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This paper illustrates the design methodology for analogue-to-digital
convertors based on bandpass sigma-delta modulation. A digital AM
receiver is used as the application to guide the design process.

Sigma-delta analogue-to-digital  convertors are widely used for high
resolution A/D conversion. The benefits of these oversampled noise-
shaping convertors include inherent linearity, reduced anti-aliasing
filter complexity, high tolerance to circuit imperfection and a system
architecture that lends itself well to switched-capacitor
implementation: see Candy and Temes (I), Norsworthy et al (2) and
Boser and Wooley (3).

Traditional ZA convertors place noise transfer-function zeros near
c+O in order to null quantization  noise in a narrow band around
DC. This noise-shaping concept was extended in Schreier and
Snelgrove (4) to the bandpass  case, wherein the noise transfer-
function zeros are placed at a non-zero frequency, city. Quantisation

noise is nulled in a narrow band around or0 so that the output bit-
stream accurately represents the input signal in this narrow band.

For narrow-band signals away from DC, the band-reject noise-
shaping of a bandpass  LA convertor results in high signal-to-noise
ratios at significantly lower sampling rates than required for lowpass
ZA convertors. An amplitude-modulated (AM) radio frequency
signal is eminently suited to this scheme, so an Ah4 receiver has
been chosen to illustrate the design process. The advantages of
using bandpass ZA in this application are many: the mixer stage
and IF amplifiers become unnecessary, resulting in a vastly reduced
component count; the use of digital signal processing makes
possible excellent selectivity and provides the means to cope with
multiple standards in stereo AM; and placing the analogue/digital
interface closer to the antenna results in a more robust system with
improved testability.

The application is a side issue, as this paper is really about the
&sign of bandpass XA convertors. Nonetheless, we need some
specifications to guide the design process. The commercial AM
broadcast band is 540 kHz to 1600 kHz, with stations occupying a
10 kHz wide band. Available AM receivers offer signal-to-noise
ratios of about 5 0  dB over a 60 dB dynamic range. Our system
should be designed for comparable performance

Figure 1 illustrates the essential features of an AM receiver built
around a bandpass XA modulator. The radio-frequency (RF)
amplifier amplifies the signal of interest and provides the requited
anti-aliasing. The bandpass XA modulator converts the analogue
signal to a high-speed bit-stream which is subsequently filtered and
subsampled by a narrow-band bandpass filter/decimator. The multi-
bit output of the decimator is passed to a digital signal processor

(DSP) for further filtering and decimation. The DSP must also
implement the appropriate demodulation algorithm.

The paper is divided into sections that reflect the various stages in
the design process. Section 2 discusses the design of signal and
noise transfer functions for bandpass  LI, and chooses the particular
modulator needed to fulfill our design goals. Section 3 discusses
circuit topology, and a structure is chosen that is insensitive to
circuit non-idealities. Section 4 examines some circuit-design
considerations, and presents simulation results. Finally, Section 5
discusses the decimation and demodulation requirements of the
system.

-FUNCTION DESIGN

The ratio of the sampling frequency to the centre frequency of the
modulator is the first design decision. Making this ratio large
increases the oversampling ratio (defined as one-half the sampling
rate divided by the width of the band of interest) and hence improves
the performance achievable by a modulator of a given order, but can
lead to unrealistically high clock rates. Making this ratio small puts

increased demands on the anti-aliasing filter. An additional
consideration is that ratios that are integers or fractions with a small
denominator allow for innovation in both circuit design and
decimation.

For the design at hand, a ratio of four is a good compromise, so that
the normalised center frequency is at XA. The sampling rate must
then be tunable over the range 2.16 MHz to 6.40 MHz which is
reasonable for switched-capacitor filters. This gives us an
oversampling ratio which increases from 108 at the low end of the
AM band (1.08 MHz910 kHz) to 320 at the high end of the band.

Since the normalised center frequency is zA, the first image that
gets aliased in-band is located at three times the current centre
frequency. When tuned to 540 kHz the first image is at 1620 kHz
which, by its proximity to the AM band, precludes the use of a fixed
anti-aliasing filter Thus the RF stage must be tuned in tandem with
the bandpass  modulator in order to provide the required anti-
aliasing. In  addition, as the modulator is tuned across the AM band
the relative bandwidth of the signal decreases from 2% to 0.6%.
necessitating that the DSP implement a variable-bandwidth filter

Replacing the quantiser with an additive noise source produces the
linear model of a XA modulator. In this model, the transfer function
from the noise source to the modulator output is called the noise
transfer function (NTF) and is the key parameter in a ZA modulator.

Table 1 lists the signal-to-noise ratios (SNR) of several bandpass
modulators operated at the low end of the AM band. The NTFs of
these modulators were second, fourth or sixth order, with zeros
placed either coincidently at Zh or optimally spread across the band



of interest to maximise the SNR, and were chosen to have a
maximum gain of less than 1.6 (4 dB). The maximum gain
constraint is a rule-of-thumb due to Lee (5) that tries to ensure the
stability of the resultant XA modulator, and for these four NTFs it
appeared to succeed.

