This paper presents a low-cost low-distortion stereo audio
ADC intended for the mainstream consumer audio market. It
includes two stereo analog modulators, a bandgap derived bias
generator, a two-stage decimation filter, serial interface logic
and noise managed clock generation/control logic. A multibit
topology extension of conventional single bit modulation
has proven to be especially suitable for such an application.
Compared with single-bit topologies, a multibit design further
relaxes the design requirements for critical analog subcircuits
as well as the decimation filter. A second-order dynamic ele-
ment matching (DEM) circuit has been employed to remove the
nonlinearity and tones caused by the capacitor mismatch of the
feedback digital-to-analog converter (DAC), while introducing
minimum latency into the delta-sigma feedback loop. As far
as converter linearity is concerned, a common belief is that a
single-bit topology is inherently linear and a multibit topology is
inferior. This paper demonstrates that with proper analog modu-
lator and DEM design, a multibit design can achieve equal to or
higher linearity compared to a single-bit design, with substan-
tially less die area and power dissipation. These benefits arise
mainly because the multibit approach relaxes the design re-
quirements for critical analog subcircuits, which are the main
contributors to the converter nonlinearity [4], [5].

One popular method to reduce power dissipation in low-end
ADCs is to lower the oversampling ratio, thus slowing down the
sampling clock rate. Unfortunately, a low oversampling ratio
will increase the sampling capacitor size substantially. In this
design, an oversampling ratio of 128 was chosen as a good
tradeoff between die area and power consumption. Switched-ca-
pacitor techniques are employed to implement the analog sub-
circuits mainly because of their high immunity to clock jitter
effects.

The overall modulator topology and DEM circuits will be
covered in Section II. Section III will discuss analog subcir-
cuit design. Layout and measurement results will be covered in
Section IV.

II. SYSTEM LEVEL DETAILS

A. Delta-Sigma Modulator Topology

Classical multistage architectures are able to achieve high-
order noise shaping with excellent modulator stability by cas-
cading second (or lower)-order stages [6]–[8]. The feed-
back DAC nonlinearity in the downstream stages is suppressed
by the noise cancellation logic that processes the outputs of
multiple quantizers in the cascade. Also, the feedback DACs
of downstream stages do not contribute thermal noise directly
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to the input sampling capacitors. These facts greatly reduce the
DEM logic complexities and overall die area required for the
feedback DAC. However, quantization noise and tones from the
low-order loop of the first stage are likely to leak to the converter
output due to stage-to-stage mismatch. This stage-to-stage mis-
match also limits the achievable dynamic range of the converter.

Classical single-loop multibit architectures are more im-
mune to tone problems, and have better potential to achieve
high dynamic range. Unlike the multistage topology, where
downstream feedback DAC linearity errors are noise shaped,
in a single-loop multibit case, the DEM circuit must suppress
the entire static nonlinearity of the feedback DAC. Complex
design issues in a single-loop DEM circuit also increase po-
tential latency problems, and these have to be considered when
evaluating different architectural approaches in the mismatch
shaping logic. Since the DEM circuitry is placed inside the
modulator feedback loop, it is crucial to minimize its latency,
otherwise stability will be compromised. One option is to
use simple first-order mismatch shaping logic such as data
weighted averaging (DWA) [9], [10], which uses low delay
pointer rotation shifters. In order to achieve low distortion
performance with first-order DWA-based DEM, the feedback
DAC unit capacitor size has to be kept large enough to maintain
good element-to-element matching. The other option is to lower
the oversampling ratio [11], thus providing more time for the
DEM logic to complete its calculation and output the result to
the feedback DAC. For a switched-capacitor circuit, lowering
the oversampling ratio will increase the sampling capacitor and
overall chip size significantly. Both options mentioned above
are not practical for high performance ADCs. When designing
a high-order modulator, such as a fifth-order single-loop design,
it is still very difficult to push the modulation index over 0.85
unless a large number of quantization levels (such as 32),
are employed in the quantizer. The integrator output swings
also do not scale down linearly with an increasing number of
quantization levels. Since the first integrator receives the least
noise shaping, compared with the downstream integrators,
a high dc gain and slew rate are still required for the first
integrator operational amplifier (opamp).

