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Abstract—This paper describes an analog-to-digital converter
which combines multiple delta–sigma modulators in parallel so
that time oversampling may be reduced or even eliminated. By
doubling the number of Lth-order delta–sigma modulators, the
resolution of this architecture is increased by approximatelyL
bits. Thus, the resolution obtained by combiningM delta–sigma
modulators in parallel with no oversampling is similar to oper-
ating the same modulator with an oversampling rate ofM . A
parallel delta–sigma A/D converter implementation composed of
two, four, and eight second-order delta–sigma modulators is de-
scribed that does not require oversampling. Using this prototype,
the design issues of the parallel delta–sigma A/D converter are
explored and the theoretical performance with no oversampling
and with low oversampling is verified. This architecture shows
promise for obtaining high speed and resolution conversion since
it retains much of the insensitivity to nonideal circuit behavior
characteristic of the individual delta–sigma modulators.

Index Terms—Converters, integrated circuit design, parallel
architectures.

I. INTRODUCTION

A NALOG-TO-DIGITAL converters are key components
in many modern electronic systems. They provide the

critical translation of a measured analog signal to a digital
representation. Once in digital form, the data can be easily
and accurately processed to extract the information desired.
The process of converting the analog signal to a digital signal
often limits the speed and resolution of the overall system. As
a result, there is a need to develop A/D converters that achieve
both high speed and resolution. In particular, many imaging,
communication, and instrumentation systems may benefit from
such converters.

The Flash A/D converter provides the highest conversion
rate of all the A/D architectures for a given technology. This
architecture uses 1-b A/D converters (i.e., comparators)
operating in parallel followed by digital decoding logic to
convert an analog signal into a digital signal withbits of
resolution. While the parallelism allows for very high-speed
conversion, the accuracy of the converted signal is limited
by the analog component matching within the converter.
Additionally, the area increases exponentially as the number of
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bits increases. Thus, typically no more than 10 b of resolution
are obtained without component trimming and excessive area
consumption using a Flash A/D converter.

In contrast, the delta–sigma A/D converter is not
limited by the component matching. It uses time oversampling
to increase the resolution in amplitude [1] and resolutions as
high as 20 b have been demonstrated with this architecture
[2]. Unlike other A/D converter architectures, this architecture
does not rely on high precision analog components, and
the resolution of an th-order delta–sigma A/D converter is
increased by bits for each doubling in the oversam-
pling ratio. Unfortunately, the need for high oversampling in

A/D converters has limited their use to primarily low-
frequency applications. Thus, it would seem advantageous
to combine A/D converters in parallel to extend the
bandwidth of these converters while maintaining the high
resolution. Using such an approach, the conversion rate of the
overall delta–sigma A/D converter can, in theory, be increased
without loss in resolution.

One approach of combining multiple A/D converters
in parallel consists of simultaneously applying the input to
delta–sigma modulators. The outputs of the modulators
are digitally combined and then filtered. Assuming sufficient
circuit noise, the signal power adds in amplitude

while the quantization error will be uncorrelated and
thus adds in power . As a result, the signal-
to-noise ratio (SNR) increases by 3 dB for each doubling in the
number of channels. Because doubling the hardware results in
only a 1/2-b increase in the resolution, this parallel approach
is extremely area inefficient.

The parallel delta–sigma A/D architecture described
here combines multiple delta–sigma modulators in parallel
along with analog preprocessing of the input signal and digital
postprocessing of the output signals to achieve an increase
of bits for each doubling in the number ofth-order
delta–sigma modulators [3]. This is nearly the same gain
obtained from doubling the oversampling ratio in a singleth-
order modulator. The A/D converter maintains much of
the insensitivity to component matching characteristic of the
conventional delta–sigma modulator. An added feature of the

A/D converter is that oversampling is not required.
In this paper, the parallel delta–sigma architecture is briefly

described in Section II. Section III presents the performance
obtained with the A/D converter. The circuit design
considerations of a second-order modulator used in this
parallel architecture are analyzed in Section IV. Section V de-
scribes the design implementation and the experimental results
that verify the operation of this parallel architecture at both the
full-rate (Nyquist rate) and with moderate oversampling. The
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Fig. 1. The��� A/D architecture with analog inputx[n] and digital output
y[n]:

measurements provide further insight into the design so that
future implementations can potentially exceed the performance
of existing A/D converters.

