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An Audio ADC Delta–Sigma Modulator with 100-dB
Peak SINAD and 102-dB DR Using a Second-Order

Mismatch-Shaping DAC
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Abstract—A second-order audio analog-to-digital converter
(ADC) �� modulator using a second-order 33-level tree-struc-
tured mismatch-shaping digital-to-analog converter (DAC) is
presented. Key logic simplifications in the design of the mis-
match-shaping DAC encoder are shown which yield the lowest
complexity second-order mismatch-shaping DAC known to the
authors. The phenomenon of signal-dependent DAC noise mod-
ulation in mismatch-shaping DACs is illustrated, and a modified
second-order input-layer switching block is presented which
reduces inband DAC noise modulation by 6 dB. Implementation
details and measured performance of the 3.3-V 0.5-m single-poly
CMOS prototype are presented. All 12 prototype devices achieve
better than 100-dB signal-to-noise-and-distortion and 102-dB
dynamic range over a 10–20 kHz measurement bandwidth.

Index Terms—analog–digital conversion, CMOS analog
integrated circuits, delta–sigma modulation, digital–analog
conversion, dynamic element matching, mixed analog–digital
integrated circuits.

I. INTRODUCTION

M ULTIBIT modulation has recently been applied
to implement high-performance analog-to-digital

converters (ADCs) [1]–[7]. The use of multibit quantization in
a modulator reduces the power of the quantization noise
which must be shaped out of band. Thus, a multibit mod-
ulator can achieve the same signal-to-quantization-noise ratio
as a 1-bit modulator with a lower modulator order and a
reduced oversampling ratio. These benefits can be used to relax
the performance requirements on the analog switched-capacitor
circuitry and enable the implementation of high-performance

ADCs in CMOS fabrication processes optimized for
digital circuits [7]. However, realizing these benefits requires
an internal digital-to-analog converter (DAC) with linearity and
inband noise specifications equal to or better than those of the

ADC. The development of mismatch-shaping DACs has
helped to address this issue and make the implementation of
multibit ADCs practical.
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Though second-order mismatch shaping algorithms theoreti-
callyoffer increased inbandprecisionover first-orderalgorithms,
they present several challenges. The performance improve-
ment gained by using second-order mismatch-shaping must be
sufficient to justify its increased digital logic complexity. The en-
coder’s switching or selection logic must be stable for real-world
inputsignals.Finally,theencodershouldminimizespurioustones
andsignal-dependentmodulationof theDACmismatchnoisebe-
cause theseeffectscan limit thedynamic rangeofhigh-resolution

ADCs. While several mismatch-shaping algorithms have
been reported that provide first-order spectral shaping of static
DAC mismatch errors [8]–[16], only a few provide second-order
mismatch shaping [12]–[16]. Though [12]–[15] show simulated
second-order mismatch shaping, detailed hardware-level imple-
mentationsarenotpresented.

This paper presents a second-order audio ADC modu-
lator using a second-order mismatch-shaping DAC based on the
tree-structure presented in [15] that addresses these challenges.
The prototype modulator uses the analog front end pre-
sented in [7] with a redesigned mismatch-shaping DAC encoder.
The design presented here is the lowest complexity second-
order mismatch-shaping DAC encoder known to the authors.
The architecture of the mismatch-shaping DAC encoder permits
a gate count reduction at the expense of a slight degradation
in spectral shaping performance near dc. Thus in applications
where analog circuit noise is dominant at low frequencies, sig-
nificant hardware savings are possible. The tree-structured en-
coder employs a modified input-layer switching block which re-
duces signal-dependent DAC noise modulation by 6 dB, thereby
improving the signal-to-noise-ratio (SNR) for low-level input
signals. The prototype modulator is implemented in a stan-
dard 0.5- m 3.3-V single-poly CMOS fabrication process. All
12 of the fabricated prototypes achieve a 100-dB peak signal-to-
noise and distortion ratio (SINAD) and 102-dB dynamic range
over a 10–20 kHz measurement bandwidth.

