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ABSTRACT

In this paper we explore the limits of data rate or sample
rate reduction that can be accomplished by sharp cutoff band
limiting filters in a PCM data acquisition system. The
results with practical analog filtering techniques are
compared with those possible with digital filtering
techniques. A typical 2:1 reduction in telemetry bit rate is
shown to be practical using digital vs analog techniques.
The resultant sample rates as low as 2.5 times the filter
cutoff frequency has implications in the reconstruction
algorithms which are also discussed. It is shown that by
using practical and appropriate interpolation techniques or
sample rate multiplication processes the data fidelity can
be preserved. Thus the data user is assured that no
information is being lost.

INTRODUCTION

According to the sampling theorem, if an analog signal has
been sampled at the Nyquist rate or greater, the original
analog signal can be approximately reconstructed from its
samples by lowpass filtering. In spaceborne data acquisition
system design, keeping the sampling rate low is almost
always a desired goal but often it is compromised at five to
ten times the effective signal bandwidth because of many
limitations in the analog anti-aliasing and anti-image
filtering processes. Further reduction of the sampling rate
requires use of a high order anti-aliasing filter which can
be implemented only with significant increases in space,
weight, and power using analog techniques. This paper
presents digital anti-aliasing filtering techniques which
allow reduction of the sampling rate with minimum increases



in size, weight and power of the hardware. Using a finite
impulse response (FIR) digital filter, the sampling rate can
be reduced to about 2.5 times the signal bandwidth. The
digital anti-image filter or interpolation filter is useful
in the reproduction process if an analog outputs is to be
recreated. This is a counterpart of the analog smoothing
filter.

ANALOG ANTI-ALIASING FILTER

If an analog input signal is not bandlimited, the first
circuit required in the A-to-D conversion system is an
analog anti-aliasing lowpass filter whose sole function is
to limit the high frequency energy. This filter is also
called a presample filter because it is required before the
sampling process. This bandlimiting process is a critical
operation because, if any frequencies above one-half the
sampling frequency (which is known as the Nyquist frequency)
is sampled, these signals will be folded or Aaliased@ and
appear as signal contributions below the Nyquist frequency.
If the folded energy is above the cutoff frequency of the
smoothing filter which will be used in the final
reconstruction process, then this aliasing is removable and
will not distort the signal waveform. However, if the folded
energy is within signal bandwidth, then this folded energy
cannot be removed. Therefore, this type of distortion is not
correctable and should be avoided by using a proper anti-
aliasing lowpass filter.

Figure 1 shows the relationship between the sampling rate
and aliasing error when a Butterworth lowpass filter is used
as an anti-aliasing lowpass filter. Here we assumed that the
input spectrum is flat up to 100Hz but the signal bandwidth
of interest is from dc to lHz and the spectrum above lHz is
treated as noise. The reconstruction filter is assumed to be
an ideal brickwall type with a cutoff frequency of lHz. From
this figure we find that a 4-pole filter is necessary for a
sampling frequency of 5 times the filter cutoff frequency to
get 0.3% distortion level. To reduce the sampling rate to 3
times the cutoff frequency, the filter should be changed to
a 7-pole filter. In real applications, the noise or unwanted
signal energy is usually much lower than the energy of the
desired signal within bandwidth so that the sampling rate
should be determined considering a realistic spectral
distribution of noise.



Ideally, anti-aliasing filters should have a flat amplitude
response and a linear phase response in the pass band. The
linear phase response implies the constant group delay for
various frequency signals. The roll-off above the pass band
should be sharp so that the transition band between passband
and stopband should be narrow. However, it is not easy task
to design such an ideal anti-aliasing filter with a limited
number of components and other electrical constraints.

The Butterworth lowpass filter is widely used for anti-
aliasing purpose. The maximally flat response in the
passband is a merit. However, one problem with a higher
order Butterworth filter is nonlinear phase distortion near
the cutoff frequency. The linear phase response or constant
group delay response is essential if the input signal
waveform distortion through the sampling and A-to-D
conversion processes is to be minimized. For voice
communication applications, the phase distortion is mostly
ignored because the human ear’s perceptibility of phase
distortion is very poor. However, vibration and shock
measurements require in general a high accuracy in phase
information as well as the amplitude information.

The Bessel or Gaussian lowpass filter is known as a linear
phase or constant group delay filter. However, the amplitude
response is very poor compared to the Butterworth filter so
that it is difficult to achieve the low sampling rate with
this type of anti-aliasing filters.

In Figure 2 we present some simulation results with three
different anti-aliasing filters. The 5th-order lowpass
analog passive filter with a cutoff frequency of 1KHz is
simulated with two mixed sine waves(lKHz and 800Hz, each 1V
amplitude). The waveform (a) is an input signal waveform and
(b) is the output response of the Gaussian filter. Here we
see that the input waveform is relatively well reproduced in
the output. Waveform (c) is the case of the 5-th order
Butterworth lowpass filter. The waveform near the envelope
zero-crossing point has a significant phase distortion. More
severe distortion is seen in (d) where a 5-th order
Chebyshev filter( 0.28dB ripple) is used.