With many quantization levels available, however, the ef-
fective multibit quantizer gain is much more constant than
that of a single-bit quantizer. If a DEM circuit is employed to
remove the DAC nonlinearity, a single-loop multibit modulator
can be viewed as a linear system. An improved single-loop
multibit architecture is shown in Fig. 1, where an input feed-
forward gain stage is introduced to relax the design require-
ments of the analog subcircuits. The gain A6 is defined as

. Since the multilevel
quantizer gain is roughly constant during normal operation,
input signal energy will largely be cancelled at the first inte-
grator summing junction node, without leaking into the loop
at any given operational cycle. This results in smaller and less
signal-dependent voltage swings at the first integrator output,
relaxing design requirements such as dc gain and slew rate for
the first integrator opamp. In other words, this modulator can
tolerate incomplete settling error during the integration phase,
since the integrator output is dominated by quantization noise.

Fig. 1. Multibit delta-sigma analog modulator with feedforward gain stage.

TABLE I
MAXIMUM INTEGRATOROUTPUT SWING AND VOLTAGE STEP

Fig. 2. Second-order DEM top-level architecture.

The superposition principle of linear system can be employed
to easily demonstrate that the input feedforward gain stage re-
sults in a unity signal transfer function (STF), but does not alter
the noise transfer function (NTF). The feedforward stage also
serves as a rough conversion path to force the multibit quantizer
output to track the input signal to first order, especially for large
input signals. This allows quick recovery from input overload
conditions. The modulator is designed with a fifth-order loop
filter and symmetric seventeen-level quantization (including a
zero level output code), to avoid system mismatch. Alternating
delayed and nondelayed integrators are used to reduce peaking
of the noise shaping function, thus maximizing loop stability. In
Matlab simulations, this modulator achieves 130-dB signal-to-
noise ratio for an oversampling ratio of 128, within the 20-kHz
audio signal band. The modulation index reaches 0.95, while
the first integrator maximum output voltage swing is reduced by
35% and maximum output voltage step by 40%, compared with
a similar multibit modulator without the feedforward gain stage.
The integrator output swings and steps are shown in Table I.
Simulation also shows this analog modulator can tolerate a re-
laxed first integrator opamp dc gain of around 60 dB, with no
degradation of performance.

B. Second-Order Dynamic Element Matching

A DEM circuit with second-order noise shaping is imple-
mented in this design, and it introduces minimum latency into
the delta-sigma feedback loop. Capacitors are fabricated in a
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Fig. 3. Feedback DAC with rough and fine sampling schemes.

double poly process, with thin oxide option. It is difficult, how-
ever, to guarantee good matching in low cost, high volume,
CMOS processes with small capacitor size. Thus, a second-
order DEM approach is needed to handle the worst-case sce-
nario, with potentially larger than 5% gradient mismatch. It also
eliminates unwanted signal-dependent tones associated with the
first-order DEM circuit, which can be rather troublesome in
audio converters.

As shown in Fig. 2, the DEM logic is divided into two subcir-
cuits. One is the coupling logic, which is connected between the
thermometer-coded quantizer and multilevel feedback DAC.
The other is the second-order mismatch-shaping calculator
[12]–[15], which determines the priority control signals for
the coupling logic. Only the coupling logic, which incurs a
small amount of delay, is placed inside the modulator feedback
loop. As shown in Fig. 7, the multilevel quantization takes
place in the middle of the integration phase (Phase 2); thus
the quantization is performed before complete settling of the
integrator outputs. The quantizer and the coupling logic have
the remaining half of the Phase 2 cycle to finish the scrambling
and feedback operation. The second-order mismatch shaping
calculator latches the coupling logic output at the beginning of
the Phase 1, allowing the DEM calculator a full Phase 1 cycle
to accomplish its computation. This approach does introduce
additional nonidealities into the modulator. However, the im-
proved multibit analog modulator discussed above suppresses
most of the nonlinearity.

