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Summary     The problem of phase nonlinearities in telemetry-receiving systems is
studied. The principal data-degrading effect is shown to be intermodulation distortion of
FDM telemetry signals. Another form of data degradation, namely, intersymbol
interference in TDM telemetry signals, is found not to be related directly to phase
nonlinearities, but rather to the transient response of the receiving system.

The noise-loading technique is introduced as an effective means of characterizing,
analyzing and measuring intermodulation distortion. Some analytical results are cited
relating the amount of intermodulation distortion to signal and receiving-system
parameters. Analytical details are omitted, the emphasis being placed on interpreting the
significance of the results to the telemetry systems engineer. The experimental
verification of these relationships is briefly reviewed.

The results are used to establish quantitative tradeoffs between the performance
parameters of receiving systems. These tradeoffs are then used in formulating methods of
specification and design to ensure high data quality.

1.  Introduction    The need for increased reliability and accuracy in the extraction of
telemetry data under adverse conditions has become acute with the increased magnitude
and complexity of spacecraft missions. It is known that nonlinearities in the phase
characteristics of receivers and recorders can produce data distortion, but until recently
very little effort has been devoted to determining the quantitative relationships between
phase nonlinearities and data degradation.

Figure 1 illustrates the general configuration of a typical telemetry-receiving system.
Several subsystems depicted in this figure incorporate filters that may distort the



telemetry data because of their nonlinear phase characteristics. We use the generic term
predetection filters to refer to all these filters. The functions of predetection filters can be
seen from Fig. 1 to be:

a) to reduce the total additive noise power appearing at the demodulator input,
b) to reject interfering signals from adjacent telemetry bands, and
c) to reject undesired mixer and converter products.

All these functions are best achieved by narrowing the filter bandwidth as far as possible
without causing undue degradation of the telemetry data. It is customary to specify the
amplitude characteristic of the desired filter without much regard to the associated phase
characteristic (or equivalently, group delay). And yet it is well-known that the phase
characteristic can exhibit gross nonlinearities, especially at the edges of the passband,
resulting in data degradation. It is essential that the telemetry

Fig. 1  Typical Telemetry Receiving System.
(*Asterisks mark locations of predetection filters).

a)  The noise caused by additive receiver and antenna noise is a well-known
phenomenon. Characteristic of this type of output noise is the fact that it is relatively
independent of the video signal and will always occur even when all channels are empty.
In the following we will assume that the received signal strength is so large that the
effects of additive noise can be ignored.

b)  Interchannel crosstalk is caused by imperfect filtering, and can be analytically
evaluated by applying simple linear system theory. In the case of FDM video signals,



interchannel crosstalk in a given channel consists mainly of components from the two
adjacent channels which are not sufficiently attenuated by the skirts of the given channel
filter. The TDM case is discussed in Section 4.

The interchannel crosstalk in FDM signals can be easily observed separately from
intermodulation distortion by placing the multiplexer back to back with the
demultiplexer and loading only those two channels adjacent to the observed (empty)
channel. Intermodulation distortion is negligible under these conditions.

c)  Intermodulation distortion is caused by nonlinearities in the telemetry system. By
nonlinearity we mean here any operation which creates spectral components in the video
output that were absent in the video input. A frequency modulator is inherently
nonlinear, even though it may have a perfectly linear voltage-to-frequency characteristic,
because it spreads the spectrum of the modulating signal in the process of transferring it
to a higher frequency band. Similarly, a common RF filter inserted in the receiver
between a frequency modulator and a frequency demodulator has a nonlinear effect on
the data and produces intermodulation distortion of the video signal. The
intermodulation distortion in a channel is very much dependent (in a complicated way)
on the signals in all the other channels and will essentially vanish if all other channels
are empty.