II. M ISMATCH-SHAPING DAC SIGNAL PROCESSING

The prototype uses the second-order modulator architec-
ture shown in Fig. 1 with 33-level quantization and feedback
[18]. As mentioned in Section I, the prototype’s switched-ca-
pacitor analog front end and flash ADC are identical to those
presented in [7]. Because the dynamic range of themodu-
lator in [7] was limited by the first-order shaped DAC mismatch
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Fig. 1. Switched-capacitor implementation of the�� modulator.

Fig. 2. The 33-level tree-structured mismatch-shaping DAC encoder.

noise at the upper end of the passband, the goal of this proto-
type was to use second-order mismatch-shaping to extend the

modulator’s dynamic range without modifying the analog
circuitry or significantly increasing the die area.

The high-level architecture of the prototype’s 33-level mis-
match-shaping DAC encoder is shown in Fig. 2. The tree-struc-
tured encoder, based on the architecture presented in [15],
generates 32 element selection lines that control themod-
ulator’s two unit-element DAC arrays. Each column of the tree

structure inFig.2 iscalledalayer.Thelayersarelabeled5through
1,wherelayer5is theinput layerandlayer1is theoutput layer.

The elements within the tree structure are calledswitching
blocksand are labeled , where refers to the encoder layer
and refers to the position within the layer. The switching block

has a -bit input, , and two -bit output se-
quences, and . For example, the
switching block in Fig. 2 has a 5-bit input, , and two 4-bit
outputs, and . To simplify the notation in Fig. 2,
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Fig. 3. Data flow along a single branch of the mismatch-shaping DAC encoder illustrating how the switching sequencess [n] control the propagation of data
to the output layer.

the encoder’s input is denoted by and the encoder’s
outputs are denoted by .

The mismatch-shaping DAC encoder converts its bi-
nary-coded 33-level input value into an output value encoded
on the 32 DAC element selection lines. The encoder provides
spectral shaping of DAC mismatch errors while operating
under the constraint that the number of DAC element selection
lines asserted at its output equals the binary value at its input.
To satisfy this constraint, each switching block is required to
operate such that the sum of its two outputs equals its input, and
that the magnitude of each output is less than or equal to the
number of DAC elements that it controls. That is, for each

(1)

and

(2)

Equations (1) and (2) constitute thenumber conservation rule
described in [15].

Each switching block has an associatedswitching se-
quence, , which is defined as the difference between its
outputs

(3)

From (1) and (3), it follows that the switching block imple-
ments

(4)

and

(5)

Thus, the switching sequence determines how a
switching block divides its input between its two outputs.

It is shown in [15] that the switching sequences determine
the spectral shaping of the DAC noise; the tree-structured mis-
match-shaping DAC’s output voltage is the input sequence

multiplied by a constant gain factor plus a dc offset and
DAC noise, where the DAC noise is given by

The coefficients are constants which depend only on the
static DAC mismatches. Therefore, if the switching sequences
are all uncorrelated and have the same spectral characteristics
(e.g., second-order highpass spectral shaping), then the DAC
noise will also possess this spectral shaping. Therefore, the task
of designing a tree-structured mismatch-shaping DAC encoder
amounts to designing a switching sequence generator which
obeys (1) and (2) and provides the desired spectral shaping.

It can be verified that the following restriction on is
sufficient to satisfy (1) and (2):

if even
if odd

(6)

Thus, it follows from (4) and (5) that even switching block in-
puts are divided equally and distributed to the switching block’s
outputs and that odd switching block inputs are divided into
values which differ by one. For odd inputs, the polarity of the
switching sequence determines how the unequal values are dis-
tributed to the switching block’s outputs.

Fig. 3 illustrates the operation of the switching blocks along
a single branch of the encoder. The switching blocks with odd
inputs— , and —have , while those
with even inputs— and —have . As noted
above, the sign of determines how odd inputs are dis-
tributed to the outputs of the switching block. For example,

sends 9 to the upper output and 8 to the lower output
of , while sends 4 to the upper output and 5
to the lower output of .

A. Second-Order Switching Sequence Generator

To achieve second-order spectral shaping given (6), each
switching sequence generator must produce a sequence ,
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Fig. 4. Second-order switching block signal processing.

taking on values 1, 0, and 1 which has a power spectral
density (PSD) with a 12-dB/octave slope near dc. If it were
not for the number conservation rule, a standard second-order
digital modulator with a zero input could be used, but (6)
requires that whenever the input to is even.

