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

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

Abstract—A multibit delta-sigma audio stereo analog-to-digital This paper presents a low-cost low-distortion stereo audio
converter has been developed. It employs a fifth-order single-loop ADC intended for the mainstream consumer audio market. It
17-level delta-sigma modulator with an input feedforward gain i, ¢y des two stereo analog modulators, a bandgap derived bias

stage. A second-order mismatch shaping (DEM) circuit is utilized t ¢ t decimation filt ial interf loai
to remove tones and nonlinearities caused by capacitor mismatch generator, a two-stage decimation Titer, serial interface logic

of the feedback digital-to-analog converter. The implementation of and noise managed clock generation/control logic. A multibit
the DEM block introduces minimum latency into the delta-sigma topology extension of conventional single Ap: modulation
feedback loop. Chopper stabilization is applied to the first has proven to be especially suitable for such an application.
integrator to eliminate the 1/f noise. The converter achieves compared with single-bit topologies, a multibit design further
114-dB dynamic range and—105-dB total harmonic distortion . . . L
over the 20-kHz audio band. This single chip includes stereo relaxes the deagn_rquwements for critical analog subgrcmts
analog modulators, bandgap reference, serial interface, and a s Well as the decimation filter. A second-order dynamic ele-
two-stage decimation filter, occupies 5.62-m active area in a ment matching (DEM) circuit has been employed to remove the
0.35um double-poly, three-metal CMOS process and dissipates nonlinearity and tones caused by the capacitor mismatch of the
only 55-mW power in the analog circuits. feedback digital-to-analog converter (DAC), while introducing
Index Terms—Chopping technique, delta-sigma modulation, minimum latency into the delta-sigma feedback loop. As far
dynamic element matching, feedforward, latency, multibit as converter linearity is concerned, a common belief is that a
delta-sigma modulation, switched capacitor. single-bit topology is inherently linear and a multibit topology is
inferior. This paper demonstrates that with proper analog modu-
|. INTRODUCTION lator and DEM design, a multibit design can achieve equal to or
. . . - _higher linearity compared to a single-bit design, with substan-
HE _prollferat|on of mamstream_ consumer d'g'ta.l aUd'(ﬁzTIIy less die area and power dissipation. These benefits arise
equipment such as DVD recording systems, multlCham}%ainly because the multihik>: approach relaxes the design re-

AV processors and receivers, and d|g|tal room .Correcu%ﬂlirements for critical analog subcircuits, which are the main
systems, has generated increasingly stringent requirements

- 4 ~~ conhtributors to the converter nonlinearity [4], [5].
analog-to-digital converters (ADCs) used in the audio signa y (4], ]
processing chain. Wide dynamic range and low distortion afe
needed t_o c_apture.an analo_g !nput S'gf‘a' In Its most onai mpling clock rate. Unfortunately, a low oversampling ratio
form, which is crucial to achieving the high sound quality tha\X/iI

. inalv d d A dio ADC noise fi | increase the sampling capacitor size substantially. In this
consumers ncreasingly demand. An audio hoise O%resign, an oversampling ratio of 128 was chosen as a good

needs to be exceptionally stable, free from tones as the in%%t

One popular method to reduce power dissipation in low-end
Csis to lower the oversampling ratio, thus slowing down the

level | od d ideallv flat th hout th dio si deoff between die area and power consumption. Switched-ca-
cvel Is varied, and ideally Tlat throughout the audlo signa, ;. techniques are employed to implement the analog sub-
band. This requirement arises mainly because human hea

. . o d X uits mainly because of their high immunity to clock jitter
is very sensitive to the audibility of noise floor modulation an ects
spurious tones. Due to the cost constraints of the consume