III. A NALOG CIRCUITS IMPLEMENTATION

A. First Integrator With Chopper-Stabilized Opamp and
Feedback DAC

The first integrator and feedback DAC are implemented in
a fully differential switched-capacitor configuration. For the
DAC, it is crucial that a clean reference voltage is established,
and its thermal noise contribution to the sampling capacitor is
reduced at the same time. As shown in Fig. 3, a rough-and-fine
charging scheme [14] is used in this design. The capacitive

feedback DAC samples either the analog power supply or
analog power ground, depending on the code output from the
DEM coupling logic, during the rough phase. During the fine
phase, the DAC is connected to an off-chip bypass capacitor
that effectively filters out high frequency noise components.
The low pass corner frequency is set around 2 Hz, well below
the audio band, and this configuration achieves reasonably good
power supply rejection (in the range of 60 dB at 1 kHz). A fully
differential configuration also allows the analog power supply
to see the same capacitive load during each clock cycle, thus
avoiding signal-dependent setting behavior inside the feedback
DAC. Compared with a conventional approach to generate
stable DAC charging voltages, this method eliminates the need
for buffer circuits, while still providing the high power-supply
rejection ratio (PSRR) of a stable on-chip bandgap-derived ref-
erence. Combined with a high modulation index, the reference
voltage of typically 5 V (in this design) substantially reduces
the overall DAC capacitor size.

The first integrator schematic is shown in Fig. 4. The input
sampling capacitors employed a double sampling scheme to
double the effective sampled input signal charge. This scheme
increases the thermal noise tolerance of the converter, to further
reduce sampling capacitor size. One major concern of the first
integrator design is the linearity of its front-endRC sampling
network. The dominant nonlinear source is the variation of input
switch-on resistance as a function of the input signal level. Due
to the double sampling scheme, and minimized DAC thermal
noise contribution, the sampling capacitor size is reduced to
merely 3.5 pF in this design, allowing a relatively large sam-
pling switch-on resistance. This approach eliminates the need
for additional circuit complexities such as bootstrapped switch
drive, or low threshold devices, in the sampling network.

Because of the time constant difference between the input
sampling and DACRC networks, the sampled input and the
feedback DAC charge packets may not arrive at the opamp sum-
ming nodes at the same time. Even though the net charge trans-
ferred to the integrating capacitors during each cycle is small,
the integrator opamp would have to settle a large disturbance
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Fig. 4. First integrator and chopping timing diagram.

caused by this phenomena, if charge packets from the input
sampling network and feedback DAC were non-time-aligned.
Therefore, during the integration phase (Phase 2), the summing
junction switches at nodes P and N are turned on after both the
Phase 2 switches of the input network and the DAC switches
are turned on. This arrangement allows charge from input sam-
pling and feedback networks to be passively mixed beforehand,
and ensures that the summing node switches and opamp outputs
pass only the net overall settled charge. This modified clocking
scheme results in smaller summing node switch sizes, and re-
duced opamp power consumption. Also, a small switch size
leads to less charge injection, which further improves converter
linearity.

A chopper stabilization technique is employed to reduce the
high noise of the 5-V digital CMOS process used for fabri-
cation of the converter [16]. It also lowers the effective input re-
ferred offset voltage of the first integrator amplifier. The opamp

noise is modulated once, and moved up to the chopping
frequency, at , away from the baseband. The input signal,
however, is modulated up to the chopping frequency and then
demodulated back down to baseband. Therefore, there exists the
possibility that spectrally shaped HF quantization noise could be
demodulated down, thus coupling additional noise into the ADC
baseband. In this design, chopping is performed in the middle
of the integrator holding phase (Phase 1), which will prevent
the first integrator from sampling additional noise. The ChA
switches of Fig. 4 are opened first, and then ChAd switches are
opened. Subsequently, the ChB switches are closed. Charge in-
jection from the ChA switches is signal independent, and will
largely be cancelled by the ChB switches. It is also extremely
important to properly balance and shield the chopping network
switch layout, to minimize unwanted coupling from switched
nodes to nonswitched nodes. Great care was taken in this design

Fig. 5. Opamp of first integrator.

to ensure that adequate shielding and isolation was maintained
in the chopper switch layout.