Instead, the modified second-order digital modulator
shown in Fig. 4 could be used as the switching sequence
generator.1 The modulator’s first and second integrators
are denoted by and , respectively. The sequence
represents the parity of switching block’s input. Thus, (6) can
be rewritten as

if
if

(7)

If is represented as a binary number, is the least
significant bit (LSB) of . The multiplier, shown after the
comparator in Fig. 4, ensures that (7) is satisfied, and the com-
parator limits . The dither sequence is a se-
quence of i.i.d. uniform random variables on (1, 1) that is used
to reduce spurious tones in . The feedforward gain ele-
ment, , in Fig. 4 improves the stability of the sequence gener-
ator by providing a means for to influence when
takes on large positive or negative values.

Unlike the first-order switching blocks in [7] and [15], the
second-order switching sequence generator in Fig. 4 can ex-
hibit instability. For example, if the first integrator’s output
is nonzero and a sequence of even switching block inputs oc-
curs, the second integrator’s output will continue to grow
in magnitude until an odd input occurs. Unless restrictions are
placed on the occurrences of even values of , no bound
can be placed on . Therefore, the number of bits required

1This switching sequence generator with a feedforward gain of 8 and no dither
was used to generate the simulation results shown in [14] though the circuit itself
was not published.

to represent and depends on the choice ofand the
statistics of .

The switching sequence generator in Fig. 4 can be modified
to address this issue and reduce its hardware complexity by uti-
lizing the fact that retains second-order spectral shaping
for large values of . Thus, if and are designed to saturate
at some magnitude, (i.e., and ), a
gain of can be implemented by allowing to
“override” whenever is nonzero rather than explicitly
computing . Choosing integer-valued ini-
tial conditions for and guarantees that and will
take on integer values for all. Thus, a sequence of i.i.d. random
variables with
is sufficient to dither the sequence generator.

To implement Fig. 4 in digital hardware, the three-valued
switching sequence must be represented as a two-bit
quantity. From (7), it follows that . By
defining

if
if

and form a sign/magnitude representation of
.

With the sign/magnitude representation of , the
switching sequence generator in Fig. 4 can be implemented
in hardware as shown in Fig. 5. The integrators, and

, are implemented as up/down counters with sign/magni-
tude outputs. The gain element, adders, and comparator in
Fig. 4 have been replaced by the decision logic in Table I,
where is a sequence of i.i.d. random variables with

. The sequence is
the hardware realization of in Fig. 4. Provided ,
the feedback ensures that is limited to values in the set

for . Thus, a two-bit counter is sufficient to
implement . The -bit counter is designed such that it
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Fig. 5. Logic implementation of the second-order switching sequence generator.

TABLE I
TRUTH TABLE FOR SWITCHING SEQUENCEGENERATORDECISION LOGIC;
“+”, “�”, AND “x” I NDICATE POSITIVE, NEGATIVE, AND DON’T CARE

VALUES, RESPECTIVELY, FOR I [n] AND I [n]

saturates at its extreme values rather than “rolling over” in a
modulo fashion.

The decision logic in Table I ensures that controls
when saturates. Thus, in this overload condition, the

switching sequence generator degrades to first-order spectral
shaping until recovers from saturation. Because of this
benign overload behavior, the bit width of can be reduced at
the expense of minor degradation of the spectral shaping near
dc. Fig. 6 shows the DAC noise PSD for variousbit widths.
With 6-bit counters under the conditions simulated, the
DAC encoder’s switching sequence generators do not saturate
and the DAC noise shows ideal second-order shaping. When
the counters are reduced to 4 bits, the switching sequence
generators saturate and the PSD changes from a 12-dB/octave
slope to a 6-dB/octave slope near dc. For an encoder with
2-bit counters, saturation occurs frequently. The PSD has a
6-dB/octave slope for most frequencies, but the inband DAC
noise power is approximately 10 dB lower than that of the
first-order encoder. Even though the encoder with 2-bit
counters does not provide true second-order shaping, it offers
a substantial performance improvement over the first-order
encoder with little additional hardware.