The following sources of intermodulation distortion may occur in an angle-modulation
telemetry system:

a) nonlinearities in baseband and multiplex circuits,
b) FM or PM modulator nonlinearity,
c) predetection filtering at the receiver system,
d) antenna feeder mismatch at the transmitter or receiver,
e) multipath effects in the propagation medium (e.g., f requency-selective fading),
f) FM or PM demodulator nonlinearity,
g) time-base fluctuations in the predetection recorder/reproducer (wow and flutter),

and finally,
h) FM-to-AM conversion in predetection filters, followed by AM-to-video

conversion by dernodulators (incorporating limiters) that are not completely
amplitude insensitive.

The primary subject of this paper is nonlinear phase characteristics in receiving systems
and their effects on telemetry data quality. Thus, of the sources listed in a) to h) above,
we are primarily concerned with intermodulation distortion caused by predetection
filters. This is usually the major contributor to intermodulation distortion.



3.  Filtering of Angle-Modulated Signals    In this and the next few sections we discuss
the mechanisms by which predetection filters produce intermodulation distortion, and
cite some quantitative results relating the amount of intermodulation - distortion to signal
and receiving- system parameters. It is beyond the scope or intent of this paper to present
elaborate mathematical analyses. The underlying analyses and details are available
elsewhere [1, 2]. Since these analyses have a range of applicability beyond telemetry
systems, extending to any system employing an angle-modulated signal, their publication
belongs to other more appropriate forums. Here, some results are cited without proof or
derivation, the emphasis being placed on interpreting their significance to the telemetry
system engineer.

The conventional approach to the problem of phase characteristics and their effects on
message transmission has been to evaluate the distortion of the RF (or IF) signal, and
then to attempt to relate this distortion to data (or message) degradation. We believe that
the results of the second step in this approach have been inconclusive, which accounts
for the complete lack of design information that relates phase characteristics and data
quality. We take a novel approach to the problem, at least in the telemetry context, and
demonstrate that it yields the desired design information. The novel approach directly
relates video signal degradation to phase characteristics, completely bypassing the RF
distortion problem.

The form of the transfer relation between input and output video signal, and hence the
nature of the distortion mechanism in an angle-modulation system depends on the
deviation ratio involved. We recognize three distinct cases which correspond to low,
high and medium deviation ratios respectively:

Case I:  Low-Deviation Angle Modulation    By low-deviation angle modulation (FM
or PM) of the carrier is meant the case in which the resulting phase deviation is small
compared to one radian. An FM deviation ratio much smaller than unity satisfies this
condition. The transmitted signal can then be viewed as the result of a linear modulation
operation very similar to amplitude modulation. A predetection filter has a linear-
filtering effect on the modulation just like a video filter. Thus, no intermodulation
distortion is caused by the predetection filter, irrespective of its phase characteristic.

Case II:  The Quasi-Stationary Case    The quasi- stationary case is met when the
video bandwidth is much smaller than the predetection-filter bandwidth. This is the case
if the FM deviation ratio (or the phase deviation) is much greater than unity. The phase
modulation at the output of the predetection filter may then be expressed as

(1)



or the output frequency modulation as

(2)

where N(t) is the input phase modulation,
x(t) is the input frequency modulation

(normalized to unity mean square)
Tc is the carrier angular frequency
Te is the rms angular frequency deviation
M(T) is the phase characteristic of the predetection filter

The instantaneous frequency of the FM signal may be viewed as tracing the phase
characteristic of the predetection filter. The distortion is represented by the second terms
in Eqs. (1) and (2), and is entirely determined by the (memoryless) nonlinearities in the
filter phase characteristics M(T). It is not affected by the filter amplitude characteristic.
The distortion mechanism is thus memoryless nonlinearity.

Case III:  General Angle Modulation    By deriving the rather complex transfer
relation for a general angle-modulation system, it can be shown that general angle
modulation is fundamentally a nonlinear modulation technique, and that predetection
filtering introduces memory in such a system. Thus the distortion mechanism is
nonlinearity with memory. We find that the entire transfer function of the filter (i.e., both
its amplitude and phase response) is involved in the intermodulation distortion
mechanism. The general case is particularly applicable to intermediate values of
deviation ratio (in the order of unity), where the ratio of filter bandwidth to message
bandwidth is not much larger than unity.