. ) o The 'overall modulator topology and DEM circuits will be
audio market, a stereo audio ADC must have small die size f(%vered in Section Il. Section 11l will discuss analog subcir-

low cost, multiple operatlng modes gnd unique features, plgait design. Layout and measurement results will be covered in
low power consumption. Several audio converters [1]-[3] ha >ction IV

been developed throughout the years, however, no single-chip
stereo ADC meeting all the requirements has been previously

reported. Il. SYSTEM LEVEL DETAILS

A. Delta-Sigma Modulator Topology
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to the input sampling capacitors. These facts greatly reduce apaioq l b2<1'
DEM logic complexities and overall die area required for th"™**_ + 1 -
feedback DAC. However, quantization noise and tones from t - L=z

low-order loop of the first stage are likely to leak to the convertt A

output due to stage-to-stage mismatch. This stage-to-stage r vy

match also limits the achievable dynamic range of the convert

Classical single-loop multibit architectures are more in

17
mune to tone problems, and have better potential to achie x _'_,_F

high dynamic range. Unlike the multistage topology, whel A6: 1/(quantizer gain*feedback DAC gain)
downstream feedback DAC linearity errors are noise Shap@(@,. 1. Multibit delta-sigma analog modulator with feedforward gain stage.
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- MAXIMUM |NTEGRATORP.AL\E'IEETISN|NG AND VOLTAGE STEP
tential latency problems, and these have to be considered when : — :

evaluating different architectural approaches in the mismatﬁéff*@iii ot Q’%l ot It s
shaping logic. Since the DEM circuitry is placed inside th Max. Step 036 | 022 021 | 022 0.15
modulator feedback loop, it is crucial to minimize its latency,

otherwise stability will be compromised. One option iS 1O uuilevel feedback DAC multilevel quantizer

use simple first-order mismatch shaping logic such as dat
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 maintai
good element-to-element matching. The other option is to lowe
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 anu _
overall chip size significantly. Both options mentioned aboJ/g9- 2~ Second-order DEM top-level architecture.

are not practical for high performance ADCs. When designing

a high-order modulator, such as a fifth-order single-loop design,The superposition principle of linear system can be employed
it is still very difficult to push the modulation index over 0.85t0 easily demonstrate that the input feedforward gain stage re-
unless a large number of guantization levels (such as 32yts in a unity signal transfer function (STF), but does not alter
are employed in the quantizer. The integrator output swingfe noise transfer function (NTF). The feedforward stage also
also do not scale down linearly with an increasing number eérves as a rough conversion path to force the multibit quantizer
guantization levels. Since the first integrator receives the leasttput to track the input signal to first order, especially for large
noise shaping, compared with the downstream integratoirsput signals. This allows quick recovery from input overload
a high dc gain and slew rate are still required for the firstonditions. The modulator is designed with a fifth-order loop
integrator operational amplifier (opamp). filter and symmetric seventeen-level quantization (including a

With many quantization levels available, however, the ef€0 level output code), to_ avoid system mismatch. Alternating
fective multibit quantizer gain is much more constant thaflayed and nondelayed integrators are used to reduce peaking
that of a single-bit quantizer. If a DEM circuit is employed t@f the noise shaping function, thus maximizing loop stability. In
remove the DAC nonlinearity, a single-loop multibit modulatoMatiab simulations, this modulator achieves 130-dB signal-to-
can be viewed as a linear system. An improved single-lo6}9iS€ rqtlo for an oversampling rz_;\tlo pf 128, within the 20-ng
multibit architecture is shown in Fig. 1, where an input feedudio signal band. The modulation index reaches 0.95, while
forward gain stage is introduced to relax the design requir@-e flrstmtegrqtormammum output voltage swing is reduced py
ments of the analog subcircuits. The gain A6 is defined #9% and maximum output voltage step by 40%, compared with
1/(quantizer gain x feedback DAC gain). Since the multilevel & S|m_|lar multibit modulatqr without the feedforward gain stage.
quantizer gain is roughly constant during normal operatiohl® intégrator output swings and steps are shown in Table .
input signal energy will largely be cancelled at the first ime&mula_tlon_ also shows this analog_ modulator can toIerat_e are-
grator summing junction node, without leaking into the looffx€d first integrator opamp dc gain of around 60 dB, with no
at any given operational cycle. This results in smaller and le2ggradation of performance.
signal-dependent voltage swings at the first integrator output, ] ]
relaxing design requirements such as dc gain and slew rate For S€cond-Order Dynamic Element Matching
the first integrator opamp. In other words, this modulator can A DEM circuit with second-order noise shaping is imple-
tolerate incomplete settling error during the integration phagagented in this design, and it introduces minimum latency into
since the integrator output is dominated by quantization noisthe delta-sigma feedback loop. Capacitors are fabricated in a