B. Signal-Dependent DAC Noise Modulation

As implemented in Figs. 4 and 5, is forced to zero
when is even. As a result, long sequences of even in-
puts to a switching block will affect the spectral shaping of

. Fig. 7 shows the PSDs of individual sequences
where the parity of the switching block’s input is a se-
quence of i.i.d. random variables with and

, and where the sizes of the coun-
ters are sufficiently large to avoid overload. As the probability

Fig. 6. Simulated DAC noise PSDs for a 33-level mismatch-shaping DAC;
first-order and second-order shaping.

Fig. 7. Simulated PSDs of individuals [n] sequences for several values of
P (o = 1).

of even inputs increases, the inband noise power rises dramat-
ically. It can be seen in Fig. 7 that while all of the PSDs retain
a 12-dB/octave slope near dc, the inband noise power increases
by 20 dB as goes from 0.75 to 0.25. Because
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Fig. 8. Data flow along a single branch of the mismatch-shaping DAC encoder illustrating how an input of 16 results forcess [n] = 0 for all but the output
layer.

Fig. 9. Simulated inband noise versus input level for the�� modulator using
first-order and second-order mismatch-shaping DAC encoders.

the DAC noise is the weighted sum of the sequences, this
directly translates to increased inband DAC noise.

For the tree structure of Fig. 2, input values that are powers
of two pose a particular problem because they propagate even
inputs to successive layers of the tree structure. A commonly
encountered input for the 33-level DAC encoder is an input of
16, the modulator’s midscale value. Fig. 8 illustrates how an
input of 16 is factored into successive even values until the last
layer of the encoder. As a result, 15 of the 31 sequences
have elevated inband noise power as illustrated in Fig. 7.

The dashed-line plot in Fig. 9 shows simulated inband noise
power versus input level for the modulator of Fig. 1 using
the second-order mismatch-shaping encoder shown in Figs. 2
and 5 with 4-bit counters and % Gaussian DAC el-
ement mismatches. For this implementation, the inband noise
power increases by 10 dB as the input drops from4 to 35 dB.
This is a direct result of the DAC encoder receiving a high
density of midscale inputs for low-level modulator inputs.
Combined with the inband thermal noise and noise of the

analog front end, this level of DAC noise modulation would have
limited the modulator’s dynamic range to 100 dB. Thus, for
low-level modulator input signals, second-order mismatch
shaping would have provided little or no improvement in SNR
over first-order mismatch shaping.

This effect can be mitigated by noting that (7) is sufficient
but not necessary to satisfy the number conservation rule. For
example, the block is free to set for all inputs
divisible by four except 0 and 32 (i.e., ).
Thus, when receives a high density of inputs with value
16, it can still produce a second-order shaped taking on
values . With this modification, the block can break the
midscale input into output values of 7 and 9, as illustrated in
Fig. 10, and prevent the propagation of even values to the re-
maining layers of the encoder.

Fig. 11 shows the modifications required for the
switching sequence generator. As in Fig. 4, it produces

for . The gain element and
multiplier following the comparator are used to produce

for inputs divisible by four other than the
full-scale values. The sequence is defined as

if divides and
otherwise

When is represented as a binary number, divisibility by
four can be determined by testing if the two least significant bits
of are zero. Full-scale inputs can be detected by testing
if all bits of are low or high.

Fig. 12 shows a comparison between the simulated inband
noise and distortion of the modulator using the modified
second-order mismatch shaping DAC encoder and those illus-
trated previously in Fig. 9. The solid-line plot shows that the
modified second-order encoder reduces the DAC noise mod-
ulation by 6 dB and provides significantly better performance
than the first-order encoder over the entire range of input ampli-
tudes. Though this modification roughly doubles the gate count
of the block, the encoder’s overall gate count does not in-
crease significantly because the other 30 switching blocks use
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Fig. 10. Data flow along a single branch of the mismatch-shaping DAC encoder illustrating how the modifiedS block prevents the propagation of even values
to successive layers.

