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Abstract—A multibit continuous-time sigma-delta modulator,
where truncation error shaping and cancellation techniques are
applied, is proposed. These techniques are proposed in order to
reduce the number of levels in the feedback digital-to-analogue
converters and then eliminate the use of linearization techniques.
Mathematical analysis, advantages and obstacles are discussed
when two different coding schemes are employed in the 1st

feedback digital-to-analogue converter of the continuous-time
sigma-delta modulator. The proposed architecture is designed
and simulated considering a wireless mobile application.

I. INTRODUCTION

Continuous-time (CT) sigma-delta (Σ∆) analogue-to-digital
converters (ADCs) offer inherent anti-aliasing filtering and low
power dissipation which have made them very popular over
the last years. Besides these advantages, CT implementations
suffer from process variations, excess loop delay (ELD),
jitter sensitivity and, in the multibit case, non-linearity of the
feedback multibit digital-to-analogue converter (DAC). DAC
non-linearity creates harmonic distortion, thereby raising the
integrated in-band noise (IBN) and reducing the achievable
signal-to-noise-and-distortion ratio (SNDR). To counteract this
issue, linearization techniques are employed, which, in turn,
increases the area and power consumption, partially cancelling
one of the main advantages of CT Σ∆ ADCs.

II. PROPOSED CT Σ∆ MODULATOR

Primarily based on [1], several techniques have been pro-
posed for multibit discrete time (DT) modulators [2] [3] [4]
in order to simplify the linearization in the feedback DAC of
the 1st branch while still benefiting from multibit quantization.
These techniques reduce the number of bits in the feedback
DAC by truncating its least significant bits. The truncation
operation leads to a simplification, or even an elimination,
of the linearization technique, depending on the number of
remaining bits. Furthermore, the truncation error that arises
from such operation is filtered out of the band of interest
by using non-delaying digital Σ∆ modulators, and cancelled
at later stages. These processes are denominated truncation
error shaping and truncation error cancellation respectively and
their concepts have been thoroughly analyzed in [2] [3] [4],
thereby they will not be discussed here. Instead, this work will
focus on the technique to find the error cancellation transfer
functions as well as on the challenges and opportunities that a
CT implementation introduces. In order to illustrate this, a 2nd

H1(s)c1
-

H2(s)c2

eQ

DAC1

a1

DAC2

a2

d2

DAC3

a3

HT1

eT1

HTC1

HT2

eT2

HTC2

HT3

eT3

HTC3

b1

z-1

u(t)

- -

- -

HTg

HTCg
eTg

-

w(n)

v1(n)

D1 D2

Dg

D3

eTo

v(n)

HTo
Do

ADC

Digital Enhancement

v2(n)

3-levels

33-levels

Fig. 1. Proposed CT Σ∆ modulator

order 5-bit (33 levels) modulator with an oversampling-ratio
(OSR) of 16 targetting 65 dB SNDR over 10 MHz has been
chosen as design example. The proposed architecture is shown
on Fig. 1 and the application target is the mobile LTE radio.
Although there are other combinations of filter order, number
of bits and OSR that could provide enough SNDR to comply
with such requirements, the previous values were selected in
order to benefit from the multibit quantization and truncation
process while keeping a low sampling frequency due to the
wide bandwidth requirement. It is worth to notice that both the
analysis and the mathematical development should be easily
extended to different loop orders and quantizer resolutions.
In order to avoid any linearization technique and minimize
ADC’s area, the number of levels in the 1st feedback DAC of
the proposed modulator has been reduced to three. Further-
more, the minimum number of levels in the following DACs
which provides a negligible degradation in the SNDR and
dynamic range (DR) has been determined through extensive
simulations.
Digital enhancement through truncation error shaping and
cancellation has been introduced. As it can be seen in Fig. 1,
these techniques have been applied to each branch individually
and to all the branches as a whole by means of four digital



Σ∆ modulators, D1···3 and Dg respectively, together with their
corresponding truncation error correction blocks, HTC1···3 and
HTCg respectively. 2nd order truncation error shaping has been
employed in D1 and Dg as their output will contribute to
the error injected in the 1st feedback branch, while only 1st

order noise shaping has been used for the rest of the digital
modulators. Moreover, as the truncation error can exceed 0
dB with respect to the full scale input value (dBFS), extra
levels have been accounted for. In this example, the 2nd

