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ANALYSIS OF THE EFFECTS OF SAMPLING SAMPLED DATA

William T. Hicks, P.E.
DREXEL UNIVERSITY

ABSTRACT

The traditional use of active RC-type filters as anti-aliasing filters in Pulse Code
Modulation (PCM) systems is being replaced by the use of Digital Signal Processing
(DSP) filters, especially when performance requirements are tight and when operation over
a wide environmental temperature range is required. In order to keep systems more
flexible, it is often desired to let the DSP filters run asynchronous to the PCM sample
clock. This results in the PCM output signal being a sampling of the output of the DSP,
which is itself a sampling of the input signal. In the analysis of the PCM data, the signal
will have a periodic repeat of a previous sample, or a missing sample, depending on the
relative sampling rates of the DSP and the PCM. This paper analyzes what effects can be
expected in the analysis of the PCM data when these anomalies are present. Results are
presented which allow the telemetry engineer to make an effective value judgment based
on the type of filtering technology to be employed and on the desired system performance.
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INTRODUCTION

In a typical telemetering system, many transducers are signal conditioned to bring their
signal levels up to some standard level, then large numbers of these signals are multiplexed
into a single channel and encoded with an analog to digital encoder. In order for the
encoded signal to not have aliased signals introduced by the sampling technique, there
must not be any signal energy of sufficient level to be detected above one half the sampling
frequency. If the system noise is low enough and the transducer has an inherent mechanical
or electrical bandwidth that is below this point, then no further signal processing is
necessary. However, most signals have more bandwidth available than the desired half
sample rate, or they have out of band noise of a sufficient level to cause a problem.

In order to keep these signals from causing aliasing in the output, some type of additional
filtering is required on each channel. Traditionally this has been an analog six pole filter.



This gives 72 dB of attenuation at four times the 3 dB cutoff frequency, which is sufficient
for a 12 bit system. This filter then requires that sampling be done at eight times the filter
cutoff frequency to guarantee that no aliasing will occur. If the assumption is made that the
out of band energy is sufficiently below the maximum signal level ½ the sample rate, then
the full 72 dB of attenuation is not needed. It is then reasonable to sample at a slower rate,
such as five times the cutoff frequency. This last assumption has been found to be true in
many cases.

A newer approach to the problem has been to sample at a much higher rate than necessary
for aliasing, and only using a simple two pole filter to prevent aliasing. This is followed by
a DSP processor that digitally filters the signal to bring the bandwidth down to the desired
limits. The DSP has the added advantage of being able to inexpensively provide a much
higher order filter, such that sampling at just over the Nyquist rate of two times the highest
signal frequency is approached. This allows a reduction in total signal bandwidth or an
increase in the number of signals that can be monitored in a fixed bandwidth.

In order for the DSP filter to work best, it must be slaved to the system sample rate, so that
all high speed sampling before the DSP filter is at some multiple of the system sample rate.
One way to accomplish this is to limit the system sampling rate to a few values, thus
defeating the usefulness of the bandwidth reduction. A second method is to flag each
sample as to whether it is a new point or a repeat of a previously read point. This requires
the system to sample at a slightly higher rate then the DSP and for the ground station
computer to process the flagged data by deleting the redundant data. A third method is to
generate custom filter tables for each channel on the aircraft. This requires the logistics of
generating each filter table (typically 500 to 1000 coefficients per filter), keeping track of
each channel, and all updates.

Because of these problems, some designs are being done without synchronizing the system
sample rate to the filter sample rate. This introduces additional system errors, which is the
topic of this paper.

SYSTEM DESCRIPTION

The system being evaluated consists or one sample rate for the final filter stage of the
DSP, and a slightly higher sample rate for the DSP output to the system. From an analog
standpoint, this would be similar to using an analog filter followed by a sample and hold
amplifier sampling at a slightly lower and asynchronous rate to the system sample rate.



