
Vol. 32, No. 8 Journal of Semiconductors August 2011

A 102-dB-SNRmixed CT/DT†�ADCwith capacitor digital self-calibration for RC
spread compensation
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Abstract: This paper provides a mixed continuous-time/discrete-time, single-loop, 4th-order, 4-bit audio-band
sigma delta ADC with capacitor digital self-calibration for RC spread compensation. This ADC combines the
benefits of CT and DT circuits, and the self-calibration control circuits compensate for the variation of the RC
product in the continuous-time integrator and for variation in the sampling frequency. Measurement results show
that the peak SNR of this ADC reaches 102 dB and the total power consumption is less than 30 mW.
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1. Introduction

Sigma delta (†�/ ADCs provide a means to achieve high
resolution and low distortion at a relatively low cost compared
to Nyquist converters. The high resolution is achieved by over-
sampling the input signal and shaping the quantization noise in
the band of interest into a higher frequency region. The higher
frequency noise can then be digitally filtered out by the subse-
quent digital filter stages. The resulting data is then down sam-
pled to the desired sample rate at the output of the converterŒ1�.

Typically, an audio-band sigma delta ADC is implemented
using discrete-time (DT) circuits such as switched capaci-
tors, because switched capacitor circuits offer low sensitiv-
ity to clock jitter and are readily scalable with the sampling
rateŒ2�. However, due to the nature of DT, the converter suf-
fers from harmonic distortion primarily caused by signal-
dependent glitches captured by the sampling capacitors of the
first integrator. Furthermore, for high performance converters,
the sampling capacitors of the first integrator have to be large
in order to reduce the thermal noise and therefore need a driver
in front of the first integrator to load the sampling capacitors.
Instead of implementation by switched capacitors, the first in-
tegrator can be implemented using a continuous-time (CT) in-
tegrator. A CT integrator has significant advantages over a DT
integrator, notably an implicit anti-aliasing filter, no front-end
sample and hold S/H, and the absence of kT /C noiseŒ3�.

A major drawback associated with the combination of CT
and DT implementation is that the RC time constant in the
continuous-time integrator varies significantly with process,
temperature and power supply variation. Variation in the RC
product changes the noise transfer function of the loop and
leads to a degradation in performance of the converter. Another
disadvantage is that the RC time constant also changes with
the period of the master clock of the converter. This essentially
limits the converter operation to one particular sampling rate.

So this paper provides a mixed CT/DT audio-band sigma
delta ADCwith capacitor digital self-calibration for RC spread
compensation. This ADC combines the benefits of CT and DT
circuits, and the self-calibration control circuits compensate for

the variation of the RC product in the continuous-time inte-
grator and for variation in the sampling frequency. The ADC
uses chopper stabilization; the IDAC can be connected to the
branches via chopping switches and the integrator amplifier
can also be chopper-stabilized. Chopper stabilization can re-
move the flicker noise especially problematic in deep submi-
cron MOS devicesŒ4�.

2. Mixed CT/DT audio-band sigma delta ADC

An audio-band †� ADC requires a set of two transfer
functions: high-pass noise transfer function (NTF) and low-
pass signal transfer function (STF). The architecture of the
mixed CT/DT, single-loop, 4th-order, 4-bit, audio-band †�

ADC with capacitor digital self-calibration is shown in Fig. 1.
This architecture allows for good control of the NTF as

well as for good control of STF by using the feedback coef-
ficient c1 and the feed-forward coefficients b1, b2, b3, b4. No
feed-forward coefficient is connected at the input of the mod-
ulator, leaving only the first CT integrator to load the audio
input. The integrator coefficients a1, a2, a3, a4 can be chosen
as freedom degrees so the designer can control these integra-
tor’s outputs within 20% to 80% of the voltage between ground
and the supply voltage when the ADC is not overloaded. Only
one feedback path connected to CT integrator is used in this ar-
chitecture. The feedback path for the CT integrator can be im-
plemented with current sources, which do not need reference
voltages and voltage buffers.

A digital decimation filter decimates and filters the high-
speed data stream of the modulator’s output, attenuates the
noise outside of the input signal bandwidth and changes
the modulator output sampling frequency down to the signal
Nyquist frequency. The circuit complexity of the digital dec-
imation filter is decided by its pass-band ripple coefficients,
stop-band attenuation coefficients and transition zone width.
In this paper, we design a digital decimation filter using a cas-
caded integrator comb (CIC) filter, a compensation filter and
two half-band filters that are cascaded together.