DAC has 9 levels plus 4 extra levels while the 3rd DAC has
33 levels plus 8 extra levels. Finally, an extra digital Σ∆
modulator, Do, is used in order to reduce the number of bits
from the internal digital signal processor (DSP) resolution to
the original quantizer resolution of 5-bit and to shape the
truncation noise so as to be filtered, in the digital domain,
by the decimation filter.
As it is possible to appreciate, the number of levels in the
2nd and 3rd branch in the proposed modulator is comparable
to the traditional 2nd order 5-bit modulator. However, the 1st

branch will benefit from a substantial reduction in the number
of levels which will have a positive impact on the linearity
and also in the area and power dissipation.
Two cases are considered in this work. One case, denominated
NRZ, uses the non-return-to-zero (NRZ) coding scheme in all
its DACs. Due to the reduction in the number of bits in the 1st

feedback DAC, an increased sensitivity to clock jitter is ex-
pected when comparing this modulator against the traditional
approach. A second case, denominated SCR, is considered as
a possible approach to counteract the jitter sensitivity issue.
In this case, switched-capacitor-resistor (SCR) coding scheme
[5], with tp = td = 0.5 Ts, is used for the 1st DAC and NRZ
for the rest of the DACs.

A. Error Cancellation Transfer Functions

In this work, each truncation error cancellation function
is estimated by using impulse invariant transformation. This
transformation ensures CT to DT equivalence at discrete sam-
pling times at the input of the quantizer. Accordingly, the entire
corresponding CT-DT loop filter (LF) equivalent branches
must be taken into account. Using such transformation, the
noise transfer function (NTF) in a traditional Σ∆ modulator
is given by:

NTF (z) =
V1(z)
EQ(z)

∣∣∣∣
u=0

=
1

1 + LF (z)
(1)

where LF (z) is the CT-DT equivalent LF given by:

LF (z) =
i∑

k=1

LFk(z) (2)

where i is the number of feedback branches and LFk(z) is
the CT-DT equivalent LF of the kth branch given by:

LFk(z) = Z
{
L−1

[
FBk(s) DACk(s) e−s

]∣∣
t=n Ts

}
(3)

where FBk(s) is the equivalent feedback filter, DACk(s) is
the DAC impulse response of the kth branch and e−s is the

transfer function used to compensate for ELD.
The output for the proposed modulator, when only noise is
considered, is found by applying superposition and is given
by:

V2(z)|u=0 = EQ(z) NTFEQ
(z)

+
3∑

k=1

ETk(z) NTFET k
(z) NTFEQ

(z)

+ ETg(z) NTFET g
(z) NTFEQ

(z)

(4)

where NTFEQ
(z) is the NTF when only the quantiza-

tion noise EQ(z) is considered and is equal to (1) as
in the traditional case and NTFET k

(z) NTFEQ
(z) and

NTFET g
(z) NTFEQ

(z) are the NTFs when only their corres-
ponding truncation errors, ETkth(z) and ETg(z) respectively,
are considered and are given by:

NTFET1(z) = HTC1(z) LF2(z)−HT1(z) LF1(z) (5)
NTFET2(z) = HTC2(z) LF3(z)−HT2(z) LF2(z) (6)

NTFET3(z) = HTC3(z) z−1 −HT3(z) LF3(z) (7)
NTFET g

(z) = HTCg(z) LF3(z) z

−HTg(z)
3∑

k=1

LFk(z)
(8)

The loop filter coefficients for the NRZ and SCR coding
schemes have been extracted by mapping the LF (z) of (1) into
an ideal DT loop filter, LFDT (z). Here, a1, c1 and c2 were
given initial values while a2, a3 and d2 have been solved.
Using Maple symbolic engine, the value of each truncation
error cancellation transfer function has been obtained, by
cancelling the influence of its corresponding truncation error,
from:

NTFET x
(z) = 0 (9)

The values for the NRZ case are given by:

HTC1(z) =
a1 c1

2 a2

(
1− z−2

)
(10)
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β

a3
z−1 (11)

HTC3(z) = a3

(
1− z−1

)
(12)
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α− 4 a3 + 2 β

2 a3
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+
α + 2 a3 − 2 β

2 a3
z−3

(13)

while for the SCR case the values are given by:
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HTC2(z) =
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where

α = a1 c1 c2 (d2 + 1) (18)
β = a2 c2 (d2 + 1) (19)

and τ is the mean lifetime of the exponentially decaying pulse.
The previous equations can be easily implemented in the
digital domain and are more area and power efficient com-
pared to the linearization techniques for a 5-bit feedback
DAC. However, the truncation error cancellation functions will
depend not only on the coefficients that are in the branches
involved in the process, and the truncation error shaping
function, but also on the coding scheme used in the DACs.
This phenomenon may increase the complexity of the DSP due
to an increment in the data word size, especially for coding
schemes other than Non-return to zero (NRZ). Conclusions
cannot be given regarding this complexity compared to 5-bit
linearization techniques until physical implementation.