B. Opamp Design

As shown in Fig. 5, a fully differential folded cascade struc-
ture is used for the first integrator opamp [17]. Because of the
architectural level improvements described above, the design
requirements are greatly relaxed. The simulated open-loop
dc gain is 68 dB, and settling during the integration phase
(Phase 2) only occurs to a 7-accuracy. An NMOS differential
input pair is used to effectively attenuate the thermal noise
from the loading devices because of its high transconductance.
The chopping technique removes the usual concern for high
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Fig. 6. Comparator of multibit quantizer.

Fig. 7. Analog timing diagram.

NMOS flicker noise, since it allows a much smaller opamp
input differential pair size. Thus, the summing node parasitic
capacitances are greatly reduced, further improving power
efficiency.

C. Multibit Quantizer Design

The multibit quantizer is adapted from a CMOS flash ADC
architecture. Fast operation is necessary, so that the DEM cou-
pling logic is able to accomplish its operation before the critical
SC sampling edge. It is also important to prevent “kickback”
noise among comparators (the schematic of which is shown in
Fig. 6). One pair of current mirrors is added between the input
differential pair and the regeneration stage, to provide better iso-
lation between them [18], [19]. Bias current and transistor size
are optimized to meet the speed requirements, while injecting
the least amount of noise into the substrate.

The overall analog timing diagram is shown in Fig. 7. It
should be noted that the DEM circuitry operates on the digital
power supply, not the analog. At the beginning of Phase 1, the
DEM block latches the coupling logic output. It then has the
whole Phase 1 clock cycle to complete its computation for the
following cycle. The latched coupling logic output is then level

shifted to the analog power supply, to serve as the feedback
DAC control signals. The feedback DAC starts its rough and
fine sampling operation after the control signals are fully
stabilized. As mentioned previously, the chopping operation
is performed in the middle of feedback DAC fine sampling
phase. This gives the first integrator enough time to settle
the input/output disturbance caused by a chopping operation,
before the next critical sampling clock edge. All comparators
in the multibit quantizer are reset during the first portion of the
Phase 2. Priority control signals in the DEM circuits are also
updated during the same period. Quantization takes place in the
middle of Phase 2, and the 17-level thermometer output code is
level-shifted to the digital power supply prior to being fed to
the DEM circuit.

IV. L AYOUT AND MEASUREMENTRESULTS

This chip integrates the stereo analog modulators,
bandgap bias generator, multifunction serial interface, deci-
mation filter, and a high-pass filter. It supports 48-, 96-, and
192-kHz sampling rates, with 24-bit two’s complement output.
The analog modulator output is decimated by a factor of 128,
64, or 32, depending on the final sampling rate. The decimation
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Fig. 8. Floor plan and die photo.

filter consists of a cascade of two digital low-pass filters: one
that decimates the incoming data by 64 or 32, and a second
that can decimate by an additional factor of 2 if necessary. The
first decimation stage employs a time interleaved, pipelined
finite impulse response (FIR) structure. Furthermore, the same
filter coefficients are used for decimation by 64 and 32, by
decimating the filter coefficients, themselves, to save die area.
The final output rate filter is implemented in a general purpose
multiply and accumulate (MAC) engine. The overall decima-
tion filter stop band attenuation is95 dB, and a first-order
high-pass filter with 3-dB corner frequency at 0.5 Hz is also
implemented in the MAC engine to remove any system level
dc offset. All digital sections operate from 1.8–3.3 V. Overall
chip performance data is summarized in Table II.

