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RESTORE PCM TELEMETRY SIGNAL WAVEFORM BY MAKING
USE OF MULTI-SAMPLE RATE INTERPOLATION TECHNOLOGY

Song Peng
China Luoyang Optoelectro Technology Development Center

ABSTRACT

There are two misty understandings about PCM telemetry system in conventional concept:
Waveform can not be restored accurately; to be restored accurately, a measured signal
must be sampled at a higher sample rate. This paper discusses that by making use of multi-
sample rate DSP technology, the sample rate of a measured signal can be reduced in
transmission equipment, or system precision can be retained even if the performance of
low pass filter declined.
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1 INTRODUCTION

PCM telemetry system samples measured multi-signal by making use of interval sample in
times and transfers, instead of transfer continuously like frequency division system. The
theoretic base of PCM telemetry system is sample theorem. There are two vague
understandings about PCM telemetry system in conventional idea: the first one is that
PCM telemetry system can not restore signal waveform accurately. For example, it can not
accurately restore the rise time�the peak of a signal; the second one is that in order to
acquire certain accuracy, high sample rate must be adopted, or high precision filter must be
required. The former is due to the vague understanding to sample theorem, the reference
literature (1) has explained this problem in details. The latter is mainly refers to signal
waveform restoration. When a DSP, such as frequency spectrum analyzing etc, is made,
since the low pass filter (LPF) is not used, there is no problem of restoring waveform.
Table 1 shows the test result based upon a PCM telemetry system.

F (Hz): measured signal frequency
n (multiple of measured signal frequency): sample rate
U i•V rms•: input voltage of measured signal
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U o•V rms•: output voltage of measured signal
••percentage•: system error between output and input

Table 1 is a result by the radio channel within a near distance. To prevent the system or
radio channel from potential interference, a sine wave with single frequency is sampled by
S/H circuit and then fed to a LPF directly (the same LPF is used with table 1). Table 2
shows the test result. Each parameter has the same meaning with Table 1. Certain
regularities can be drawn from Table 1 and Table 2.
1 The common point: As the sample rate increases, the precision increases.
2 The different point: system error of Table 1 is higher than that of Table 2. This

difference is due to the quantity error.

According to Table 1, the sample rate must be as high as eighty times above the frequency
of measured signal in real applying, but this is not feasible in real engineering applying.
Trial and analyses indicates that precision decline is caused by LPF performance. The LPF
attenuation characteristic is 24dB/oct, When the frequency of measured signal is 2kHz•the
sample rate is 3.2 times. Then the sampled signal spectrum is a periodic signal that has
spectrum at 2kHz•4.4kHz•8.4kHz…. With the above LPF, suppose the cut-off frequency
of the LPF is set to 1.5 times of the frequency of measured signal (3kHz), the nearest
spectrum of 4.4kHz is theoretically attenuated to 0.217 time and the spectrum of 8.4kHz is
attenuated to 0.01 time. It is apparent that the most significant system error is caused by
the nearest spectrum and the induced error is up to 21.7%. It should be noticed that if
several spectra affect signal, the errors can not be simply algebraically summed up because
of their different phases. Nowadays, some special LPFs have high attenuation of 96dB/oct
(see literature (2)). This kind of LPF can attenuate the nearest spectrum to 1/1200 with 2.56
times sample rate, correspondingly, the restored signal waveform has high precision. Yet
this demands a high filter performance and it does not bring about convenience to data
process. This paper demonstrates a method that restores signal waveform by making use of
multi- sample rate DSP (interpolation) technology. Not only can waveform data of a
desired point be calculated, but processed digital signal can be displayed to CRT as well,
the waveform can be restored by hardware either. The method demands a low filter
performance.

2 SAMPLE THEOREM AND PCM TELEMETRY SYSTEM

Different multi channels signals are distinguished by time in PCM time divide multiplexing
(TDM). Its principle is based upon sample theorem --- the theoretic base of processing
analog signal in digital method. Mathematics expression of sampling theorem is:
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Where s (t) is original analog signal, s (kT) is sampled data at (kT) moment. The
expression
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is the impulse response of a ideal LPF with cut-off frequency f N=1/2T.

Expression (1) indicates that analog signal can be restored at the filter output after sample
data series has been inputted to a filter with the same h (t) as shown in expression (2).
PCM telemetry system restores TDM multi-signal just by making use of sample theorem.
Since ideal LPF is not available we must search for ways which are easy to achieve under
requested precision.

