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Host oversampling D-aA converter manufacturers
racommnend the use of a simple 1st order filter in
order to implement anti—aliasing protection. A
demonstration. using both theory and experimentsl
work, is given to prove that for demanding
professional applications. this is not enough. A

corresponding filter selection criteria is derived.

0 Introduction

With the traditional approach of using Nyquist
sanpled multi-level quantizer A-D converters, highly
complex analog filtering was needed on the converter
input in order to avoid aliasing problems. Typically,
a 1llth order Chebyshevy filter was employed., lsading
to sesvere phase problems in the passband. More
recently with the advent of oversampled converters.
filter requirsments were considerably relaxed, for
exanple to a 7th order Butterworth to provide
protection to a 2X oversampling converter [1]. Latest
developments on one-bit guantizer converters smploy
still larger oversampling ratios., 64X being typical.
Manufacturers of such integrated converters are
unanimous in saying that & single R-C 1st order
filter placed at the converter input is snough in
order to offer sufficient anti-aliasing protection

[(11021031[4].

1 Nyquist rate converters

Basically two groups of A-D converters exist. The
first of the groups employ Nyquist rate conversion.
This means that input signals are sampled at a
frequency fg. fact which restricts the naximunm

available bandwidth for input signals to about
fN=fg 2. fN being called the Nyquist frequency. As
eaxanples of this converter group we have the
conventional successive approximation. flash and
doubls integration converters. All esmploy quantizers
with a pPrecision sgquivalent to the requiresd
pearformance. Process of the conversion is as outlined

in rig. 1. e nature oI SAanpling 1s SsguaivalesEnst Lo
multiplying the input signal by an hypothetical
carrier signal having fregquency components nfs, where
n=0. infinity. This in turn implies that input
signals in excess of the Nyquist frequency will be
samsn at the output as sum and difference components
relative to the f requency of the hypothetical
nodulated carrier. The difference components may have
frequencies that fit in the baseband and create
components unrelated to the useful input signals,
that appear a=s gross distortion. intolerable to the
@ar, and known as aliasing distortion. To prevent
this, baseband signals nust be strongly low-pass
filteresd. This implies that a guard bandwidth must be
created betwesn the mnaximum allowable freguency in
the bassband and the Nygquist frequency fy. and that

the filter has to reach an attenuation egquivalent to
the required precision at fy. Normally this leads to

the use of a very steep filter of the elliptic type
with poor phase and transient response
characteristics. lLet's take a tvpical example for the
sake of clarity:

If the sampling frequency of a 16 bit converter is
48kHz (widely used for professional applications) and
the usmsable bandwidth is to be 20kHz, fy will be
24kHz. The filter must pass intact (or say. not to
attenuate mores than 0.1dB) a 20kHz signal. but nust
attenuate a 24kHz signal by about 96dB., coming from
the following formula:

1) Att=20logipg(2—n)

vhers n is the numbsr of bits. The process is
pictured in fig. 2 and will need for an elliptic
filter of 11th order. bearing a net 700 degress phase
shift at 20kHz. This is of course unacceptables by
present quality standards.

2 Oversampling converters

The second group of converters work by sampling the
input signal at a multiple of the sampling frequency
usmd by the Nyquist criteria. In this case, no guard
band is nescessary, because the distance betwesn the
baseband and the aliased frequency bands will be
greatey and directly proportional to the oversampling
ratio. Anti-aliasing filter regquiremsnts can thus be
considerably relaxed., conducting for example to a 7th
order Butterworth for a 2X oversampled converter.
Modern oversampled converters employ 64X oversampling
[3]1[4][5]. and since the distance between the usable
20kHz bandwidth and the first aliased frequency band
is 8o great that manufacturers recommend the use of a
single low—-pass filter at the input to do the anti-




aliasing job. All the converters in reference use
noise—-shaping techniques and a 1-bit gquantizer

inserted into an integrating feedback loop. which
conducts to great amounts of out-of-band noise that
must be filtered out . Anti-aliasing is partly

ef fected through the decimator filters, usually of
the FIR type, which are optimized both to reduce the
sample rate and to provide the necessary noise and
anti-aliasing rejection. Amplitude and phase response
can be made arbitrarily flat., depending on filter
complexity.

3 Anti-aliasing filtering considerations

It iz normally assumed when a single pole lowpass
anti—-alimasing filter is specified that internal
digital filters will provide the necsssary rejection
for signals relatively near the baseband. leaving the
rejection to signals far from the baseband to the
single—pole filter.