This stereo ADC was implemented in a 0.35-m double-poly
three-metal CMOS process. A great deal of attention was given
to analog floor planning, which is shown in Fig. 8, to allow
a very compact modulator layout with adequate shielding be-
tween sensitive analog nodes and clock lines. The clock gener-
ator is placed between two analog modulators, next to the shared
bias generator, to minimize clock skew between the channels.
The layout effort was primarily focused on the first integrator
and capacitive feedback DAC. The layout of these sections is
fully symmetric, and nodal parasitics were carefully minimized
through optimal placement of the switches and capacitors adja-
cent to each integrator’s opamp. Sensitive nodes such as loop
summing junctions and the reference-sampling path were very
carefully routed, and shielded from interfering signals. Phys-
ical edge matching structures are used to reduce overall layout
related mismatch effects on the feedback DAC unit capacitors,
first integrator sampling, and integration capacitors.

Measurements were taken for chips assembled in both
ceramic and plastic package. Chips built in plastic packages
showed better linearity because of smaller bondwire induc-
tance, and lower package parasitics (measurement results
shown in this paper are for chips assembled in a plastic
package). All measurements were taken with a 5-V analog
supply and 1.8-V digital power supply, resulting in a total chip

TABLE II
STEREOADC PERFORMANCESUMMARY

Fig. 9. FFT for�60 dBFS input (F = 96 kHz.)

power consumption of 68 mW. Two 16 384-point fast Fourier
transform (FFT) plots of 60-dBFS and 1-dBFS input
signals are shown in Figs. 9 and 10, respectively. No spurious
tones or harmonics are observed in Fig. 9, which indicates
good low-level linearity. The second and third harmonics in
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Fig. 10. FFT for�1 dBFS input (F = 96 kHz).

Fig. 11. THD+N versus input signal level.

Fig. 12. FFT of�1-dB 1-kHz input signal with/without chopper stabilization.

Fig. 10 only reach the 120-dB range, indicating very good
full-scale linearity. The observed noise floor is flat across
the spectrum due to the chopping techniques employed in
the first integrator. A minimum of noise floor modulation is
observed between these two input levels, and is very desirable

in an audio converter. A plot of total harmonic distortion and
noise (THD+N) versus input level is shown in Fig. 11, which
demonstrates the design maintains good linearity across the
full input signal range. FFT plots of chopping turned on and
chopping turned off are shown in Fig. 12. The baseband noise
floor is flat without any evidence of excess high-frequency
noise being folded down into the low-frequency band. The
stereo ADC performance is summarized in Table II.

V. CONCLUSION

This paper presented a new low-power stereo multibit
audio ADC. The DEM circuit introduces minimum latency
into the delta-sigma feedback loop, which enables the use of
second-order DAC capacitor mismatch shaping logic. This
design also demonstrated an improved multibit modulator
that is able to tolerate incomplete settling in the integrator
opamps, which further relaxes other design requirements
such as dc gain of the first integrator. A chopper stabilization
technique is employed to remove high noise associated
with low-cost digital CMOS processes. This stereo audio
ADC achieves 114-dB dynamic range, and105-dB THD+N,
at 68-mW power consumption. The die area, including pad
ring, is only 5.62 mm. Compared with previously reported
high-performance stereo audio ADCs, this converter achieves
the best power efficiency versus noise with the smallest die
area. It has been demonstrated that with second-order DEM
and proper analog modulator design, a multibit topology
can achieve high dynamic range and linearity with much lower
power dissipation and die area than a single-bit design. The
overall architecture and circuit design techniques shown in this
paper can be easily scaled up to achieve higher dynamic range,
or can be applied to higher speed applications with much less
die area and power dissipation.

ACKNOWLEDGMENT

The authors would like to thank D. Smith and K. Tretter for
their excellent work on chip layout and circuit board design,
respectively.

REFERENCES

[1] I. Fujimori, K. Koyama, D. Trager, F. Tam, and L. Longo, “A 5 V
single-chip delta-sigma audio A/D converter with 111 dB dynamic
range,”IEEE J. Solid-State Circuits, vol. 32, pp. 329–336, Mar. 1997.

[2] I. Fujimori, “A single-chip stereo audio delta-sigma A/D converter with
117 dB dynamic range,”IEICE Trans. Fundamentals, vol. E83-A, no.
2, Feb. 2000.

