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Polyphase Decomposition for Tunable Band-Pass
Sigma-Delta A/D Converters
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Abstract—The use of the polyphase decomposition technique applied to the noise transfer function (NTF) of band-pass sigma-delta
modulators is introduced and theoretically analyzed.
Schemes for a second-order and fourth-order band-pass noise
shaping are discussed in detail. The method is usable for any
order but the analog inaccuracy limits its application. It is shown
that an extension to MASH conﬁgurations is possible. The method
allows tunability of the centre frequency over a wide frequency
range. Moreover, MASH schemes allow a rough-ﬁne tuning with
the rough tuning in the analog section followed by a ﬁne digital
adjustment. Simulation results verify the beneﬁts and outline
possible limits.
Index Terms—Band-pass, noise transfer function, polyphase decomposition, sigma-delta modulators, tunability.

I. INTRODUCTION

T

HE PRESENT trend in communication systems is to place
the ADC as close as possible to the antenna. This maximizes the signal processing in the digital domain and realizes the
so-called software deﬁned radio (SDR) [1], [2]. The very high
speed granted by scaling of CMOS nanometer technologies allows designing analog blocks running at GHz; this will lead,
in the near future to analog interface of wireless receivers just
made by an LNA and a band-pass ADC that will select the used
frequency band, as shown in Fig. 1. The ADC must be tunable
over a wide frequency range allowing the receiver to be able to
support multiple standards.
Band-pass sigma delta
converters are very convenient solutions because the shaping of the quantization noise
occurs only in the frequency band of the signal. The noise
outside that region is then removed in the digital domain. In

Manuscript received May 17, 2015; revised July 20, 2015; accepted
August 21, 2015. Date of publication December 02, 2015; date of current
version December 23, 2015. This work has been supported by Macao
Science and Technology Development Fund (FDCT/055/2012/A2). This
paper was recommended by Guest Editor J. M. de la Rosa.
D. Feng and S.-W. Sin are with the State-Key Laboratory of Analog and
Mixed-Signal VLSI and FST-ECE, University of Macau, Macao, China (e-mail:
fengda@gmail.com; terryssw@umac.mo).
F. Maloberti is with Department of Electrical, Computer and Biomedical Engineering, University of Pavia, 1-27100 Pavia, Italy (e-mail: franco.
maloberti@unipv.it).
R. P. Martins is with the State-Key Laboratory of Analog and Mixed-Signal
VLSI and FST-ECE, University of Macau, Macao, China. He is on leave from
the Instituto Superior Técnico/Universidade de Lisboa, 1649-004 Lisboa, Portugal (e-mail: rmartins@umac.mo).
Color versions of one or more of the ﬁgures in this paper are available online
at http://ieeexplore.ieee.org.
Digital Object Identiﬁer 10.1109/JETCAS.2015.2502158

Fig. 1. Software-radio receiver with a directly sampled band-pass ADC and
tunable anti-aliasing ﬁlter.

the literature there are many examples of
implementations [3]–[8]. They use various techniques to realize the BP
noise transfer function (NTF). Many of them are based on
the use of resonators that replace the integrators of low-pass
(LP)
architectures. The circuit implementations can use
the discrete time (DT) [9]–[15] or the continuous-time (CT)
approach [16]–[20]. DT architectures replace the resistors or
the transconductors used in the integrator with a switched
capacitor circuit. This ensures a better accuracy and linearity,
while speed and power are normally penalized. However, with
Si-CMOS nanometer technologies it will be possible to operate
DT modulators with very high sampling frequencies [21] that
are reaching the GHz range and this opens new possibilities to
band-pass DT solutions with band-pass response centered in
the many hundred mega-Hz or even giga-Hz range.
For software-radio applications obtaining tunability in a wide
frequency range is important. Also ensuring accuracy of the
band-pass frequency and having a solid link with the clock frequency is crucial. Conventional solutions control the band-pass
frequency by tuning resonators. However, the frequency shift
is limited because of the request on the quality factor Q of the
resonant loop [22]. Therefore, in practice, the maximum shift is
limited.
Changing
to
transforms the integrator block into
the resonator. The zeros of the NTF of a
modulator
move around
on the unity circle. The method, as we will see
shortly, is a simple implementation of the polyphase decomposition. The circuit uses two equal paths running at half of the
clock frequency. A possible mismatch between the two paths,
however, causes tones. An offset mismatch gives rise to a tone
at
, where
is the Nyquist frequency; a gain mismatch
determines a mirrored tone with amplitude
. Both
tones fall in the band-pass region. Timing mismatch imposes
mirrored tones that fall in the same locations of one generated
by gain mismatch. As shown in this paper, the choice of a proper
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The tunable resonator of (2) is obtained from the integrator
with one delay by the following transformation
(3)