d order mi

Coupling logic: scramble & feedback operation
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Fig. 3. Feedback DAC with rough and fine sampling schemes.

double poly process, with thin oxide option. It is difficult, howfeedback DAC samples either the analog power supply or
ever, to guarantee good matching in low cost, high volumanalog power ground, depending on the code output from the
CMOS processes with small capacitor size. Thus, a secoEM coupling logic, during the rough phase. During the fine
order DEM approach is needed to handle the worst-case sgkase, the DAC is connected to an off-chip bypass capacitor
nario, with potentially larger than 5% gradient mismatch. It alshhat effectively filters out high frequency noise components.
eliminates unwanted signal-dependent tones associated withThe low pass corner frequency is set around 2 Hz, well below
first-order DEM circuit, which can be rather troublesome ithe audio band, and this configuration achieves reasonably good
audio converters. power supply rejection (in the range of 60 dB at 1 kHz). A fully
As shown in Fig. 2, the DEM logic is divided into two subcir-differential configuration also allows the analog power supply
cuits. One is the coupling logic, which is connected between ttee see the same capacitive load during each clock cycle, thus
thermometer-coded quantizer and multilevel feedback DA@voiding signal-dependent setting behavior inside the feedback
The other is the second-order mismatch-shaping calculaAC. Compared with a conventional approach to generate
[12][15], which determines the priority control signals fostable DAC charging voltages, this method eliminates the need
the coupling logic. Only the coupling logic, which incurs dor buffer circuits, while still providing the high power-supply
small amount of delay, is placed inside the modulator feedbaeiection ratio (PSRR) of a stable on-chip bandgap-derived ref-
loop. As shown in Fig. 7, the multilevel quantization takesrence. Combined with a high modulation index, the reference
place in the middle of the integration phase (Phase 2); thusltage of typically 5 V (in this design) substantially reduces
the quantization is performed before complete settling of tllee overall DAC capacitor size.
integrator outputs. The quantizer and the coupling logic haveThe first integrator schematic is shown in Fig. 4. The input
the remaining half of the Phase 2 cycle to finish the scramblisgmpling capacitors employed a double sampling scheme to
and feedback operation. The second-order mismatch shapitogible the effective sampled input signal charge. This scheme
calculator latches the coupling logic output at the beginning ofcreases the thermal noise tolerance of the converter, to further
the Phase 1, allowing the DEM calculator a full Phase 1 cydteduce sampling capacitor size. One major concern of the first
to accomplish its computation. This approach does introduitgegrator design is the linearity of its front-efC sampling
additional nonidealities into the modulator. However, the imetwork. The dominant nonlinear source is the variation of input
proved multibit analog modulator discussed above suppressestch-on resistance as a function of the input signal level. Due

most of the nonlinearity. to the double sampling scheme, and minimized DAC thermal
noise contribution, the sampling capacitor size is reduced to
IIl. ANALOG CIRCUITS IMPLEMENTATION merely 3.5 pF in this design, allowing a relatively large sam-

) ) . pling switch-on resistance. This approach eliminates the need
A. First Integrator With Chopper-Stabilized Opamp and ¢, 4qgitional circuit complexities such as bootstrapped switch
Feedback DAC drive, or low threshold devices, in the sampling network.