[3] Ka. Leung, E. J. Swanson, K. Leung, and S. Zhu, “A 5 V 118 dB��
analog-to-digital converter for wideband digital audio,” inIEEE Int.
Solid-State Circuits Conf. Dig. Tech. Papers, 1997, pp. 218–219.

[4] R. W. Adams, “Design and implementation of an audio 18-bit analog-to-
digital converter using oversampling techniques,”J. Audio Eng. Soc.,
vol. 34, pp. 163–166, Mar. 1986.

[5] S. Rabii and B. A. Wooley, “A 1.8-V digital-audio sigma-delta mod-
ulator in 0.8�m CMOS,” IEEE J. Solid-State Circuits, vol. 32, pp.
783–796, June 1997.

[6] B. P. Brandt and B. A. Wooley, “A 50-MHz multibit sigma-delta mod-
ulator for 12-b 2-MHz A/D conversion,”IEEE J. Solid-State Circuits,
vol. 26, pp. 1746–1756, Dec. 1991.

[7] I. Fujimori, L. Longo, A. Hairapetian, K. Seiyama, S. Kosic, J. Cao,
and S. Chan, “A 90-dB SNR 2.5-MHz output rate ADC using cascaded
multibit �� modulation 8� oversampling ratio,” inIEEE Int. Solid-
State Circuits Conf. Dig. Tech. Papers, 2000, pp. 338–339.



2068 IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 38, NO. 12, DECEMBER 2003

[8] T. Brooks, D. Robertson, D. Kelly, A. D. Muro, and S. 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.

[9] R. T. Baird and T. S. Fiez, “Linearity enhancement of multibit�� A/D
and D/A converters using data weighted averaging,”IEEE Trans. Cir-
cuits Syst. II, vol. 42, pp. 753–762, Dec. 1995.

[10] Y. Geerts, M. S. J. Steyaert, and W. Sansen, “A high-performance
multibit delta-sigma CMOS ADC,”IEEE J. Solid-State Circuits, vol.
35, pp. 1829–1840, Dec. 2000.

[11] E. Fogleman, I. Galton, and W. Huff, “A 3.3-V single-poly CMOS audio
ADC delta-sigma modulator with 98-dB peak SINAD and 105-dB peak
SFDR,” IEEE J. Solid-State Circuits, vol. 35, pp. 297–307, Mar. 2000.

[12] R. Adams, K. Nguyen, and K. Sweetland, “A 113 dB SNR oversampling
DAC with segmented noise-shaped scrambling,” inIEEE Int. Solid-State
Circuits Conf. Dig. Tech. Papers, 1998, pp. 62–63.

[13] R. K. Henderson and O. J. A. P. Nys, “Dynamic element matching tech-
niques with arbitrary noise shaping function,” inProc. Int. Symp. Cir-
cuits and Systems, vol. 1, 1996, pp. 293–296.

[14] X. M. Gong, E. Gaalass, M. Alexander, D. Hester, E. Walburger, and
J. Bian, “A 120 dB multi-bit SC audio DAC with second-order noise
shaping,” in IEEE Int. Solid-State Circuits Conf. Dig. Tech. Papers,
2000, pp. 344–345.

[15] S. R. Norsworthy, R. Schreier, and G. C. Temes,Delta-Sigma Data
Converters—Theory, Design, and Simulation. New York: IEEE Press,
1997, p. 262.

[16] A. B. Early, “Chopper stabilized delta-sigma analog-to-digital con-
verter,” U.S. Patent 4 939 516, July 3, 1990.

[17] K. Bult and G. J. G. M. Geelen, “A fast-setting CMOS op amp for SC
circuit with 90-dB DC gain,”IEEE J. Solid-State Circuits, vol. 25, pp.
1379–1384, Dec. 1990.

[18] B. J. McCarroll, C. G. Sodini, and H.-S. Lee, “A high-speed CMOS
comparator for use in an ADC,”IEEE J. Solid-State Circuits, vol. 23,
pp. 159–165, Feb. 1988.