II. THE PARALLEL A/D CONVERTER ARCHITECTURE

The A/D converter architecture is shown in Fig. 1
[3], [4]. The analog input is simultaneously applied to

amplitude modulators each followed by a conventional
delta–sigma modulator. The modulator outputs are then
filtered, demodulated, and summed together to produce a
single digital output sequence. In the conventional A/D
converter, both the signal and the quantization noise pass
through the same filter, and therefore, both are filtered by the
same low-pass decimation filter. In contrast, the A/D
converteramplitude modulatesthe input to decouple the signal
from the quantization noise such that the filtering of the signal
is undone byamplitude demodulation. In effect, the signal
is simply delayed while the noise is low-pass filtered. Thus,
the cutoff frequency of the quantization noise filter may be
lower than the signal bandwidth, which makes A/D conversion
without oversampling possible.

The amplitude modulators used in this architecture can be
derived from any unitary matrix. Hadamard modulation has
been chosen since it consists of plus and minus ones, and
therefore it is easy to realize in an actual implementation.
Additionally, Hadamard modulators maximize the signal-to-
noise ratio of the A/D converter because the signal on each
channel adds coherently at the output. The Hadamard matrix
is defined as

where (1)

As an example, the modulation sequence for a four-channel
converter is

Each row represents the modulation sequence for one channel
of the A/D converter. Notice that even for the four-

Fig. 2. Illustration of the��� A/D converter operation. A ramp signal is
applied to the input of each channel, scaled by the center tap of the filter,
and summed at the output of the filters. Notice that the output corresponding
to an input of 2 is twice as large since the signal on each channel adds. The
Hadamard modulation makes it so that the signal sees only the center tap of
the filter (in this case h[1]), therefore it is all-pass filtered. The quantization
noise in not passed through the Hadamard modulator, and thus it sees all taps
of the filter.

channel case, the signals on each channel are not simply
frequency decomposed. Channels 3 and 4 actually are modu-
lated at the same frequency but differ by the phase component.

To illustrate the operation of the parallel architecture, a two-
channel example is provided in Fig. 2. To show the effect
of the system on the signal, it is assumed that the signal is
only delayed by the delta–sigma modulators. A ramp signal
is applied at the input of each channel and multiplied by the
appropriate Hadamard sequence: all one’s on the first channel
and alternating one and minus one on the second channel. The
output is stored in the registers of the filter as shown in the
figure. These values are then multiplied by the corresponding
filter coefficients, summed together, and demodulated by a
time-shifted version of the Hadamard sequence (one on the
first channel and minus one on the second channel). When
the outputs of the digital filters are summed, notice that the
input signal (2 in this example) is only multiplied by the center
tap of the filter and it is two times larger (corresponding to
the number of channels). In effect, the input signal passes to
the output of each channel without being filtered. Because
the signal sees only the center tap of the filter, the other
filter coefficients may be chosen to optimally suppress the
quantization noise.

The time-interleaved A/D converter is similar to the
A/D converter [5]. Instead of a Hadamard sequence multi-
plying the input and output, an identity matrix is used. With
the identity matrix, the signal magnitude is decreased by a
factor of (where is the number of channels) over the
Hadamard modulation because the signal passes through only
one channel at any given time. Thus, the A/D converter
provides 1/2 b more improvement in SNR when the number
of channels are doubled.

III. PERFORMANCE OF THE A/D CONVERTER

The quantization noise from each channel of the A/D
converter adds in power at the output. Assuming the variance



KING et al.: NYQUIST-RATE DELTA–SIGMA A/D CONVERTER 47

of the quantization error is where is the quantization
step-size, the time-average power of the quantization error is

(2)

where is the number of channels, is the mod-
ulator quantization noise filter, and is the digital filter
impulse response (which is the same for each channel). If the
signal is simply delayed by the modulator, i.e., the signal
transfer function is where is the signal delay,
an optimal form for which minimizes for a given
filter length can be determined [3]. It is an odd-tap FIR
filter with the following constraints:

for

for

for

for
(3)

Notice that only certain values of are constrained. The
remainder can be chosen so as to minimize the amount of
quantization noise at the output. The length of the filter will
affect the sharpness of the passband-to-stopband transition but
will not affect the cutoff frequency. Simulation has shown
that no significant reduction in the quantization noise results
for filter lengths greater than where is the order of the
modulator and is the number of channels in the A/D
converter. Some realizations of this A/D converter may give
prohibitively large filters due to the noninteger coefficients
within the digital filter. An efficient alternative is to use

filters [3]. They attenuate the quantization noise to
nearly the same extent as the optimal filters [9].