The first integrator and feedback DAC are implemented in Because of the time constant difference between the input
a fully differential switched-capacitor configuration. For thesampling and DACRC networks, the sampled input and the
DAC, it is crucial that a clean reference voltage is establishgdedback DAC charge packets may not arrive at the opamp sum-
and its thermal noise contribution to the sampling capacitornsing nodes at the same time. Even though the net charge trans-
reduced at the same time. As shown in Fig. 3, a rough-and-fifegred to the integrating capacitors during each cycle is small,
charging scheme [14] is used in this design. The capacitithee 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 Vdd
sampling network and feedback DAC were non-time-aligned. T
Therefore, during the integration phase (Phase 2), the summing Ij bias 1 |:’|
| _
I

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- bias_2
pling and feedback networks to be passively mixed beforehand, jI I
and ensures that the summing node switches and opamp outputs
pass only the net overall settled charge. This modified clocking  outn | Inp __H: Jl— iInn |— Outp
scheme results in smaller summing node switch sizes, and re-

duced opamp power consumption. Also, a small switch size | bias_3 |

leads to less charge injection, which further improves converter I II:
linearity. _ L‘

A chopper stabilization technique is employed to reduce the :ll bias 4 L, ||:
high1/f noise of the 5-V digital CMOS process used for fabri- ! r'“ !
cation of the converter [16]. It also lowers the effective input re-
ferred offset voltage of the first integrator amplifier. The opamp Q7 Gnd
1/f noise is modulated once, and moved up to the chopping
frequency, aBF, away from the baseband. The input signakig. 5. Opamp of first integrator.
however, is modulated up to the chopping frequency and then
demodulated back down to baseband. Therefore, there existstthensure that adequate shielding and isolation was maintained
possibility that spectrally shaped HF quantization noise could brethe chopper switch layout.
demodulated down, thus coupling additional noise into the ADC
baseband. In this design, chopping is performed in the middte Opamp Design
of the integrator holding phase (Phase 1), which will prevent As shown in Fig. 5, a fully differential folded cascade struc-
the first integrator from sampling additional noise. The ChAyre is used for the first integrator opamp [17]. Because of the
switches of Fig. 4 are opened first, and then ChAd switches a{hitectural level improvements described above, the design
opened. Subsequently, the ChB switches are closed. Chargedguirements are greatly relaxed. The simulated open-loop
jection from the ChA switches is signal independent, and wific gain is 68 dB, and settling during the integration phase
largely be cancelled by the ChB switches. It is also extremefphase 2) only occurs to ar7accuracy. An NMOS differential
important to properly balance and shield the chopping netwofput pair is used to effectively attenuate the thermal noise
switch layout, to minimize unwanted coupling from switchegtom the loading devices because of its high transconductance.
nodes to nonswitched nodes. Great care was taken in this desige chopping technique removes the usual concern for high
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NMOS flicker noise, since it allows a much smaller opamphifted to the analog power supply, to serve as the feedback
input differential pair size. Thus, the summing node parasititAC control signals. The feedback DAC starts its rough and
capacitances are greatly reduced, further improving powfare sampling operation after the control signals are fully

efficiency. stabilized. As mentioned previously, the chopping operation
is performed in the middle of feedback DAC fine sampling
C. Multibit Quantizer Design phase. This gives the first integrator enough time to settle

The multibit quantizer is adapted from a CMOS flash AD

(g‘ue input/output disturbance caused by a chopping operation,
architecture. Fast operation is necessary, so that the DEM ¢

Efore the next critical sampling clock edge. All comparators
pling logic is able to accomplish its operation before the critical the multibit quantizer are reset during the first portion of the

SC sampling edge. It is also important to prevent “kickbac whase 2. Pr_iority control Sigf‘a's in the_ DE.M circuits are "?"30
noise among comparators (the schematic of which is shownlﬁﬂdated during the same period. Quantization takes place in the
Fig. 6). One pair of current mirrors is added between the inp{ﬂlddle qf Phase 2, ar_1d. the 17-level thermometer ou.tput code is
differential pair and the regeneration stage, to provide better i4 \-/eI'Sh'fte.d tq the digital power supply prior to being fed to
lation between them [18], [19]. Bias current and transistor sisae DEM circuit.