Vhen there are no signals present with significant
snergy at fregquencies near the sampling frequency the
assumption may hold. Hovever, 1f we consider a
professional system working at 48kHz using a 64X
oversanpling converter and under common broadcasting
conditions or in the vicinity of other digital
devices, we immediately will revise the previous
assumption and will face the necessity of ensuring
the required performance under worst—case conditions.
Filters used for decimation purposes are sampled
filters. It appears that at least a part of the
filters built in the currently available noise—
shaping converters are of the comb—-filter type,
requiring no mnultiplications, followed by a more
steep FIR. Their response may be optimized to afford
the necessary rejection just leaving the usable band,.
but have the drawvback of not rejecting very well the
alias=d bands in the wvicinity of integer multiples of
fs. Thus, if the nesded anti-aliasing rejection mnust

come exclusively from the analog input filter, the
requirements will be the following:

Filter passband (—0.1dB)=fp
Filter transition band=nfg-2fpg, vhere n is the

oversamnpling ratio
Attenuation in the stopband= as given per squation 1

Iet's take our 20kHz. 16 bit converter already used
on the previous exanpls, this time using 64X
oversanpling. Requirements as above stated conduct to
a S5th order Bassel filter with 30 degrees mnaximun
phase shift at 20kHz. The filter is not too complex
and will ensure a good performance. If the designer
vants to avoid the complexity and the added noise
coming from the 2 operational amplifiers needed to

3

implemnent Tne oTn oraexr Lllliex uslily (=] Yoy
configuration. a 3rd order Butterworth will do the
job. conducting to 105dB rejection at the wvicinity of
the sampling frequency. sand an added phase shift of
60 degrees at 20kHz. Cutoff of this filter should be
placed at 44kHz, in order to introduce -0.05dB of
attenuation at 20kH=z.

Howvever. sometines the used internal chip
architectures do provide some ussble rejection for
signals in the wvicinity of fg., coming from internal
filtering. In that case. the only modification that
is necessary is to deduct the rejection provided
internally from the calculated attenuation value.

4 Experimental work

Ve took a converter of the type mentioned in [4] and
procesded to investigate its behavior using an nfs of
128kHz. which corresponds to a net fs on the output
of 2kHz. The reason to use such a lov sampling rate
is that it iz extremsly easy to generate wvery pure
sine waves which fresgquency is in the wvicinity of nfs,
and the fact we are rmlatively free from the
axtensive shimlding needed to opasrate a converter st
3.072MHz., nemded for a net 48kHz output sampling
rate. The price to pay is a strong degradation of the
distortion specifications for in—band signals,
probably coming from the use of a switched—capacitor
integrator in the quantizer f medback loop.
Degradation is thus the consequence of operating the
chip clearly out of the reacommended operating
conditions., leading to about 9% THD at 100Hz., as
pictured in £fig.5.

Ve then proceeded to calibrate the converter in terms
of amplitude and injected in its input a 127900H=z
sine wave near 100% full scale, to observe its
behavior in terms of aliasing. An FFT was performed
on a PC directly from tha digital output of the
converter. using a 24 bit fixed-point DSP as both a
signal acquisition system and as an accelerator.
After obtaining the results directly from digital
domain analysis, they were confirmed by converting
the digital signal to analog. which was then passed
to an eaxternal mneasurement systenm. Results are
depicted in fig. 6. and showv a clear 100Hz component
at -55dB.

To work under the conditions stated above., we needed
a filter with about 41dB of rejection at that
frequency in order to mest a 16 bit performance
specification. A 2nd order Bessel filter would mneet
thozse attenuation regquirenents, introducing
negligible phase distortion, but a simple R-C filter
would not do the job. as shown in fig. 8, leading to
only about 20dB attenuation at the working frequency




1f ampiitude degradatlion 1n the Daseband 1S Kepit at —
0.05dB. as shown in fig. 7.

A more reliable solution is to filter at 2. 2kHz using
a 3rd order Butterworth, as described in the prewvious
section. The alternative plots show the filter
performance both in the baseband (fig. 7) and in the
full bandwidth of interest (fig. 8). Results are as
expected, being supsmrior to the needed rejection.

5 Conclusions

After considering the available converter types and
their reaspective anti-aliasing regquirenents,
aestablishing SOme guidelines for anti-aliasing
filtering and confirming the assumptions through
experimental work, we conclude that the conditions of
actual operation of analog to digital converters have
to be carefully considered in order to make a sound
choice in what concerns input anti-aliasing filters.
It was also shown that regquirements for the new
oversanpling converters are not radically different
from the ones for conventional converters. What
really differs is the spscing between the baseband
and the samnpling frequency. leading to lower filter
orders, but not alvays to the single-pole filtexr
simplicity.
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Frequency response of anti-aliasing filters up to fg