In baseline deep-submicron CMOS technology, RC time
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Fig. 1. Mixed CT/DT audio-band sigma delta ADC architecture.

Fig. 2. First order CT integrator.

Table 1. Architecture comparison.
Parameter Ref. [4] Ref. [3] Ref. [2] This work
Architecture Full-DT Mixed CT/DT Full-DT Mixed CT/DT
Chopper-stabilization Yes No No Yes
Quantizer 4 bit DAC 4 bit DAC 5 bit DAC arrays 4 bit DAC
Calibration Dynamic element matching No DSP calibration Capacitor digital self-calibration

constant in the first CT integrator varies significantly with pro-
cess, temperature and the period of the converter clock. The
RC time constant variations modify the †� ADC output spec-
trum in two different ways. Firstly, when the RC time con-
stant is too large, the quantization noise shifts to the bandwidth
and reduces the signal-to-noise ratio (SNR) performance. Sec-
ondly, when the RC time constant is too small, the loop fil-
ter becomes unstable because the noise transfer function is
too aggressive. In both situations, the in-band noise increases
and, consequently, the SNR decreases. Capacitor digital self-
calibration means are provided in this paper. The means are
arranged to estimate the band noise (IBN) from the filtered dig-

ital signals andmodify the value of the first integrator capacitor
until the IBN reaches minimum.

Table 1 shows architecture comparison between different
designs and this work.

3. Circuit design

3.1. CT integrator

An active-RC circuit is used for the first CT integrator,
which is shown in Fig. 2. This should be preferred for high-
linearity applications since the operational amplifier holds the

085004-2



J. Semicond. 2011, 32(8) Liu Yan et al.
voltage between its inputs ideally equal, turning the Rs resis-
tors into linear voltage-to-current converters. The DAC of this
CT integrator is implemented as a set of 16 current sources
controlled by a thermometer-coded, 16-bit word supplied by
the quantizer. The variable capacitance means consists of 8
couples connected in parallel and each comprising a capaci-
tor, with a chosen capacitance, and a two-sate switch mounted
in series with the capacitor. Each two-state switch is controlled
by one bit value of the control word generated by a CDS mod-
uleŒ6�.

A 4-bit feedback current digital-to-analog (IDAC) gener-
ates a 16-level feedback current which depends on the 16-bit
feedback signal supplied by the quantizer. An integrator inte-
grates a sum of the generated current and the input signal cur-
rent on a continuous-time basis. The IDAC has a first output
branch including a first biasing current source and a second
output branch including a second biasing current source. The
biasing current sources supply a bias current to a respective
branch of the IDAC to bias the input stage. The biasing current
sources are connected to the branches via chopping switches
which alternately connect the biasing current sources to the
branches in a first configuration and a second, reversed, con-
figuration. Additionally, the integrator amplifier can also be
chopper-stabilized.

The amplifier differential inputs are connected via chop-
ping switches. The outputs are also chopped via chopping
switches. The polarity within the amplifier alternates during
each of the two cycles of operation. This has the effect of swap-
ping the inputs and outputs between alternate cycles. The chop-
ping switches within the amplifier and IDAC can operate over a
wide range of clock rates. In general, the chopping switches can
operate at the same rate as the main clock for the sigma delta
modulator or at binary subdivisions of themodulator clock rate.

The Rs, Ci, and Idac of the first CT integrator can be cal-
culated according to the integrator coefficients a1, c1 and the
conversion from DT to CT. The conversion formula from DT
to CT is shown as

H.z/ D
1

z � 1
) H.s/ D

fclk

s
; (1)

where fclk denotes the DT integrator sampling frequency. The
transfer function of the DT integrator and the conversion from
DT integrator to CT integrator is calculated as
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With an ideal operational amplifier, the transfer function
of the first CT integrator is
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Fig. 3. Higher order SC integrators.

Fig. 4. Clock bootstrap circuit.