B. Simulation Results

Both proposed cases have been designed at behavioural
level using Matlab/Simulink environment and the critical non-
idealities have been considered and analyzed. A traditional CT
modulator with 5-bit feedback DACs has also been designed
for comparison purposes.
Histograms comparing the integrators outputs and quantizer
input of the traditional modulator against the proposed modu-
lator are presented in Fig. 2 with the value of each occurrence
expressed with respect to the full scale input value. As it is
possible to appreciate, both the integrators and the quantizer
show an increase in the processed signal amplitude. However,
the quantizer increment is relatively lower than the increment
in the integrators. This effect is due to the fact that the
truncation error injected by the 1st feedback DAC is gradually
cancelled in each subsequent branch. Therefore, the error
that will be processed by each integrator will be gradually
smaller. Moreover, even if the integrators suffered the biggest
relative increment, their signal swing is still well between the
boundaries of the full scale value. It is also worth considering
that the coefficients used in the traditional and NRZ case are
the same, providing a good insight when comparing the change
in the histograms due to truncation and error correction.
The SNDR versus input signal amplitude for the traditional
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Fig. 2. Histogram of integrators outputs and quantizer input for a traditional
5-bit modulator and modulators with truncation error shaping and correction
applied, SCR and NRZ cases, 2nd order - OSR = 16, at PSig = −3 dBFS
and fSig = 1/3 fB .

-80 -60 -40 -20 0
-20

0

20

40

60

80

Amplitude [dBFS]

S
N

D
R

 [
d
B

]

 

 

-3 -2 -1 0

70

75

SCR

NRZ

Traditional

Fig. 3. SNDR versus amplitude for a traditional 5-bit modulator and
modulators with truncation error shaping and correction applied, SCR and
NRZ cases, 2nd order - OSR = 16, at fSig = 1/3 fB .

and the proposed modulator is shown in Fig. 3 when only
thermal noise is considered. The peak SNDR is around 76
dBFS, 75.5 dBFS and 74 dBFS for the traditional, NRZ and
SCR cases respectively. The SNDR value for the NRZ case is
the same as for the traditional case until near full scale input,
where quantizer overloading occurs first for the NRZ than for
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Fig. 4. Jitter sensitivity for a traditional 5-bit modulator and modulators
with truncation error shaping and correction applied, SCR and NRZ cases,
2nd order - OSR = 16, at PSig = −20 dBFS and fSig = 1/3 fB .

the traditional case, due to the extra noise processed in the
former. The SCR case follows the same trend as the NRZ one,
but its peak SNDR is slightly less. Moreover, both proposed
cases show minimum degradation in the SNDR performance
when the number of bits in the 1st feedback DAC has been
reduced from 5 to 1.5, therefore eliminating power/area hungry
linearization techniques.
As it can be seen in Fig. 1, the ELD has been compen-
sated by inserting an additional feedback path before the
quantizer [6]. Although this type of compensation increases
the area and power consumption due to the extra DAC and
summation point, it is very robust and widely used, allowing
a compensation up to one clock cycle. Moreover, this extra
feedback branch can be also used for an extra truncation error
cancellation circuitry to further reduce the truncation error. A
feed-forward path at the output of the last integrator has been
added in order to counteract the increment in the output signal
swing that arises from this ELD compensation.
The clock jitter sensitivity for the traditional and the proposed
modulator is shown on Fig. 4. As expected since the number
of levels in the 1st DAC has been reduced, the NRZ case is
more sensitive to jitter than the traditional case. This issue
can be counteracted either by using a low jitter clock [7] or
a shaped feedback waveform [8] in the 1st DAC. Applying
the latter method, the SCR DAC, with an appropriate mean
lifetime, τ = 0.05 Ts [5], is able to provide a similar jitter
sensitivity as the traditional case.
A deviation in the filter coefficients has been introduced in
the behavioral model [8] to determine the sensitivity to process
variations. The simulation results presented in Fig. 5 show that
the proposed modulators have, as expected, similar behavior
as cascaded structures, due to the mismatch that is created
between the analog and digital transfer functions. In order to
keep the degradation within 1 dB, tuning circuitry, such as
[9], should be applied to maintain the process variation in the
range of 2%.

III. CONCLUSION

A multibit CT Σ∆ modulator with reduced number of feed-
back levels has been proposed and analyzed. The number of
bits in the 1st feedback DAC is reduced by employing trunca-
tion error shaping and cancellation techniques. The behavioral
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Fig. 5. Coefficient variation sensitivity for a traditional 5-bit modulator and
modulators with truncation error shaping and correction applied, SCR and
NRZ cases, 2nd order - OSR = 16, at PSig = −20 dBFS and fSig =
1/3 fB .

simulations results showed negligible degradation compared to
traditional multibit architecture. The critical non-idealities that
affect the performance in CT Σ∆ modulators have also been
considered when NRZ and SCR coding schemes are employed.
The behavioral simulation results show the effectiveness of
the proposed approach, which has comparable performance
with a traditional multibit architecture, but is more power/area
cost effective. Moreover, the use of digital enhancement makes
the proposed modulator especially suitable for the CMOS
nanometer technologies.
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