Low-order transfer functions are preferable because they yield
simple modulators. Coincident zeros simplify the design process
and may allow innovative circuits to be used. However, with
standard switched-capacitor circuits, one can easily use optimised
zeros and gain an SNR advantage over circuits which implement
coincident zeros.

I4 1 coincident I

In our system, the RF amplifier is assumed to contain automatic gain
control (AGC), so that the dynamic range required by the bandpass
modulator is considerably less than the 60 dB specification.
However, if a strong station swamps the desired one, the AGC
cannot raise me power of the desired signal to 0 d.B. To allow for
this possibility, our circuit must possess an adequate SNR for a
range of signal levels. The fourth-order modulator with optimised

xeros gives greater than 50 dB SNR for inputs over a 30 dB range,
and this is deemed to be an adequate allowance for signal skew.

Setting B to zero and C to one makes the poles of A responsible for
the xeros of H. A must realise the transfer function I - vH in order
to give an NTF of H. The STF is DH, and by designing it to have
the same poles as H, the D block can share the hardware used in A.

The chosen NTF is displayed in Figure 2a as a pole-zero plot, and
in Figure 2b as a magnitude response. The response is band-reject,
has an approximately equiripple stopband  with 61.7 dB average
attenuation across the band of interest, and has an out-of-band gain
of 1.58.

A block realisation should be chosen such that the poles of 1- 5,

are insensitive to capacitor mismatch. Using the linear model, and
assuming; a noise spectral density of yj, an analytical calculation of

the in-band noise power, Ni , is possible:

.
2 3  The  Signal  Function

The goal in bandpass Z4 is to have a small value of Ni, and for
our modulator this figure-of-merit is -86.8 dB.

In the linear model, the signal transfer function (STF) is the transfer
function from the modulator input to the modulator output_ If the
STF is chosen to have the same poles as the NTF, some filtering can
be done on the input at almost no cost. The xeros of the STF are
chosen so that the in-band gain is flat and the out-of-band gain is
small. Constant m-band gain preserves the signal of interest while
small out-of-band gain improves the stability of the modulator by
effectively reducing the amplitude of out-of-band signals.

Figure 2a plots the poles and xeros of the STF, and Figure 2b plots
its magnitude response. The STF has four poles but only three zeros
due to our choice of the cascade-of-resonators structure discussed in
Section 3.2. The STF is bandpass, has a wide, flat (within 0.006
dB) passband extending well beyond the band of interest, and has
moderate out-of-band attenuation. The 0.5 dB out-of-band gain
peaks are an undesirable consequence of having only three xeros in
the STF.

The cascade-of-integrators structure shown in Figure 4 was used for
a spread-zero low-pass ZA system by Lee (5). The coefficients
Bj-4 set the zeros of the NTF, and the coefficients Al-4 set its
poles. To simulate the effects of manufacturing tolerances on
modulator performance, all capacitor ratios were randomly varied by
up to 0.5%. and Ni calculated. With this tolerance, fewer than 1%
of the perturbed modulators had Ni&O dB. This SNR degradation
makes the cascade-of-integrators structure unsuitable for our
narrow-band bandpass XA modulator.

The cascade-of- resonators structure shown in Figure 5 was used for
a spread-zero low-pass ZA system by Ferguson et al (6). The R
coefficients set the zero locations of the NTF, and the 6 and R
coefficients set its poles. With the same 0.5% capacitor ratio
tolerance, which is readily obtainable in current switched-capacitor
technology, 95% of the modulators had A’;<-83 dB. As for the
stability constraint, all the modulators tested had maximum NTF
gains below 1.61. These two facts indicate that the cascade-of-
resonators structure has adequate sensitivity properties for our
application.

In a switchedcapacitor circuit, capacitor ratios set the coefficients of
a structure. Mismatch in these ratios alters the NTF, which lowers
the amount of in-band noise attenuation and thus lowers the SNR. A
structure whose NTF zeros are insensitive to capacitor mismatch
will not suffer severe SNR degradation when fabricated

The general block structure shown in Figure 3 is able to realise
many of the present structures used for ZA. Replacing the quantiser
by an additive noise source allows one to find H, the NTF:

H ( z ) =  I-AB
l-AB-AC

One choice is B=-1, C=l, and A=H-I. This results in a
simple structure which yields many insights into the operation of a
IA modulator. However, it has poor sensitivity properties as the
xeros of H depend on both the xeros and poles of A.

One would like the xeros of H to depend on a single term in order to
minimise their dependence on circuit coefficients The numerator of
H can be made dependent on one term by setting either A or B to
zero Setting A to zero removes the modulator feedback term and
makes H=1, a useless result



A summary of the sensitivity analyses for the two structures can be
seen in the histograms of Figure 6. Each test examined a set of 5 0 k
perturbed modulators. It is clear that the cascade-of-integrators
structure is markedly inferior to the cascade-of-resonators structure.