The magnitude response of the optimal filters for two, four,
eight, and 16 channels is plotted in Fig. 3. In each case, the

3 dB frequency is marked. Note that while all of these
A/D filters enable conversion up to the Nyquist frequency,
the actual filter cutoff is halved as the number of channels
is doubled. Thus, less quantization noise is included as the
number of channels is increased. This is analogous to the
conventional A/D converter where as the oversampling
ratio is increased, less quantization noise is included. Again,
this property is only possible because the filtering of the signal
is undoneby the Hadamard demodulation.

The resolution in bits of the A/D converter without
oversampling is given by

(4)

where the useful range of the converter is assumed to be
the entire output range of the feedback DAC. Fig. 4 shows
the ideal A/D converter performance with second-,
third- and fourth-order modulators and with filters of
sufficient length such that no appreciable gain in performance
is obtained by further increasing the filter length. The increase
in resolution is approximately bits for each doubling of the
number of channels. Recall that the increase in resolution is

Fig. 3. Example of the magnitude response of the optimal filters in the���

A/D converter with two, four, eight, and 16 channels. The�3 dB frequency
is shown by the marker for each case.

Fig. 4. The resolution of the��� A/D converter (with an input at�6 dB)
versus the number of channels,M as predicted by theory. The dynamic range
is approximately 1 b higher than shown.

bits for each doubling in the oversampling ratio for a
single-channel oversampledth-order A/D converter. The
increase in resolution as the number of channels is doubled is

bits since the quantization noise is doubled over a single-
channel case.

The parallelism in the A/D converter can also be
combined with oversampling. In this case, each column of
the Hadamard sequence is repeated by the number of times
corresponding to the oversampling ratio. As with the full-rate
converter, a comb filter may be used as an efficient filter.
Additionally, an equalization filter must follow this filter to
compensate for the signal filtering [8].

IV. DESIGN CONSIDERATIONS

A. Channel Matching

Several sources of errors in the A/D converter includ-
ing Hadamard modulation gain errors and offsets, offsets at the
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TABLE I
RELATIVE SENSITIVITY TO CHANNEL MATCHING OF THE

��� A/D CONVERTER WHERE 0 = MODERATELY

SENSITIVE, � = INSENSITIVE, AND + = VERY SENSITIVE

input of the modulators, integrator gain errors, and DAC
gain errors and offsets were evaluated. Table I summarizes the
relative sensitivity of the parallel delta–sigma A/D converter
to each of these errors.

The A/D converter is most sensitive to offsets at
the input of the individual modulators and offsets in the
DAC. Since the filters are low pass, the offset of each
channel is passed by its modulator, and it is therefore
retained at the output of its respective filter. When the filter
outputs are demodulated, these offsets are spread throughout
the spectrum and appear at the final output as illustrated
in Fig. 5. Fig. 5(a) is the modulator output on the first
channel of an 16-channel A/D converter. The dc offset
is indicated by the arrow. Fig. 5(b) shows the overall output.
Because of the Hadamard demodulation, the offset introduces
tones throughout the frequency spectrum at multiples of 1/16th
(or one over the number of channels) of the clock frequency.
The errors due to the dc offset, although spread throughout the
frequency spectrum, are signal independent. The mean squared
error due to the offset is simply the square of the sum of the
offsets on the individual channels

(5)

where is the offset on the th channel and is the total
number of channels. The offset of the first channel appears as
the offset of the overall A/D converter so it may be ignored
in this analysis. Assuming is the standard deviation of the
channel offset, then the total expected error due to the channel
offset is . As the number of channels increases,
the mean squared error also increases for the same channel
offset. Thus, to obtain bits of resolution, the variance of
the channel offset must be times lower than this noise
floor requirement. Although the converter is sensitive to
channel offset, it can be easily measured at the output of the
modulator and then digitally cancelled.

The A/D converter is insensitive to channel mis-
matches due to integrator gain errors particularly for second-
order modulators. This is obvious when we examine the signal
path in the . In the second-order delta–sigma modulator,
the gain of the second integrator is absorbed by the quantizer
gain. As a result, the insensitivity to the second integrator
gain in a single channel is preserved when it is placed in the
parallel structure. The A/D converter is also insensitive
to the gain of the first integrator in the delta–sigma modulator.
But like the A/D converter, it is sensitive to DAC gain

(a)

(b)

Fig. 5. Measured output of the��� A/D converter with offset at the input
of the individual�� modulators. (a) Modulator output of first channel of the
16-channel��� modulator and (b) overall output of A/D converter.

errors. However, if a single-bit quantizer is used and the same
capacitor is used for input sampling and implementation of
the DAC, the sensitivity to the DAC gain is reduced. Using
the same capacitor requires scaling the analog input to avoid
overloading the quantizer. Hadamard gain errors and offset
errors introduce harmonic distortion and generate tones but at
levels much lower than the DAC gain errors and offsets.