[19] G. M. Yin, F. O. Eynde, and W. Sanden, “A high-speed CMOS com-
parator with 8-b resolution,”IEEE J. Solid-State Circuits, vol. 27, pp.
208–211, Feb. 1992.

YuQing Yang was born in Shanghai, China. He re-
ceived the B.S. degree in electrical engineering from
Waseda University, Tokyo, Japan, in 1995, and the
M.S. degree in electrical engineering from the Uni-
versity of Minnesota, Minneapolis, in 1997.

From 1997 to 1999, he was a Design Engineer with
RocketChips, Inc., prior to its acquisition by Xilinx,
Inc., where he was involved in Gigabit CMOS Eth-
ernet transceiver design. He joined the Crystal Semi-
conductor division of Cirrus Logic, Austin, TX, in
1999, where he was engaged in the research and de-

velopment of high-performance audio ADCs, DACs, and video encoder and de-
coder. He is currently with Texas Instruments Incorporated, Austin, TX. His
current interests are in low-power, high-performance, and high-speed analog
circuits.

Amiya Chokhawala was born in Wardha, India. He
received the B.Sc. degree in physics from South Gu-
jarat University, India, in 1991 and the Post Grad-
uate Diploma in computer science and applications
in 1992. He received the B.S. and M.S. degrees in
electrical engineering from University of Tennessee,
Knoxville, in 1996 and 1998, respectively.

Since 1998, he has been working as a Design En-
gineer with the Consumer Audio division of Cirrus
Logic, where he has been involved in high-perfor-
mance data conversion projects. His primary research

interest is in area and power efficient digital filter design.

Mark Alexander was born in Toronto, ON, Canada,
in 1958. He received the B.A.Sc in electrical engi-
neering from the University of Toronto in 1981.

He has spent the past 20 years working in
the semiconductor industry in a wide variety of
positions, including applications, test, and design
engineering. Since 1989, he been involved pri-
marily in mixed-signal IC design with PMI/Analog
Devices, National Semiconductor, and Crystal
Semiconductor, with specific emphasis on analog
circuit design, switched-capacitor circuits, and

oversampled audio converter development. At Cirrus Logic, he managed
the high performance multibit�� ADC and DAC development efforts.
He is currently with Zilker Labs, Austin, TX, as Director of Engineering.
His research interests include mixed-signal SoC design, power electronics,
high-performance converter development, and consumer audio and video.

John Melanson received the B.S. degree from the
University of Colorado at Boulder in 1974.

He has been a Principal in the founding and man-
agement of five companies in areas of electronic tech-
nology. He has applied for, or been granted, in ex-
cess of 75 patents in electronics, many in the field
of mixed signal design. His special interests lie with
data conversion and signal processing, and applica-
tions of technology for the hearing impaired. Cur-
rently, he is a Fellow with Cirrus Logic, Austin, TX,
where he is involved in mixed-signal design, DSP ar-

chitectures, and signal processing for optical disk drives.
Mr. Melanson was named a distinguished alumnus of the University of Col-

orado in 2000.

Dylan Hester received the B.S. degree in electrical
and biomedical engineering from Duke University,
Durham, NC, in 1995 and the M.S. degree in
electrical engineering from the University of Texas
at Austin in 1999.

He joined Cirrus Logic, Austin, in 1995, initially
working in applications engineering for audio
converters. In 1997, he moved to design engineering,
where his research interests included audio serial
and control interfaces, audio sample rate converters,
data paths for ADCs and DACs, and later, video

processing architectures. In 2002, he joined Silicon Laboratories, Austin, where
he is currently engaged in digital design methods for CMOS RF integrated
circuits.


	Index: 
	CCC: 0-7803-5957-7/00/$10.00 © 2000 IEEE
	ccc: 0-7803-5957-7/00/$10.00 © 2000 IEEE
	cce: 0-7803-5957-7/00/$10.00 © 2000 IEEE
	index: 
	INDEX: 
	ind: 