TEST METHOD

In order to study the problem, and try and put some magnitude to the problem, I first
generated correctly sampled sine waves at a fixed rate, then periodically doubled some
samples at a fixed repetition rate. The output of this process was then run through an FFT
to get a plot of the new signal and any new spurious signals present. This was repeated for
various initial sample rates and final sample rates to try and get some idea of how much of
a problem exists. All tests were done on a one Hertz signal in order to reduce the number
of variables. For any other frequency, linear scaling can be used.

The FFT used was windowed with a “minimum four term cosine” window, which gave the
best frequency resolution of the windows available to me.[1]

RESULTS

The data is summarized in table one. By observing the location of the error terms, it is
found that the error terms (Fe) appear at frequencies that are related to the input signal
(Fi), the DSP sample rate (Fd), and the output sample rate (Fo) as follows: Fe = (Fo - Fd)
+/- Fi . This gives error signals that can be both above and below the input signal
frequency. In fact, by careful alignment of the three terms in the equation, a DC term is
generated. The second major observation is that the signal levels are not insignificant,
ranging up to only 8 dB below the input signal. In fact, in the case of an input signal close
to the cutoff frequency, the error signal level is the highest, defeating one of the purposes
of using DSP filters, that of getting very sharp cutoff filters to reduce bandwidth of the
sampled output. The only two general observation on the spurious signal amplitudes are
that the closer in frequency the spurious signal is to the input signal the higher the
amplitude and the fewer the quantity of spurious signals the higher the amplitude.

To analyze the problem mathematically, first a model of the problem must be obtained.
Defining the terms as above, the sample and hold function is A*sin(n*2*B*Fi/Fd), where
“A” is the input signal peak amplitude and “n” is the DSP sample number (O<n<N-1) and
N is the total number of samples. This is multiplied by the delta or impulse function
*(t-n/Fo), which samples the first function at the higher Fo rate. A Fourier transform can
be done on this signal to get to the frequency domain. The final equation for the frequency
domain is:
X(f) = E  = 0 to  {A*sin(n*2*B*Fi/Fd)**(t-n/Fo)*exp(-j*2*B*f*n)}n

N-1

Using the above equation, a set of sample data was operated on and analyzed using the
program “Matlab”. The same results were obtained as using the FFT function of the
“DSPworks” program.[2,pp10-30;3,pp48-51]

 



TABLE 1
SUMMARY OF TEST RESULTS

Notes for table one:
All frequencies are in Hertz
All attenuations are in dB referenced to the 1 Hz level (Fi)
Fd is the DSP sample rate, Fo is the system output sample rate, and Fe is the error signal
frequency
Error signals are from the FFT plots, and indicate only error signals within 72 dB Fi (12 bit
system)



The graphs in figures 2 - 5 represent the extremes of the 12 graphs generated to produce
table 1. Figure 1 is presented as a comparison.

FIGURE 1 (FD =5, FO = 5)
UNDISTORTED SINE WAVE

Notes on all figures:
Vertical scale is in dB
Fd is the DSP sample rate and Fo is the system output sample rate



 FIGURE 2 (FD =4, FO = 5)
SIGNAL CLOSE TO CUTOFF WITH LARGE RE-SAMPLE RATIO

FIGURE 3 (FD =4.75, FO = 5)
SIGNAL CLOSE TO CUTOFF WITH SMALL RE-SAMPLE RATIO



 FIGURE 4 (FD =40, FO = 50)
SIGNAL MUCH BELOW CUTOFF WITH LARGE RE-SAMPLE RATIO

FIGURE 5 (FD =47.5, FO = 50)
SIGNAL MUCH BELOW CUTOFF WITH SMALL RE-SAMPLE RATIO



 CONCLUSIONS

The limited tests that were run to check the usefulness of non-synchronized DSP filters in
Telemetry systems indicates that there can be serious consequences of using this practice. If
the signals being analyzed are to be analyzed for frequency content, there will be a large
blurring of the spectrum due to the inter-modulation of the input signal with the two sample
rates. Unless the input signal is known exactly, the removal of the output error signals would
prove to be extremely difficult, if not impossible. For this technique of non-synchronous
sampling to be of value, the frequency content of the output must not be of primary concern,
and the noise generated by the error signals must be of a level lower than the signals of
interest.
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