4.  Intersymbol Interference in TDM    We must distinguish between two forms of
pulse-distortion which can be produced in TDM telemetry systems by the predetection or
video filters in the system. The first, called self-distortion, refers to any deterministic
distortion of the video pulse shape observable within the nominal time-slot of the pulse.
It is well-known that the phase characteristics of the filters, whether predetection or
video, can contribute significantly to the self-distortion. On the other hand, all
techniques for the extraction of information from pulses rely either on the area of the
pulse, or on the magnitude of the pulse at a given instant within the pulse duration. Thus
the effects of self-distortion on the output information waveforms can be readily
corrected by appropriate calibration of the pulse detection circuits.

The second form of distortion, called intersymbol interference, refers to any distortion of
the video pulse shape caused by spillover (or crosstalk) from the preceding pulse or



pulses. In contrast to self-distortion, intersymbol interference effects are not
deterministic because they depend on the pulse sequence preceding the given pulse, and
hence cannot be corrected by simple calibration. We identify intersymbol interference as
the primary mechanism by which pre-detection filters may degrade TDM telemetry data.

Strictly speaking, intersymbol interference in TDM telemetry can be caused by linear
phenomena in video and predetection filters, as well as by nonlinear phenomena in
predetection filters. If the causal phenomenon is linear, we may refer to the interference
as interchannel crosstalk, whereas if it is nonlinear the resulting interference properly
belongs to intermodulation distortion. The three cases (corresponding to different ranges
of deviation ratio) discussed in the preceding section give rise to different possibilities
for intersymbol interference in TDM. telemetry. We summarize the three cases below.

In Case I, we found that the predetection filter was actually performing linear filtering.
Thus there is no possibility of intermodulation distortion. The only intersymbol
interference is interchannel crosstalk, which is directly related to the transient response
of the predetection and video filters, rather than to their phase characteristics.

In Case II, we found that the predetection filter acts as a memoryless nonlinearity.
Therefore, a TDM video signal suffers self-distortion from the nonlinear phase
characteristic, but no intersymbol interference.

In Case III the intersymbol interference incurred by a TDM video signal is directly
determined by the duration of the transient response of the predetection filter rather than
by its phase characteristic. Thus it is neither necessary nor straightforward to relate the
intersymbol interference to the phase characteristic. For this reason, the remainder of this
paper will emphasize the FDM case.

5.  Spectral Characterization of Intermodulation Distortion    The obvious way to
measure overall intermodulation distortion in a telemetry system is to connect the output
of the transmitter via an attenuator to the input of the receiver. (This, of course, will not
take into account the distortion caused by the antenna feeders and the propagation
medium.) Then all but one of the data channels are fed with appropriate signals and the
output power of the empty channel is measured. Since the output from the empty channel
is only intermodulation distortion (assuming negligible interchannel crosstalk), one can
compute an intermodulation noise-to-signal power ratio (I/S ratio) for the particular data
channel by dividing the measurement obtained in the unloaded channel by the signal
power measured when the particular data channel is fully loaded. From the
measurements of the I/S ratio for each channel a bar graph can be plotted showing the I/S
ratio versus the frequency location of the channel in the video spectrum.



In order to simplify and standardize the measurement of intermodulation noise, the video
signal at the input to the FM modulator is conveniently simulated by a gaussian noise
process covering the bandwidth of the video signal. It can be shown that the statistical
properties of gaussian noise are very similar to a complex multichannel (FDM) video
signal. Thus it is meaningful to simulate the video signal in a telemetry system by a
gaussian process. When this noise-loading technique is used, it is necessary to shape the
power-density spectrum of the applied noise signal with a filter so that the resulting
signal has approximately the same power-density spectrum as the actual video signal.