Fig. 2. (a) Conceptual scheme of a band-pass modulator. (b) Typical STF and
NTF.

architecture leads to polyphase interleaved sigma-delta modulators mismatch-free, an important property that makes them superior to their conventional interleaved counterparts.
The class of architectures studied here does not use resonators
and avoids spur tones in the signal band. Those architectures are
based on the polyphase decomposition applied only to the NTF
of band-pass modulators (or to any other NTF responses). The
signal transfer function (STF) remains unchanged with respect
to the originating single path.
This paper is organized as follows. Section II recalls
conventional methods proposed in the literature. Section III describes the polyphase method for obtaining a desired NTF.
Section IV analyzes circuits used in the implementation;
Sections V and Section VI focus on low-order and high-order
architectures. Section VII presents polyphase MASH schemes.
Tunability is studied in Sections VIII and Section IX; Finally,
the conclusions are given in Section X.
II. TUNABLE BAND-PASS

ARCHITECTURES

A BP
modulator consists of a quantizer, a band-pass loop
ﬁlter
and a feedback digital-to-analog converter (DAC).
The conceptual scheme and the expected STF and NTF are
shown in Fig. 2 [23], the center frequency of the band-pass
loop ﬁlter correspond to the zeros of the NTF. The transfer function of a
modulator can be derived as
(1)
where
is the quantization error.
To realize a DT
modulator normally it ﬁrst starts
from a
prototype, then the integrators in the modulator
loop are replaced with resonators by an appropriate LP-to-BP
transformation. To design a tunable
modulator in this
way there are two possible transformation approaches, either
to change the loop coefﬁcients or to change the sampling frequency [24].
A. Changing the Loop Coefficients
In general, there are two types of architectures proposed to
change the loop coefﬁcients. First, using a DT loop ﬁlter based
on a tunable resonator expressed in the
domain as [25]
(2)
and 1, rewhere is the only tuning parameter between
sulting in the corresponding of the band-pass ﬁlter changing
from
to half of the sampling rate
.