Parallel form and the N-path technique have been considered as
possible alternative structures. However, parallel form is not
suitable as it represents a partial-fraction expansion of a rational
function, and thus cannot easily form the coincident or nearly-
coincident poles of H-f. Gregorian and Temes (7) have shown that
N-path realisations have excellent sensitivity properties for narrow-
band bandpass  filters and it has been suggested by Temes (8) that
they may yield robust bandpass EA modulators.

Capacitor ratios were chosen to correctly set the NTF and STF of
the cascade-of-resonators structure of Figure 5, and were then
adjusted to scale the circuit for maximum dynamic range. As the
bandpass &I concept is new, and the effects of clipping are not yet
understood, a conservative f--norm was used. Integrator output
swings were found for a variety of small inputs, and scaling was
based on the worst-case values, plus a 10% safety margin.

The scaled capacitor ratios are given in Figure 7 together with a
single-ended representation of the modulator. In this single-ended
circuit (with positive capacitors) the A coefficients can only be
positive as they are implemented with non-inverting feed-ins,
whereas the B and R coefficients can only be negative as they are
implemented with inverting feed-ins. These restrictions result in the
need for a differential design, which realises negative capacitor
ratios by making polarity-reversed connections to the differential op-
amp outputs. Clock phasing was chosen for compatibility with an
existing design.

Minimum capacitor sizes are determined by noise constraints. The
kT/C noise present on each switched capacitor is assumed to have a
white spectrum, and is spread from 0 to tt. As we are concerned
strictly with in-band noise, we gain an oversamphng-factor
reduction in this kT/C noise power. This allows the minimum
allowable capacitor size to be reduced by the same factor, and
proves to be an added benefit of oversampling. Additionally, certain
capacitors see noise-shaped transfer functions to tbe output, again
reducing noise power at the output and hence minimum capacitor
size. The result of these considerations is that the capacitors with the
largest contributions to circuit noise are in the first resonator: Cic,

Gil, CXI and C~I.

Maximum capacitor sizes are determined by bandwidth and slew-
rate constraints. Given specific op-amp performance, capacitors
must be small enough to allow sufficient amplifier settling.

4.3 Op-Amp DC Gain

Operational amplifiers with high DC gain are necessary to maintain
the desired transfer functions. Each resonator in our structure
includes two op amps and is responsible for a complex conjugate
pair of zeros of H. Finite op-amp gain in a resonator shifts both the
radius and the angle of these zeros, thereby reducing in-band
attenuation and increasing Ni. The poles of H also shift, but their
affect on Ni is minimal. For the modulator and structure under

consideration, finite 60 dB op-amp gain increases N$ by a

negligible 0.6 dB, whereas 50 dB opamp gain increases Ni by a
mote significant 3.8 d B

Satisfactory op-amp bandwidth and slew-rate performance are
necessary to ensure that sufficient settling occurs. For a given
capacitive load, fast settling requires large transistors and large bias
currents.

As is the case with lowpass EA convertors, it is possible that
integrator outputs will change by their maximum swing in each
clock cycle. Thus, bandpass EA convertors have settling
requirements that are no more stringent than those of lowpass EA
convertors.

The linear model predicts an SNR of 78 dB for a haIf-scale input
when tuned to the low end of the AM band. Under identical
conditions, a time-domain simulation of the ideal modulator shows
that the SNR is actually 84 dB. This discrepancy is due to the
inaccuracy of the assumption that the power spectral density of the
quantisation noise is fi at all frequencies

A simulation of the circuit shown in Figure 7 was performed using
the SWITCAP2 simulation program (Suyama et al (9)). Figure 8
plots the spectrum of the output bit-stream which clearly shows the
band-reject noise-shaping. Analysis on the bit-stream found an SNR
of 84 dB for the half-scale tone input which agrees with the previous
time-domain simulation.

As introduced in Schreier and Snelgrove (10). a complex modulator
and (multiplexed) complex lowpass filter can be used to achieve
reduction in the bit rate to a manageable level. In this scheme, the
bit-stream is modulated down to baseband by multiplying it by
-@Ve The resulting real and imaginary streams are then lowpass-

filtered using conventional means.

A band location of erc = XA makes this process particularly easy, as
the multiplying signal is simply

em@@ =(],(I,-I,0 ,... )+ j(0,-1,0,1,... ), (3)

so that the product is a pair of interleaved bit-streams, each with half
the bit-rate of the original stream These streams must be lowpass-
filtered and downsampled, and (11) provides a simple scheme for an
initial stage of decimation.

Further decimation is needed to reduce the bit rate to the Nyquist
rate. To maintain 14-bit accuracy, filtering must adequately reject the
out-of-band noise that will fold into the band of interest. A DSP can
be configured for this stage, and must be able to accept a variable-
rate input and must have adjustable lowpass filter bandwidth.

By using a DSP to do the last stage of decimation and demodulation,
one gains considerable flexibility since software can be used to
handle the multitude of standards present in AM stereo.

An AM receiver using an analogue-to-digital convertor based on a
bandpass  E4 modulator was designed. Simulations predict 14-bit
performance even in the face of circuit non-idealities. A solution to
the decimation problem is known and consequently no barriers to
the success of this circuit are anticipated.