B. Thermal Noise

An important design consideration in switched-capacitor
implementations of A/D converters is the input-referred
thermal noise. Assuming that the thermal noise due to the
sampling capacitor is the dominant noise source, the thermal
noise power is given by

(6)

where will vary depending on the implementation and is
typically two, is Boltzmann’s constant, is the absolute
temperature, and is the oversampling [7]. In the Nyquist-
rate A/D converter, the input-referred thermal noise
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Fig. 6. Thermal noise output power of the��� A/D converter normalized
to �2

th
versus filter lengthN .

power on each channel is

(7)

The total input thermal noise power is

(8)

where is the impulse response of the optimal digital filter
and

(9)

therefore

(10)

The thermal noise power (normalized to ) at the output
of the A/D converter implemented with second-order

modulators with sufficiently long filters is approximately
. This result is independent of the number of channels

as shown in Fig. 6. times more noise is contributed
by increasing the number of channels by, however, the
bandwidth of the filter is also reduced by a factor of .
Thus, a constant thermal noise is produced independent of
the number of channels. This property holds for other-order
modulators as well.

C. Operational Amplifier Requirements

Finite gain in the operational amplifiers causes leakage
in the integrators [6]. When the A/D converter is
implemented with second-order modulators, no appreciable
reduction in the performance is obtained with op amp open-
loop gains on the order of the product of the number of
channels times the oversampling ratio. This is similar to the
single modulator case where the gain must be on the order
of the oversampling ratio. This is expected as the filter cutoff
frequency is approximately for the A/D
converter and for the A/D converter.

As in the A/D converter design, nonlinear settling in
the amplifiers degrades the performance which necessitates op
amps that are not slew-rate limited. Similarly, the unity gain
bandwidth required is a few times the clock frequency [6].

V. DESIGN IMPLEMENTATION

A chip consisting of five second-order switched-capacitor
modulators as shown in Fig. 7 was integrated in a 1.2-m
n-well CMOS process. The die microphotograph is shown
in Fig. 8. A fully differential integrator is employed for
its superior power-supply rejection and extended dynamic
range. The capacitor values were chosen as pF and

pF to achieve a thermal noise floor below 12 b.
Each modulator consists of a Hadamard modulator at its
input as shown in Fig. 7. The Hadamard modulation circuitry
simply consists of transmission gates which either pass the
differential signal or cross the inputs. The clocks controlling
the Hadamard switches are the opposite clock phase as the

modulator input sampling switches so that the settling
of the Hadamard switches does not degrade the performance.
The modulator is controlled by two-phase nonoverlapping
clocks where the feedback voltage is sampled on. Fully
differential folded-cascode op amps with switched-capacitor
common-mode feedback were used for the integrators in the

modulators [10]. Table II lists the amplifier characteristics.
A latched comparator as in [10] clocked on was used in
this design.

The Hadamard sequence is generated off-chip and it controls
the gates of the MOSFET switches on-chip. This allows
combining any number of parallel channels in testing the
architecture. The buffered output of each modulator connects
to an output pin so that filtering and demodulation may be
performed on the computer to compute the overall converter
output. The voltage reference was also supplied off-chip.

To test the architecture, two chips were wired in parallel
on a two-sided PC board. A Tektronix LV500 digital tester
was used to supply the digital Hadamard sequences and
collect the digital output data from each channel. The output
from each channel’s modulator was filtered, demodulated,
and recombined. The Nyquist-rate eight-channel A/D
converter output spectrum clocked at 320 kHz and with
an input signal frequency of 160 kHz is shown in Fig. 9.
Notice the “bumps” in the noise floor that result when the
filtered channels are recombined. As the theory predicts,
the eight-channel A/D converter achieved 27 dB of
dynamic range as shown in Fig. 10. The signal overloads at
approximately 6 dB which is similar to the conventional
delta–sigma modulator.