where is the center angular frequency and is the bandwidth
of the pass-band.
This architecture is ﬁrst implemented in [26] using double
sampling techniques, then a tunable DT
modulator
based on the cascade of the tunable resonators with noise
coupled architecture to effectively increase the order of the
NTF by two was reported in [27].
Second,
modulators can also be implemented in
single-loop or cascade of the fundamental blocks with transfer
function
or/and
, including feedback, feedforward and hybrid topologies. There are three
generic DT topologies of a
modulator with such structure:
(a) Cascade of Resonators with distributed Feedback (CRFB)
[28]; (b) Cascade of Resonators with distributed Feedforward
(CRFF) [29], [30]; and (c) low-spread CRFF (LSCRFF) [31].
All three of them require that the input feedforward coefﬁcients
match the feedback coefﬁcients for a ﬂat STF, which imposes
difﬁculties in the control of the NTF when tuning the desired
by these coefﬁcients, although an automatic coefﬁcient
design methodology for such high-order
modulators
has already been proposed [32].
The approach of changing loop coefﬁcients, however, requires the use of a loop ﬁlter with order
- to achieve
-order noise shaping, thus introducing the stability issue. In
addition, a single biquad resonator requires two-amps, resulting
in poor power-efﬁciency.
B. Changing the Sampling Frequency
To overcome the limits from the approach of changing loop
coefﬁcients, another approach changing the sampling frequency
is used. A
modulator tuned at
can be designed from
its LP counterpart by the standard transformation
,
then changing the sampling frequency is equivalent to change
the . The scheme can be implemented by an interleaved twopath architecture [33].
Another solution is using the transformation
to change an th-order LP modulator into interleaved -path
structures, each path operated with a clock frequency
, to
realize the
-order
modulators [23]. This solution leads to
without introducing stability issues,
but suffers from tones mirrored in the signal band caused by the
offset, gain and timing mismatches among paths [34].
For the approach of changing the sampling frequency another
disadvantage results from the fact that it is not practical for a
wide tuning range. A wide tuning range means the switched
capacitor circuits have to adapt to a wider sampling frequency.
prototypes and transformation approaches aside, another way to design the
modulator is directly starting
from the synthesis of NTF [35]–[38]. The use of a novel NTF
synthesis technique, based on across-coupled two-path architecture, can obtain a mirror image free , which is far away
from
. The NTF synthesized in [36] is
,
where is the cross-coupled coefﬁcient. They set to 1, and
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Fig. 3. Architecture of the polyphase ﬁlter.

a band-pass response centered around
is implemented. As
mentioned, changing the sampling frequency to tune the center
frequency has a limitation, however, for this type of architecture, the tunability can also be obtained by adjusting . Since
the STF is just a delay in the NTF synthesis technique, which is
free of , it is easy to tune by a capacitor ratio.
On the other hand [36] is just a speciﬁc case. This paper will
propose a systematic approach using the polyphase decomposition of the NTF to design this kind of tunable
modulator
with cross-coupled -path architecture.

Fig. 4. Polyphase sigma-delta modulator.

Supposing that the th-order NTF of a given

(7)
its decomposition into the polyphase terms is

III. POLYPHASE DECOMPOSITION OF THE NTF
The polyphase decomposition is a technique used in signal
processing for operating a digital ﬁlter at a lower frequency
when compared with conventional architectures. For a given
decimation factor
the response of a th-order FIR ﬁlter

modulator

is

(8)
where

(4)
(9)
Let us deﬁne the following intermediate functions

is decomposed into

(10)
(5)
where
(6)
the number of terms of the addition is a integer, which is not
more than
to hold
. Fig. 3 shows a possible
architecture of the ﬁlter.
The polyphase decomposition can be used for determining
the requested NTF of a
converter. This would require an interleaved connection of modulators like the one of Fig. 3. However, the signal to be ﬁltered, the quantization noise, is generated
inside the modulator. The output equals the input passed through
the STF added to the quantization noise, that's supposed to be
white spectrum, passed through the NTF. A polyphase
decomposition applied to
modulators leads to M quantizers;
therefore, it is necessary to perform the polyphase decomposition of the NTF with
quantization noise sources.

where the sufﬁx indicates both the polynomial function and
the number of delays added by the block to the function
.
Notice that the STF is a delay. It ranges from
to
,
depending on how the deal of M clock periods available is distributed along the
loop.
Using the functions of (10) we obtain the polyphase version
of the
modulators shown in Fig. 4.
Each modulator generates the digital output and at the analog
output the quantization errors,
, and
. For example,
, multiplied by
is part of the digital output
. In the second path multiplied by
passes
through the
of the modulator and appears as part of the
output
, and so forth. Therefore, , as well as all the
other quantization noise generators, are processed as it is done
in the conventional polyphase scheme of Fig. 3.
The simplest case is when all the
are equal to 0 and
this is, actually, a plain time-interleaving of
architectures.
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Fig. 5. (a) Third-order

modulator. (b) Main and auxiliary inputs.