3 MULTI SAMPLE RATE DSP

One important content in multi-sample rate DSP is the interpolation•the decimation of data
and the arithmetic study. Interpolation principle is mainly introduced here.

First of all, interpolation by an integer factor is introduced. Interpolation by an integer
factor is defined that (I-1) sample data are inserted between two adjacent sample points.
Because the (I-1) sample data are unknown, it appears to be very complicated.
Theoretically, a known sampling serial x n T( )1 1  can be converted by D/A to original analog
time function x t( )  and this x t( )  is sampled at a high sample rate to y n T( )2 2 , Where

                          IT
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1
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I is called interpolation factor, which is an integer greater than 1. However this method is
not economical. In real system, the method we adopt is as follows:

(I-1) points of zero value are inserted at the  same interval between two adjacent sample
points of a known sample serial, after LPF, interpolation by an integer factor I is gained.
The block diagram is shown in Figure 1. •I  in figure expresses inserting (I-1) points of
zero value between two adjacent sample points. •I  is called an interpolator which
expresses zero value interpolation. After value “0”s are interpolated, v n T( )2 2  is gained,
which becomes y n T( )2 2  after pass through LPF h n T( )2 2 . x n T( )1 1 •v n T( )2 2  and y n T( )2 2  are
shown in Figure 2.

The demand on LPF is explained thereinafter. Supposing x t( )  and its Fourier transform
X j( )Ω  are as shown in Figure 3, and x n T( )1 1  samples x t( )  at interval T1, y n T( )2 2  samples



x t( )  at interval T2 then their Fourier transform X e j( )ω  and Y e j( )ω  are as shown in Figure
4(a) and (b). X e j( )ω  and Y e j( )ω  are all periodic functions. If expressed in angular frequency
Ù, then X e X ej j( ) ( )ω1 1= ΩΤ  and its period is Ω sa T1

2
1

= π . Y e j( )ω2 •Y e j( )ΩΤ2  and its period is
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It is obvious that the spectrum of V e j( )ω2  is same as that of X e j( )ω1 , except for the period of
X e j( )ω1  is Ω Τsa1

2
1

= π , whereas that of V e j( )ω2  is Ω Τsa2
2

2
= π . X e j( )ω1  and V e j( )ω2  are shown in

Figure 5. The part from Ωc  to Ω Ωsa c2 −  is called image frequency. From the figure, it can
be seen that to gain Y e j( )ω2  from V e j( )ω2  is not difficult. It can be achieved by pass V e j( )ω2

through a LPF whose cut-off is ωc . The frequency response of this ideal LPF is as shown
in Figure 6. A linear phase LPF (FIR) can be used. For a digital filter with FIR structure, It
is easy to be designed to linear phase and sharp cut-off characteristic.

Decimation by an integer factor is simpler than interpolation, but the decimation of x n T( )1 1

has to be done optionally. Only if the abstracted sample rate is still in compliance with
sample theorem, can original signal x t( )  be restored. Usually, an anti-aliasing filter is
adopted to restrict the signal frequency bandwidth under Ω Ωsa sa

D
2 1

2 2=  (D is the decimation
factor).

               4  USE MULTI-SAMPLE RATE INTERPOLATION TECHNOLOGY
     TO RESTORE PCM TELEMETRY SIGNAL WAVEFORM

By use of multi-sample rate interpolation technology, the demand to analog filter can be
reduced in restoring PCM telemetry signal waveform. The spectra of the last row data in
Figure 1 are shown in Figure 7. This received PCM signal is interpolated by an integer
factor 2, that is I=2, and filtered by a LPF as shown in Figure 6, the resulted spectrum is
shown in Figure 8. The original analog LPF (the 3db frequency is at 2kHz×1.5, attenuation
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24db/oct) attenuates the spectrum of 10.8kHz to 44 dB. The waveform restored by this
LPF has only 0.6% waveform error that is resulted from the spectrum of 10.8kHz. If an
interpolation by an integer factor 3 is used, the waveform error resulted from the spectrum of 17.2kHz is
0.1%.
So the key to restoring waveform by multi-sample rate interpolation technology is that the
difficult in designing analog filter can be solved by designing digital filter. Fortunately, the
implement of digital filter is very easy and there are many existent procedure can be used.