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 This chip integrates the stereo analdg: modulators,
should be noted that the DEM circuitry operates on the digittandgap bias generator, multifunction serial interface, deci-
power supply, not the analog. At the beginning of Phase 1, thmation filter, and a high-pass filter. It supports 48-, 96-, and
DEM block latches the coupling logic output. It then has th&92-kHz sampling rates, with 24-bit two’s complement output.
whole Phase 1 clock cycle to complete its computation for tAehe analog modulator output is decimated by a factor of 128,
following cycle. The latched coupling logic output is then leveb4, or 32, depending on the final sampling rate. The decimation

IV. LAYOUT AND MEASUREMENTRESULTS
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filter consists of a cascade of two digital low-pass filters: one TABLE I

that decimates the incoming data by 64 or 32, and a second STEREOADC PERFORMANCE SUMMARY

that can decimate by an additional factor of 2 if necessary. Tt
first decimation stage employs a time interleaved, pipeline

Full Scale Input Range 2Vrms

finite impulse response (FIR) structure. Furthermore, the san €1ock Frequency 6.144MHz
filter coefficients are used for decimation by 64 and 32, b)Dynamic Range 114dB(A weighted, 20kHz bandwidth)
decimating the filter coefficients, themselves, to save die are THD+Noise -105dB(20kHz bandwidth)
The _final output rate filter is implemer_1ted in a general PUIPOS A log Power Supply sV
multiply and accumulate (MAC) engine. The overall decima——
Digital Power Supply 1.8V-3.3V

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 Fower Dissipation
implemented in the MAC engine to remove any system leve Process 0.35um DP, three metal
dc offset. All digital sections operate from 1.8—-3.3 V. Overall Active area 5.62 mm?
chip performance data is summarized in Table II.

This stereo ADC was implemented in a 0.36% double-poly
three-metal CMOS process. A great deal of attention was giv®™=:%°
to analog floor planning, which is shown in Fig. 8, to allow
a very compact modulator layout with adequate shielding b
tween sensitive analog nodes and clock lines. The clock gen
ator is placed between two analog modulators, next to the sha
bias generator, to minimize clock skew between the channe
The layout effort was primarily focused on the first integratc
and capacitive feedback DAC. The layout of these sections;
fully symmetric, and nodal parasitics were carefully minimize
through optimal placement of the switches and capacitors ac
cent to each integrator’'s opamp. Sensitive nodes such as
summing junctions and the reference-sampling path were v«
carefully routed, and shielded from interfering signals. Phy - v O VI R e RO Y oUW PO rey v Rors e
ical edge matching structures are used to reduce overall lay
related mismatch effects on the feedback DAC unit capacito = # r& o s e v e e T e e e e
first integrator sampling, and integration capacitors. ) )

Measurements were taken for chips assembled in bdtf 9 FFT for—60dBFSinputf. =96 kHz.)
ceramic and plastic package. Chips built in plastic packages
showed better linearity because of smaller bondwire indugewer consumption of 68 mW. Two 16 384-point fast Fourier
tance, and lower package parasitics (measurement restiimsform (FFT) plots of—60-dBFS and-—-1-dBFS input
shown in this paper are for chips assembled in a plassignals are shown in Figs. 9 and 10, respectively. No spurious
package). All measurements were taken with a 5-V analtgnes or harmonics are observed in Fig. 9, which indicates
supply and 1.8-V digital power supply, resulting in a total chigood low-level linearity. The second and third harmonics in

55mW(analog) 13mW(digital at 1.8V)

FFT for -60dBFs Input Signal(Fs=96kHz) Digital Supply=1.8V 10/15/02 15:00:17

flo
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Fig. 10 only reach the-120-dB range, indicating very good

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 .

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 hidlif noise associated
with low-cost digital CMOS processes. This stereo audio
ADC achieves 114-dB dynamic range, and05-dB THD+N,
at 68-mW power consumption. The die area, including pad
ring, is only 5.62 mrA. 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 multibi 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.
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