For example, the
that originates a bandpass response around half of the Nyquist frequency
can be
decomposed into two polynomials
and
.
The implementation is the time interleaving of two
realizing
the basic
.
Since high order
architectures are realized with the cascade of integrators, they allow multiple inputs for the quantization noise injection. For example, the third-order scheme of
Fig. 5(a), stable for three or more bit quantization, has three injection points. In addition, it is possible to inject the delayed
quantization noise before the quantizer, as Fig. 5(b) illustrates.
Since the transfer function from auxiliary inputs other than the
signal input and output are not the STF, the transfer function related to the used input must replace STF in (10).
IV. REALIZATION OF POLYPHASE
For a polyphase realization it is convenient to have an NTF
that suitably matches
. The use of blocks with transfer
function
and feedback leads to a useful set of
transfer function to match the required
. Fig. 6 shows
several possible options.
The schematic of Fig. 6(a) corresponds to a conventional ﬁrstorder
modulator. The one of Fig. 6(b) uses a block whose
transfer function is
with positive DAC feedback.
By inspection
(11)
which leads to the expected NTF of
. Similar derivations determine the NTF of other schemes in Fig. 6.
The functions of Fig. 6 are realized with conventional circuits. They are SC integrators for the
transfer
function
and similar integrators with two square
wave modulators one in front and the other at the output for
generating the
transfer function [36].
The circuit implementation of the ﬁrst term of
, can be problematic because of the time required by the
quantizer. Since the total delay available is one clock period, it
would be necessary to have a signal transfer function of each
path equal to
and to share part of this delay with the quantizer.

Fig. 6. Different alternatives of polyphase sigma-delta building blocks.

In Fig. 7 let us consider the
polyphase path. The available
clock period delay is divided into
between
the forward and the feedback path. The result is
and
. In order to realize the
term of the
it can be convenient to add
just before the
quantizer of the next path. Since it results at the output multiplied by the NTF it is necessary to compensate for the additional
term. This would be possible realized by the paths
in the grey blocks of Fig. 7. Since the
term is already
implemented, the rest of
becomes
(12)
that foresees suitable delays for an easy implementation.
The number of paths of the polyphase architecture depends
on the speciﬁc NTF and a trade-off between beneﬁts and costs.
For example, the NTF
(13)
can be realized with three paths whose NTF generates the
term and two cross coupled connections for the remaining
terms.
The
polyphase decomposition of (13) leads to

(14)
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Fig. 9. Second-order band-pass polyphase sigma-delta ADC.
Fig. 7. Additional paths (in grey) to implement the ﬁrst term of

.

poles on the unity circle form
to
.
corresponds to the low pass response. Since the STF is the one
of the generating
architecture, if it is just a delay, the tuning
of the noise shaping does not affect the signal and its amplitude
at the output remains unchanged.
The
polyphase decomposition of (16) leads to

(17)
Fig. 9 shows the equivalent block diagram, already imple. Each
mented and experimentally veriﬁed in [35] with
branch of Fig. 9 is a ﬁrst-order block with transfer function
. The feedback of the quantized signal obtains
for each path the following signal and noise transfer functions:
Fig. 8. A 3-path polyphase sigma-delta ADC.

(18)

One possible three-path polyphase implementation of the
third-order NTF of (13) is shown in Fig. 8 [39].
Higher order NTF like, for example
(15)
that leads to ﬁve zeros at
and one at
can be
realized by three paths giving
and
cross coupled branches that realize other terms.
For high order NTFs the sensitivity to coefﬁcients is high and
the method can become suitable for digital sigma-delta implementations.
V. SECOND- AND FOURTH-ORDER POLYPHASE
The NTF of a second-order
is

modulator with zeros at
(16)

where
. It is a single parameter for tuning the
band-pass frequency. Changing it from
to
moves the

; the cross coupled injection
The NTF is the required
realizes the second term of the polyphase decomposition,
.
Behavioral simulations conform the band-pass response.
Moreover simulations estimate the effect of the limitations
caused by non-idealities. Fig. 10 shows the output spectrum
for
that sets the band-pass frequency at
. The
resolution of the quantizer is 4 bits. A gain mismatch between
the channels gives rise to a tone at the mirrored frequency
, because the gain mismatch corresponds to a square
wave modulation of the input at the frequency
. The
spur tone is outside the band of interest, provided that
is
large enough to move the band-pass frequency sufﬁciently far
away from
. An offset mismatch only causes a tone at
, where
is the number of paths used. For two-path
architecture, it is
, so the offset mismatch is an irrelevant
limit in the case of Fig. 10.
The NTF of a fourth-order band-pass
modulator with
double zeros at
is
(19)
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Fig. 12. FFT spectrum of the modulator in Fig. 11.