Figure 2 shows a block diagram of the noise-loading technique. In order that the
intermodulation distortion noise at the demodulator output be measured, an “empty
channel” has to be simulated in the input spectrum by a narrowband reject filter (see
Fig. 3). The power measured in a corresponding narrow bandpass filter at the output
constitutes the intermodulation distortion noise power. By switching out the reject filter
it is possible to measure the signal power in the bandpass filter and compute the I/S ratio.
If this measurement is performed for different video frequencies a curve of I/S density
ratio versus video frequency can be constructed as shown in Fig. 4. This curve exhibits
the increased intermodulation noise with the video frequency commonly encountered in
FM systems.

Fig. 2.  Noise-loading Technique for Measurement
of Intermodulation Distortion

In addition to being analytically convenient, the noise-loading approach greatly
simplifies experimental verification. Intermodulation distortion tests can be standardized
and the measurements easily reproduced. In contrast, we believe that the customary
method of simulating the video signal by a set of unmodulated subcarriers is inadequate.
It is both mathematically intractable (except in the trivial case of one or two subcarriers)
and experimentally cumbersome.

Because of the relative simplicity of the noise-loading test it is very common to specify
intermodulation distortion in terms of a gaussian noise input signal (as, for example, in
FDM/FM telephony). It would be very useful to be able to predict the amount of
intermodulation distortion in a given system caused by a given phase nonlinearity, so
that the susceptibility of the design to this type of distortion could be determined prior to
the construction of the equipment. In the next few sections we present some approximate 



Fig. 3. a) Amplitude Characteristic of Spectral-shaping
Filter for the Noise-loading Technique.

b) Amplitude Characteristic of Narrowband “Slot” Filter.

Fig. 4.  Typical Curve of Intermodulation Noise-to-signal
Ratio vs Video Frequency.



results for evaluating the intermodulation distortion spectrum in terms of the parameters
of the filter and the video signal. Extensive laboratory measurements have demonstrated
the adequacy of these results for telemetry applications.

6.  Distortion Spectrum in the Quasi-Stationary Case    A power- series expansion of the
nonlinear phase characteristic M(T) is employed, of the form

(3)

where we defined B as half the bandwidth of the predetection filter (in rad/sec), and c. as
the power-series coefficients. Beginning with Eqs. (2) and (3) it is then possible to show
that the ratio of intermodulation-distortion power to signal power is given approximately
by

(4)

where

The assumptions employed in the derivation of Eq. (4) are that:

a) The quasi- stationary condition holds, i.e. ä / B << 1.
b) The filter phase characteristic is symmetrical about the center frequency, i.e.     

M(Tc - T) = M(Tc + T).
c) The third-order distortion term represented by Eq. (4) predominates over other-

order terms.

These assumptions turn out to be justifiable in most telemetry situations.

We have in Eq. (4) a powerful result relating the intermodulation-distortion spectrum to
the parameters of the filter and the video signal. The spectrum of the input video signal
appears only in the form of a double convolution. The factor in which this appears



(5)

completely determines the shape of the distortion spectrum over the video band. The
effect of input spectral shape on distortion spectral shape is discussed in the next section.
The magnitude of the distortion is determined in part by the factor

(6)

which involves only the normalized video bandwidth (ä)/B) and the normalized rms
deviation (Te/B). The other factor determining the magnitude is

(7)

which involves the filter phase coefficients in conjunction with.the normalized rms
deviation. The type of filter influences the magnitude of the distortion spectrum solely
through this factor. Section 8 presents this factor for the various filter tvpes commonly
used in telemetry systems.

The three factors identified above (Eqs. (5) through (7)) maybe obtained readily in
decibels and added to obtain the I/S ratio. The first factor (Eq. (5)) can be taken directly
from Fig. 6 for any desired value of V . The second factor (Eq. (6)) requires only a rapid
calculation and conversion to dB’s. The third factor (Eq. (7)) is tabulated in Sec. 8 for
various filter types and for selected values of              . Interpolation may give

sufficient accuracy for intermediate values of             ; if not, the coefficients ci, available
elsewhere [1, 2] , have to be used in direct calculation.