5  CONCLUSION

Theoretically, this paper analyses restoring telemetry signal waveform by use of
interpolation technology only on experimental basis. Next, we shall simulate it in computer
and than try and apply it to real system. With the rapid development in digital technology
and computer, the theory•arithmetic and hardware technology of DSP have been
developed rapidly and applied to a variety of field. The multi sample DSP is an aspect of
DSP field and can be adopted to the benefit of signal processing•encoding•transferring and
storing, it can also save computer processing time. The technology applies to FIR digital
filter•sample theorem•multi-channel communication and short time Fourier transform and
so on.
Among all the advantages of using DSP, the most important one is that it lowers the
demands on hardware performance. What we have discussed in this paper gives a good
example.
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Figure 1. Interpolation system block diagram

Figure 2. Serials in interpolation process



Figure 3. Sketch map of x t( )  and X j( )Ω

Figure 4. x n T( )1 1 � y n T( )2 2  and X e j( )ω1 �Y e j( )ω2



Figure 5. Spectrum of X e j( )ω1  and V e j( )ω2

Figure 6. Perfect amplitude-frequency characteristic of LP



Figure 7. Spectrum of a single frequency sine signal sampled

Figure 8. Spectrum of a single frequency sine signal
          sampled after passing through a digital LP



Table 1

f N Ui1     Uo1    �1 Ui2     Uo2   �2 Ui3     Uo3   �3 Ui4     Uo4    �4

40 160 0.250  0.247   1.20% 0.500  0.500  0.00% 1.000  0.997   0.30% �     �     �

80 80 0.248  0.248   0.00% 0.497  0.497  0.00% 0.997  0.994   0.30% �     �     �

200 32 0.247  0.243   1.62% 0.493  0.490  0.61% 0.998  0.982   1.60% �     �     �

500 12.8 0.243  0.234   3.70% 0.485  0.470  3.09% 0.972  0.941  3.19% 3.403  3.289  3.35%

800 8 0.240  0.224   6.67% 0.481  0.449  6.65% 0.962  0.898  6.65% 3.378  3.183  5.77%

1000 6.4 0.239  0.216   9.62% 0.478  0.434  9.21% 0.958  0.868  9.39% 3.370  3.080  8.61%

1200 5.3 0.237  0.209  11.81% 0.478  0.420  12.13% 0.995  0.840  2.04% 3.369  2.986  1.37%

1500 4.3 0.237  0.200  15.16% 0.479  0.403  15.87% 0.995  0.805  5.71% 3.371  2.860  5.16%

2000 3.2 0.238  0.195  18.07% 0.478  0.390  18.41% 0.958  0.780  18.58% 3.383  2.800  7.23%

Table 2

f N Ui1      Uo1    �1 Ui2     Uo2    �2 Ui3     Uo3    �3 Ui4     Uo4     �4 Ui4     Uo4    �4

640 160 0.260  0.260  0.00% 0.500  0.480  4.00% 1.020  1.000  1.96% 2.200  2.160  1.82% 3.600  3.200 11.11%

1280 80 0.256  0.256  0.00% 0.512  0.512  0.00% 1.040  1.040  0.00% 2.200  2.200  0.00% 3.600  3.600  0.00%

3200 32 0.256  0.264  3.13% 0.520  0.520  0.00% 1.040  1.040  0.00% 2.200  2.200  0.00% 3.440  3.440  0.00%

8000 12.8 0.256  0.264  3.13% 0.500  0.500  0.00% 0.980  0.980  0.00% 2.240  2.200  1.79% 3.520  3.440  2.27%

12800 8 0.256  0.256  0.00% 0.448  0.456  1.79% 1.020  1.000  1.96% 2.240  2.160  3.57% 3.520  3.360  4.55%

16000 6.4 0.256  0.260  1.56% 0.580  0.580  0.00% 1.040  1.040  0.00% 2.240  2.160  3.57% 3.520  3.360  4.55%

19200 5.3 0.244  0.256  4.92% 0.600  0.580  3.33% 1.000  0.960  4.00% 2.280  2.140  6.14% 3.440  3.280  4.65%

24000 4.3 0.244  0.268  9.84% 0.472  0.464  1.69% 1.040  0.980  5.77% 2.280  2.040 10.53% 3.440  3.200  6.98%

32000 3.2 0.256  0.200 21.88% 0.600  0.540 10.00% 1.040  0.860  17.31% 2.280  2.000 12.28% 3.520  3.120 11.36%