Fig. 10. FFT spectrum of the modulator in Fig. 9.

Comparing (20) and (22) it results that
is missing
from the NTF. Moreover,
has a convenient expression for
achieving
. These two observations lead to the two injections, and one cross coupled branch, of Fig. 11.
The output spectrum of Fig. 12 for
and 4-bit quantization veriﬁes the fourth-order noise shaping. Even for this architecture a gain mismatch between the two paths generates a
mirrored spur tone. The simulation of Fig. 12 uses a gain error
of 0.02; the offset mismatch is an irrelevant limit as it leads to
spur tones at zero frequency and Nyquist frequency.
Another possible polyphase decomposition uses four paths,
in this case

Fig. 11. Fourth-order band-pass polyphase sigma-delta ADC.

with

polyphase decomposition expressed as

(24)

(20)
A possible generating block diagram is shown in Fig. 11 [36].
It uses a two-path polyphase decomposition. Each path is the
cascade of two blocks with transfer functions

whose equivalent block diagram can be derived with the
methods discussed above.
The tuning capability of the band-pass response depends on
the value of the parameters and its square value . In the
circuit implementation suitable capacitors realize these two coefﬁcients. The effect of a mismatch between them moves the
zeros of the
. This limit will be studied shortly.
VI. HIGH ORDER POLYPHASE

(22)

The method discussed for second and fourth-order band-pass
responses can be further extended to higher orders. For example, the use of the third-order scheme of Fig. 5 and a two-path
polyphase decomposition leads to a sixth-order band-pass
response. The NTF of the sixth-order
modulator with
zeros at
is

Moreover, the transfer function from the auxiliary input of
the second block to the output is

(25)

(21)
The signal and noise transfer function of the path are

(23)

with

.
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The
can be decomposed into two or four polyphase
terms for a suitable implementation using the methods discussed
above.
The issue, in common with any high-order band-pass
schemes that realize the resonant frequency based on the value
of the passive element, is the accuracy of the coefﬁcients. A
small change of them moves the zeros out of the unity circle.
Fig. 13 shows the position of zeros and the corresponding
frequency responses for a variation of 0.1% of the coefﬁcient
of
. The required accuracy makes it impossible to foresee
tuning because it is necessary to trim the value of used elements.
VII. POLYPHASE MASH
Multi-stage noise shaping (MASH) structures use the cascade
of
s to avoid problems related to stability. The outputs of a
cascaded modulator are combined to produce a digital signal
with high order noise shaping. The same method can be used
for polyphase band-pass architecture.
The quantization noise at each output of a polyphase
is
at the decimated frequency. At the input of the cascaded modulator there are
noise generators with one sample every
clock periods. As a result, the polyphase processing of all inputs
can be done in parallel. Supposing that the ﬁrst modulator has
used a
decomposition and that the cascaded modulator must
implement a
noise shaping, Fig. 14 shows the
MASH architecture. The ﬁrst modulator gives rise at the even
and odd output digital signals and the quantization errors. The
even and odd digital signals are

Fig. 13. Pole-zero plots and NTFs for polyphase band-pass
(a) with no
% mismatch of the coefﬁcient
mismatch; (b) with 0.1% mismatch; (c) with
.
of

(26)
where part of the noise shaping of the even quantization noise,
, exits from the even output, while the remaining part exits
from the odd outputs and vice-versa for the odd quantization
noise,
.
The outputs of the second modulator are

(27)
The digital processing block generates the two outputs
and
by time interleaving the even and odd data streams

Fig. 14. MASH band-pass polyphase architecture.