Increasing the number of channels from two to four and
from four to eight, an increase of 1.6 and 2.3 b, respectively,
was obtained. For small numbers of channels, the increase in
resolution will not exactly agree with the theory because the
noise transfer function does not exactly match the theoretically
assumed value of . To illustrate this point, the
transfer function for the ideal transfer function with two zeros
at dc and the measured output from the first channel are plotted
in Fig. 11. For low numbers of channels, the noise power
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Fig. 7. Fully differential second-order delta–sigma modulator consisting of two-phase nonoverlapping clocks�1 and�2.

Fig. 8. Die microphotograph. Five second-order�� modulators are inte-
grated on the die. Each modulator is 500�m� 400 �m.

TABLE II
FOLDED-CASCODE OPERATIONAL AMPLIFIER CHARACTERISTICS

in the two cases will be different as the two curves deviate
at . However, for higher numbers of channels and/or a
high oversampling ratio, the performance of the A/D
converter follows the theoretically predicted performance. It is
important to note, however, that the simulated and measured
performance are in agreement.

Combining oversampling with parallelism in the A/D
converter offers another degree of freedom in the imple-
mentation. For a second-order modulator, the resolution
increases by 2.5 b for every doubling in the oversampling

Fig. 9. Eight-channel��� A/D converter output spectrum with 320-kHz
clock and 160-kHz input signal frequencies. The conversion bandwidth is
320 kHz.

ratio. The output spectrum for the eight-channel A/D
converter with five times oversampling is shown in Fig. 12.
In this plot the clock frequency is 1 MHz and the input signal
is 3 kHz. The measured resolution is nearly 8.5 b with an input
amplitude of 6 dB, and the full dynamic range is 9.5 b.

Using the integrated circuit prototype, four-channel and
eight-channel A/D converters with three and five times
oversampling were measured (Table III). The ideal perfor-
mance is shown in Fig. 13. The optimal filters require that an
odd oversampling ratio be used. For both the four- and eight-
channel converters, with no oversampling and three times
oversampling, the increase in resolution is 3.5 b. The increase
in resolution obtained from three to five times oversampling
is 1.8 b for four and eight channels.

The measurements presented here verify the operation of
the parallel delta–sigma A/D converter without oversampling
and with moderate oversampling. For the resolutions obtained
in this implementation, errors due to channel mismatches do
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Fig. 10. Measured signal-to-(noise+ distortion) ratio versus input amplitude
(where 0 dB = �=2 = 2 V) for the eight-channel��� A/D converter
operating at the Nyquist rate.

Fig. 11. Plot of second-order�� modulator quantization noise filter mag-
nitude response normalized to half the sampling frequency. The upper curve
is the ideal response and the lower curve is the response for a typical
implementation. The markers indicate the�3 dB frequencies for the filters that
follow the modulators. The marker labeled 0.44 corresponds to two channels,
0.22 corresponds to four channels, 0.11 corresponds to eight channels, and
0.05 corresponds to 16 channels.

not appear. Simulations show that for channel matching of
0.1%, 100 dB of spurious free dynamic range is obtained for
four fourth-order delta–sigma A/D converters with ten times
oversampling [8]. This architecture appears to be promising
for combining both oversampling and parallelism to obtain
high-speed and high-resolution conversion. Future research
will focus on demonstrating this capability.

VI. CONCLUSION

This paper provides the first experimental demonstration of
the A/D architecture. The unique design considerations
of such a converter have been described and verified through

Fig. 12. Eight-channel��� A/D converter output spectrum with five-times
oversampling. The clock frequency is 1 MHz, the input frequency is 3 kHz,
and the conversion bandwidth is 200 kHz.

TABLE III
MEASURED SIGNAL-TO-NOISE RATIO FOR THE��� A/D CONVERTER WITH

AN OVERSAMPLING RATIO OF ONE, THREE, AND FIVE TIMES

Fig. 13. Plot of resolution versus number of channels for the second-order
��� A/D converter with various oversampling ratios.

measurements of prototypes. The theoretically predicted per-
formance has been verified through an eight-channel
A/D converter implementation where both oversampling up
to a factor of five and no oversampling were used. In con-
ventional A/D converters, the order of the modulator or
the oversampling ratio can be adjusted to vary the speed and
resolution of the conversion process. The A/D converter
offers one more degree of freedom in the design of
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A/D converters: parallelism. This initial exploration into the
design considerations of the A/D converter is a first
step in the development of this architecture. Future research
will investigate the combination of some oversampling with
multiple channels.
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