DIGITAL ANTI-ALIASING FILTER

If the sampled signal is to maintain a good phase linearity
and the sampling rate is to be reduced as close to the
Nyquist rate as possible, then a high order Butterworth



filter with an extra stage of phase compensation circuit may
be designed. However, if number of measurement channels is
very high as is usual telemetry applications and if the size
of the anti-aliasing filter is a critical design parameter,
then the use of the higher order filters become prohibitive
in many situations. That is why the sampling rate of five to
ten(or even higher) times the cutoff frequency is common and
the use of the high order anti-aliasing filter is not
popular in the onboard telemetry applications.

Digital filtering techniques, however, have opened a new
possibility for the anti-aliasing filtering process. Since
the finite impulse response(FIR) type filter provides a
perfect linear phase response with an arbitrarly sharp roll-
off amplitude response, it is very close to the ideal filter
for anti-aliasing lowpass filtering. The time sharing
capability of a digtal filter among many channels is
particularly attractive in multichannel application.

Since a digital filtering process is only possible after
A-to-D conversion, a simple RC type anti-aliasing filter may
be still necessary even if a high initial sampling frequency
is chosen. An example of a proper anti-aliasing filtering
strategy is illustrated in Figure 3. Let us assume a
bandlimited signal with a bandwidth of 100Hz and associated
noise signal has a single-pole type spectrum as shown in
Figure 3(a). We are interested in transmitting the filtered
signal with a sampling rate of 250 samples per second. We
may use an anti-aliasing filter consisting of one-pole RC
filter whose cutoff frequency is 100Hz. The lowpass filter
response and the filtered spectrum are shown in (b). Suppose
this signal is sampled with a sampling rate of 1KHz, then
the spectrum of the sampled data will be as shown in (c).
The digital anti-aliasing filter can be designed to remove
signal above 100Hz with a steep roll-off as shown in (d).
Now the sampling frequency can be reduced further. Fig. 3(e)
shows the spectrum when the sampling frequency is reduced to
250Hz. The sampling frequency reduction in this example is
implemented by simple decimation process in the FIR digital
filter which means that the filter computes only every 4-th
output so that a 4-to-1 reduction in sample rate results. A
typical FIR digital filter response is shown in Figure 4.

ANTI-IMAGE FILTER

To reconstruct the original analog signal from the sampled
digital PCM data, the D-to-A converted data should be



filtered by another lowpass filter. The role of this filter
is to remove the energy in the spectral images of the
baseband which appeared at multiples of sampling frequency.
In the time domain, this process is an interpolating or
smoothing process which reconstructs the waveform between
two adjacent samples. This filter is therefore called a
reconstruction filter or anti-image filter.

The distortion or error resulting from the reconstruction
process is another factor which should be considered before
determining the sampling rate at the input. If the sampling
rate is very close to the Nyquist rate, then a high order
anti-image filter is required to remove the image spectrum.
Insufficient amplitude roll-off will result in distortions
at the high frequency end. The nonlinear phase response of
this anti-image filter will cause additional distortions.

Use of the digital oversampling technique ahead of the
reconstruction process avoids the need for a high order
analog reconstruction filter and improves the reconsruction
accuracy. This technique is applied in digital audio system
such as compact disc players [1]. The oversampling process
is a sampling rate multiplier process. It is illustrated in
Figure 3(e) and (f). To increase the sampling rate by factor
of 4, three dummy samples with zero value are inserted
between two samples and this data is applied to the digital
anti-image lowpass filter. The filter removes the image of
base band appearing at 250Hz, 500Hz and 750Hz, so that the
filter output has a spectrum which is almost identical to
one shown in (d). Therefore the interpolation process is
possible in time domain.

In Figure 5 a simulation result is shown for a four times
oversampling process. A 63-tap FIR digital filter is
designed for an anti-image filter. The low rate sampled data
is made from a mixed sine wave (1KHz and 800Hz). The
sampling rate of 2.5K samples per second is used. Inserting
three zero-valued samples between each pair of input
samples, the sampling rate is expanded to 10K samples/sec
and this new sampled signal is filtered by the FIR digital
filter. The interpolated data is compared to the original
analog signal and the error is about 0.02% in this example.

HARDWARE CONSIDERATIONS

With presently available components including RAMs, PROMs,
and several varieties of DSP chips, the necessary filter



arithmetic hardware can be implemented efficiently. A
specific design used on the Titan Centaur Data Acquisition
System(DAS) provides sharp cutoff filtering capability for
up to 512 analog channels. The filter tap length is
independently programmable for each channel from N=24 to
N=224. Occupying a single module it represents about 2% of
the system volume [2].

CONCLUSION

Some problems with a high order analog anti-aliasing and
anti-imaging filter were discussed. It was shown that the
digital FIR filter provides an effective means to reduce the
sampling rate to near the Nyquist rate. The same type filter
can be applied to increase the sampling rate for the
oversampling process used in reconstruction. Since a digital
anti-aliasing filter can process many channels in the
multiplexed mode, size, weight, and power efficient hardware
can be implemented. The result is that PCM telemetry word
rate can typically be reduced by factor of two without
compromising data quality.
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FIG.1 EFFECT OF BUTTERWORTH FILTER POLES ON ALIASING ERROR



FIG. 2 ANTI-ALIASING LOWPASS FILTER RESPONSE



FIGURE 3 ANTI-ALIASING AND ANTI-IMAGE FILTERING PROCESS



FIG. 4 FIR DIGITAL FILTER FREQUENCY RESPONSE



FIG. 5 OVERSAMPLING PROCESS SIMULATION