Since input and outputs are
(28)
moreover,

(30)
(29)

and
are
and
(
The power of
and
are the quantization steps of the quantizer in the ﬁrst
and second modulator, respectively), spreading over the frequency interval. This, because the noise power of the each time
interleaved term contributes with half of its
power to the
total.

combining the above equations, it results in

(31)
where, according to the deﬁnition of
and
and, for this speciﬁc considered
case,
.
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The following MASH processing
(32)
results in
(33)
leading to higher order band-pass noise shaping, as expected.
An implementation of the polyphase MASH is proposed in
[35]. It is a
MASH architecture, moreover, each stage is
a two-path second-order polyphase
modulator, which generates transmission zeros at 1/3 of the clock frequency, thereby
achieving a mirror image free band-pass response.
VIII. BAND-PASS TUNABILITY
Tuning a circuit requires changing its electrical parameters.
The operation is feasible when changing one or two parameters
with simple and easy to implement relationships. Since digital
sections often control tuning, the step of changes is quantized
and this must be small enough within the pass-band interval.
The centre frequency of the scheme of Fig. 9 depends on the
value of , a single parameter set by two capacitors that realize
cross coupled paths. The mismatch between nominally equal capacitors caused by technology inaccuracy introduces tones out
of the band of interest as veriﬁed by the simulations that lead to
the spectrum of Fig. 10. As a result, the second-order architecture is easily tunable.
The centre frequency of a fourth-order scheme depends on
two parameters,
and
. Unfortunately, their relationship is
not simple and tuning can require a look-up table that digitally
controls pair of capacitors. Since the values of capacitors change
in a discrete manner with the quantization interval
, also the
tuning parameters change in a discrete manner
(34)
where
and
are integer numbers. If the capacitor
that makes
is made by quantized parts, because of the
constraint of the second relationship in (34), the discrete values
of are only . The used technology determines the minimum
value. If
is 0.5 pF and
fF the number of selectable
frequencies over the entire range is only 20.
Using for the capacitor realizing
an approximated value,
(with rounded integer), splits the zeros. If the rounded
value is less than the nominal, the zeros still stay on the unity
circle; if higher, the zeros move in orthogonal directions. Consider, for example,
, realized with 88 elements of an
array of 100
. It originates a notch at
, but the value
of
must be rounded. If it goes to 0.77 the position
of zeros and spectrum look like what is shown in Fig. 15(a). The
response pops up between the split zeros and the expected SNR
becomes worse. With a
% bandwidth the SNR drops
from 87.6 dB to 79.8 dB. For lower bandwidth the loss is worse.
If the value of
is rounded to 0.78 the position of
zeros and spectrum become the ones shown in Fig. 15(b).
The method grants a full tunability over the entire Nyquist
range. However, the mismatch and stability requirements can

Fig. 15. Position of zeros and frequency response with rounded
(a) Lower than nominal. (b) Higher than nominal.

coefﬁcient.

limit the region of operation of architectures. Mismatches and
offsets generate tones and it is not recommended to use signal
intervals for which tones are not far away enough from the band
of interest. For example, a gain mismatch between the channels
gives rise to a tone at the mirrored frequency
. From
, we get that the modulator cannot be used for a
center frequency at
, so the tuning range of the modulator is
from DC to 0.5 without the range let's say 0.225 to 0.275
(depending on the considered bandwidth).
However, if such small limitation can be tolerated (depending
on application bandwidth requirement), then the polyphase
sigma-delta architecture can signiﬁcantly improve the sampling frequency (and thus OSR-bandwidth tradeoff) over the
single-channel technology limit, while completely insensitivity
to the very headache interleave-mismatch problems that is
always happening in the Nyquist TI converters. This is an
important advantage and indeed a very worthy trade-off.
IX. TUNABLE POLYPHASE BAND-PASS MASH
conThe main limit to the tunability of band-pass
verters derives from the use of multiple tuning elements
and their matching. The NTF of
architectures implemented by a cascade of resonators with transfer functions
is the product of the
s. The zeros
of the NTF are the superposition of complex zeros generated
by the resonators. The accuracy and the resolution depend on
the precision of the resonant frequencies. A shift in the same
direction shifts the NTF resonant value. Random variations
of the resonant frequencies enlarge the pass-band region and
diminishes the noise shaping. If, for example, two zeros at
deﬁne the resonant frequency and this is set with a
capacitor of 0.25 pF, an error of
fF splits the zeros by
% . With a clock of 4 GHz the split is 8 MHz.
The coefﬁcients of a polyphase decomposition globally deﬁne the NTF; a possible error in one of them changes all the
zeros of the NTF. For a fourth-order architecture and very small
errors the zeros can remain on the unity circle: for higher order
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the output and subtracting the result from the processed second
output in the digital domain. The cancellation relies on using a
digital shaping that matches the NTF of the analog circuitry. If
there is a difference, (33) should include an additional term (the
STFs are supposed to be accurate) and becomes