According to Eqs. (2) and (3), the Rs, Ci, and Idac can be
calculated by

Rs D
1

a1

1

Cifclk
; (4)

Idac D
c1

a1

1

RS
D c1Cifclk: (5)

The nine capacitors mounted in parallel together offer a
maximum capacitance value equal to 5/4 of a starting capaci-
tanceCi. The first of the nine capacitors has a value equal to 3/4
of the starting capacitance, each one of the eight other capaci-
tors has a value equal to 1/16 of the starting capacitance. The
CDS module may be arranged to generate a control word hav-
ing a first value corresponding to a first capacitance equal to a
chosen starting capacitanceCi with a chosen increase stepCi/4.
The starting capacitance Ci may correspond to a given spread
of the integrator RC product, the chosen increase stepCi/4 may
be equal to 25%of the starting capacitance. The decrementmay
be equal to Ci/16 of the starting capacitance, depending on the
process variation value, temperature spread and the final tar-
geted accuracyŒ6�.

3.2. SC integrator

The higher-order integrators are fully differential
switched-capacitor (SC) circuits, which are shown in Fig. 3.
They consist of sampling capacitors Cs, integrating capacitors
Ci and an operational amplifier.

One advantage of the SC integrator is the decoupling of the
input signal common-mode Vcmi and the operational amplifier
common-mode input Vcmo. The two values, Vcmi and Vcmo, are
independently set with Vcmi tied to the middle of the supply
voltage to take advantage of the rail-to-rail output capability of
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Fig. 5. Capacitor digital self-calibration algorithm.

the previous integrator while Vcmo has a low value falling in-
side the common-mode input range of the PMOS-input ampli-
fier. Another advantage of the SC integrator is the good control
of capacitor ratios. In a sigma delta modulator, the better con-
trol of each path gain means that the decrease of the modulator
performance can be minimized due to the impact of coefficient
deviation.

Because the modulator has only one feedback path con-
nected to the CT integrator, the higher-order SC integrators are
designed simply and do not need feedback sampling capacitors
or reference voltage.

In order to suppress distortion and noise, the sampling
switches have to offer a low on-resistance during the sampling
phase. Through the clock bootstrap circuit in Fig. 4, the gate-to-
source voltage of transistor M1 is bounded within VDD in the
sampling phase, and hence the on-resistance of the sampling
switch is linear, so reducing the signal distortion.

3.3. Capacitor digital self-calibration

The CDS algorithm arranged:
(1) To generate a first control word. (2) Then to estimate

in-band noise IBN(n) from the filtered digital signals and to
compare this in-band noise IBN(n) to the preceding in-band
noise IBN(n�1). (3) Then to modify the value of the control
word in order to decrease the capacitance of the CT integrator
when IBN(n) is small than IBN(n�1). (4) Then to iterate steps
(2) and (3) till IBN(n) is equal to or greater than IBN(n�1), and
to choose as a calibration control word value the value corre-
sponding to the preceding in-band noise IBN(n�1) in order to
set the calibration state of the variable capacitance means.

The IBN is estimated by calculating the variancePQ of the
filtered digital signals cm ˙ dm(n), defined by the following

relation:

PQ D
1

NS

NS�1X
nD0

jcm ˙ dm.n/j2 �

ˇ̌̌̌
ˇ 1

Ns

NS�1X
nD0

Œcm ˙ dm.n/�

ˇ̌̌̌
ˇ
2

;

(6)
whereNS is the number of samples used for estimation of IBN.

Amore detailed CDS algorithm is describedwith reference
to Fig. 5.

In the preliminary starting step 1, one specifies the num-
ber Ns and the length of two registers, A and B respectively,
intended for storing the current IBN estimate and the preceding
IBN estimate.

In step 2, the digital capacitor self-calibration module
(CDS) carries out a test to determine whether a calibrationmust
be started or not. If there is no need to start the calibration, then
the calibration algorithm ends in step 3, in which the CDS may
decide not to shortcut the differential input nodes.

If the calibration must be started, then in step 4, the CDS
may start shortcutting the differential input nodes. Then the
CDS resets the value of registers A and B and the value of a
counter, and generates a control word with a chosen first value.
The first value of the control word sets the capacitance value
of variable capacitance means to 5Ci/4.

In step 5, the CDS stores the value of register A in register
B, and increments the value of the counter by 1.

In step 6, the CDS estimates the IBN from the filtered dig-
ital signals.

In step 7, the CDS stores the estimated IBN value in reg-
ister A.

In step 8, the CDS carries out a test to determine if the
value of the counter is greater than 1. If this counter value is
smaller than 1, then the CDS comes back to step 5.