Fig. 11. Signal processing of the modifiedS switching block which allows�1 feedback for odd inputs and�2 feedback for inputs divisible by four.

Fig. 12. Simulated inband noise versus input level for the��modulator using
first-order, second-order, and modified second-order mismatch-shaping DAC
encoders.

the second-order switching sequence generator shown in Fig. 5.

III. PROTOTYPERESULTS

The prototype modulator IC shown in Fig. 13 was fabri-
cated in a 0.5-m 3.3-V triple-metal single-poly CMOS process.
The analog front end of the prototype—the switched-capac-
itor circuitry and flash ADCs with comparator offset DEM and
digital common mode rejection (DCMR)—are identical to the
audio ADC modulator using a first-order mismatch shaping
DAC presented in [7]. Logic reduction and layout optimiza-
tion were performed on the DCMR logic to reduce its area.
Though the second-order mismatch-shaping DAC encoder with
the modified block is approximately twice the die area of
the first-order encoder of [7], the area reduction of the DCMR
logic permitted the second-order design to fit in same pad ring
as the first-order design.
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Fig. 13. Prototype�� modulator die photograph and layout floorplan.

TABLE II
PERFORMANCE ANDSPECIFICATION SUMMARY

Each second-order switching sequence generator was im-
plemented with a four-bit second integrator to save hardware
in the mismatch-shaping DAC encoder. As described in Sec-
tion II, this leads to occasional saturation within the switching
sequence generators and causes the DAC noise to change from
a second-order slope to a first-order slope near dc as shown
in Fig. 6. Nevertheless, this design still provides significantly
improved suppression of inband DAC noise relative to the
first-order mismatch-shaping DAC in [7]. The switching block
with the switching sequence generator shown in Fig. 5 required
31 gates, while the modified block in Fig. 11 required 58
gates. Thus the entire second-order mismatch-shaping DAC
encoder was implemented using 988 gates. This is 28% of
the gate count reported in [17] for a nine-level second-order
mismatch-shaping DAC encoder.

Table II summarizes the device specifications and worst
case measured performance for the 12 fabricated prototypes.
Comparing worst case performance for both prototypes over a
10–20 kHz bandwidth, the modulator presented here has
a 1.5-dB greater peak SINAD and a 2.3-dB greater dynamic
range (DR) than the design presented in [7] with no increase in

Fig. 14. Measured SINAD versus input level for the prototype��modulator.

die area and only a 2.6% increase in power dissipation. Fig. 14
shows the measured 1.5-kHz SINAD versus input level. Fig. 15
shows the measured inband PSD for1- and 60-dB input
signals.

Fig. 16 shows the measured inband noise and distortion
versus input level for the prototype modulator using
the second-order mismatch-shaping DAC with the modified
input-layer switching block. Performance for the modu-
lator presented in [7] with a first-order mismatch-shaping DAC
is included for comparison. The use of second-order mismatch
shaping eliminates DAC mismatch noise as a dominant noise
source for full-scale input signals. The modification to the
input-layer switching block ensures that the DAC noise power
in the audio band remains well below the circuit noise for
low-level input signals.
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Fig. 15. Measured inband PSD for�1-dB and�60-dB, 1.5-kHz input signals.

Fig. 16. Measured inband noise and distortion for the prototype��

modulators using first-order and modified second-order mismatch-shaping
DAC encoders.

Because the performance of the second-order prototype is
limited by the thermal noise of the analog front end, the im-
provement in dynamic range is limited to approximately 2.3 dB.
By comparing the degree of noise modulation between the two

prototypes, it can be seen that the DAC mismatch noise has been
reduced well below the other noise sources in the second-order
prototype.

IV. CONCLUSION

These results demonstrate that a practical second-order
mismatch-shaping DAC can be implemented to yield improved
performance over a first-order design with only a modest
increase in hardware complexity. Using the second-order
switching block presented, pure second-order spectral shaping
of the DAC mismatches can be sacrificed to yield substan-
tial hardware savings with minimal impact on performance.
The prototype’s dynamic range performance shows that the
input-layer switching block can be modified to significantly
reduce the amount of signal-dependent DAC noise modulation
with minimal additional hardware.
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