(35)
refers to the analog noise transfer function of the
where
modulator and
is the function used in the digital postprocessing. If the ﬁrst modulator is second order, with ideally
an
, the possible error is due to the
mismatch between the s and the additional term, limited by
, and it causes an unshaped leakage of attenuated by the
OSR ratio,
.
For a very large OSR and reasonable accuracy in the analog
the leakage can be acceptable. Therefore, being the shaping of
given by
, the result depends on the product of an
analog NTF and a digital function. The analog NTF can provide
a rough tuning by setting zeros on the unity circle around the
desired centre frequency, the digital function can set precisely
another zero at the centre frequency with a solid relationship
with the clock frequency.
Behavioural simulations of a fourth-order 4-bit
with
and the coefﬁcient of
equal to
leads to a
spectral response with split zeros centred around
and
separated by
(Fig. 16(a)). The use of that modulator after
a second-order scheme with the same determines after digital
processing the spectrum of Fig. 16(b). The zero of the second
order at
reduces the relative maxima at the two sides
by about 25 dB. That corresponds to more or less
-bit bonus
in a relatively wide range. For small bandwidths the bonus is
higher. Changing the value of in the digital processing moves
the centre zero but, as anticipated, a leakage of augments the
noise ﬂoor. A change of the digital by
% moves the centre
frequency by
but the increased noise ﬂoor almost ﬁlls
the notch, as shown in Fig. 16(c) and (d), leaving just 1-bit of
extra beneﬁt with respect to the four bits of relative maxima.
That is, for the considered design, the maximum range of ﬁne
tuning.
Fig. 16. (a) Noise spectrum of a fourth-order modulator with split zeros around
the notch frequency. (b) Noise spectrum of a MASH sixth-order modulator.
(c) and (d) Spectrum of the MASH with the coefﬁcient used in the digital
%.
processor changed by

the zeros deﬁnitely move away. Thus, ensuring a reliable tunability of polyphase
requires extremely high accuracy of
the components.
The use of band-pass polyphase MASH is the solution to the
limit because being a cascade of blocks, the MASH separates
the consequences of mismatch between elements in each modulator. In addition, the MASH architecture enables an interesting
feature: the possibility of rough-ﬁne trimming of the centre frequency.
A two stages MASH cancels the noise of the ﬁrst modulator, , by passing its through a second modulator, shaping

X. CONCLUSION
This paper proposes to synthesize the NTF of
modulators using the polyphase decomposition technique. The important beneﬁt, other than a reduction of operating frequency
in the processing paths, is that spur tones caused by interleaved
mismatch are far away from the signal band, thus ensuring a
virtual interleaved-mismatch-free operation. The technique can
be used for high order shaping and is suitable for MASH architectures. It is shown that at the cost of a limited noise leakage
the NTF can be rough-ﬁne tuned with the rough tuning established by the analog modulator and the ﬁne tuning embedded
in the signal processing required to enhance the shaping order.
The use of a ﬁne digital tuning with centre frequency linked to
the sampling frequency permits a careful selection of the desired
small bands.
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