If the counter value is greater than 1, then the CDS carries
out another test in step 9 to determine whether the value stored
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Fig. 6. Hardware implementation of the CDS algorithm.

Fig. 7. (a) Layout of mixed CT/DT audio-band sigma delta ADC. (b)
Test board of mixed CT/DT audio-band sigma delta ADC.

in register A is smaller than the value stored in resister B. If the
A value is smaller than the B value, this means that the final
calibration value has not been found yet. Then the CDS carries
out step 10, in which it modifies the value of the control word
generated last in order to decrease the current capacitance value
Ci from a chosen decrement Ci/16. So each new capacitance
value Ci becomes equal to Ci � Ci=16. Then the CDS comes
back to step 5 for a new iteration.

If the A value is greater than the B value, this means that
the calibration value has just been passed. Then the CDS carries
out step 11, in which it chooses the value that corresponds to
IBN(n�1), stored in register B, as the final calibration value of
the control word. So it generates the final calibration value and
the calibration algorithm ends at step 12.

In order to implement such a variance computation, the

Fig. 8. FFT spectrum with –3 dBFS 3.35 kHz input.

Fig. 9. FFT spectra with noise.

CDS module is as shown in Fig. 6. The M1–M4 determine
the first member of the right part of the relation (PQ/ cited
above, the M5–M8 determine the second member of the right
part of the relation cited above and the combiner M9 subtracts
the value provided by M5–M8 of the second branch from the
value provided by M1–M4 of the first branch.

4. Layout and results

The mixed CT/DT audio-band †� ADC is fabricated in
an SMIC 0.18 �m one-poly four-metal CMOS process. The
chip area is approximately 2 � 2 mm2. The whole ADC chip is
shown in Figs. 7(a) and 7(b). The ADC chip includes a mixed
CT/DT modulator, the digital decimation filter and capacitor
digital self-calibration circuits.

Figure 8 shows FFT plot with a –3 dBFS 3.35 kHz input.
The SNR is measured to be around 100 dB. Figure 9 shows
the FFT plots with noise between using and no using chop-
per stabilization. The flicker noise of the ADC using chopper
stabilization is lower than that not using chopper stabilization.
Figure 10 shows the measured SNR and signal noise distortion
ratio (SNDR) for a 3.35 kHz input signal.

An example of calibration is illustrated in Fig. 11. The ex-
ample corresponds to a RC spread of 20%. The calibration
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Fig. 10. The measured SNR and SNDR.

Fig. 11. An example of calibration.

starts with a 25% increase of the starting capacitance Ci and
is followed by seven iterations, each corresponding to a de-
crease of the current Ci value by a decrement Cstep D 1/16, Ci
D 7.5%Copt, and ends by an increase of the Ci value by an in-
crementCstep. Within the variation of the RC spread of˙ 25%,
the algorithm can calibrate it to an appropriate value.

Figure 12 shows the measured SNR for a 3.35 kHz in-
put signal with and without using the capacitor digital self-
calibration algorithm. The proposed calibration algorithm can
compensate for the variation of the RC product in the CT in-
tegrator and improve of SNR. The peak SNR of 102 dB is
achieved in a 20 kHz signal bandwidth.

The figure of merit (FOM) of the converter is determined
as

FOMSNR D
P

2 � fB � 2.peakSNR�1:76/=6:02
; (7)

where P , fB, peakSNR, denote the power consumption, signal
bandwidth and peak SNR, respectively.

Table 2 shows a performance comparison between dif-
ferent designs and this work. The mixed CT/DT audio-band
sigma delta ADC of this work operates at 20 kHz signal band-

Fig. 12. The measured SNR with and without using algorithm.

Table 2. Performance comparison.
Reference Ref. [4] Ref. [3] Ref. [2] This work
Tech. (�m) 0.35 0.18 0.18 0.18
fB (kHz) 20 20 20 20
Power (mW) 68 37.3 34.7 30
Peak SNR (dB) 105 102 107.4 102
SNDR (dB) 100 95 102 99
FOMSNR (pJ) 11.69 9.06 4.53 7.29

width with 30 mW power dissipation and achieves FOMSNR D

7:29 pJ.

5. Conclusion

Measurement results show the mixed CT/DT audio-band
sigma delta ADC offers a better SNR and lower power
consumption. With such competitive advantages, the mixed
CT/DT audio-band sigma delta ADC will become a preference
in new audio-band ADC implementations.
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