7.  The Effect of Video Spectrum Shape    In Eq. (5) of the preceding section we
identified the factor which determines the shape of the I/S curve of the video band. In
this section we consider two possible input spectra and calculate the shape of the
resulting I/S curves. The two input spectra are shown in Fig. 5. The rectangular spectrum
results when a rectangular video spectrum is applied directly to the FM transmitter. The
parabolic spectrum results when a rectangular video spectrum is passed through an ideal
preemphasis network before FM modulation. (Alternately, it represents applying a
rectangular video spectrum directly to a PM modulator.) Both spectra are normalized to
have unit area in the (S, L) plane and hence unity power in the video signal.



Fig. 5. Rectangular and Parabolic Input Spectra.

The curves shown in Fig. 6 are plots of Eq. (5) for the two cases. As can be seen, ideal
preemphasis has reduced distortion at the upper end of the video band by a few dB. This
may be significant when a peak I/S criterion is to be met. However, this has been at the
cost of significantly higher distortion at the lower video frequencies. The cross-over
point where the two spectra yield equal distortion is about L = 0.7.

More complicated preemphasis schemes are frequently employed in telemetry systems. It
is difficult to evaluate the resulting distortion spectra in closed form; but results can
readily be obtained by performing the double convolutions on a digital computer.
Nevertheless, results obtained for a rectangular spectrum should be considered
representative for most practical situations.

8.  The Effect of Filter Type    In this section we tabulate the values of the distortion
factor defined by the series representation of Eq. (7). This factor depends only upon the
type (e. g., Butterworth) and order of the filter, and upon the normalized rms deviation
Te/B. We consider three types of filters commonly employed in telemetry receivers;



namely Butterworth filters of various orders, Bessel filters of various orders, and double-
tuned circuits with various coupling coefficients.

The factor in Eq. (7) above is presented in dB to facilitate combining it with the other
two factors to determine the I/S ratio, as explained in detail in Section 6. Notice that this
distortion factor is a function of the ratio of the rms frequency deviation Te to the filter
half-bandwidth B, so a set of values for a range of Te/B is given in each case. As Te/B
increases, more and more terms in the infinite sum of Eq. (7) are needed to obtain an
accurate estimate of the factor in question. The computation of the power-series
coefficients {ci} is a mathematically simple but increasingly tedious operation, so we had
to content ourselves with a small number of coefficients. This accounts for the
convergence inaccuracies indicated in Tables 1-3 by asterisks. The entries under shape
factor and normalized noise bandwidth will be explained in Section II below in the
discussion of tradeoffs in filter design.

Table 1
PERFORMANCE TRADEOFFS FOR

BUTTERWORTH FILTERS



Table 2
PERFORMANCE TRADEOFFS FOR

BESSEL FILTERS

Table 3
PERFORMANCE TRADEOFFS FOR

DOUBLE- TUNED CIRCUITS

*    Inaccurate due to limited number of terms available
**  Not accurate enough to cite.



Fortunately, most telemetry situations employ values of (Te/B) not in excess of 0.3,
where the tabulated results are generally satisfactory. On the other hand, this factor could
be more accurately computed using the Hermite-polynomials technique presented in refs.
1 and 2 and aided by a digital computer. No convergence problems would arise in this
case. In fact, this alternate procedure should be employed in the study of more advanced
filter designs.

Inspection of Tables 1-3 leads to some interesting conclusions about the distortion
properties of the various types of filters:

a) The distortion produced by Butterworth filters increases rather slowly with the
filter order.

b) Bessel filters yield vastly superior distortion performance, because they are
designed to have maximally-flat group delay (or maximally linear phase).

c) A look at the detailed computations for Bessel filters reveals that low distortion is
strongly dependent on precise alignment, i.e., slight misalignment can greatly
degrade the distortion performance from that indicated in Table 2.

d) Double-tuned circuits achieve their lowest distortion at a coupling coefficient
around 0. 6, even though the corresponding amplitude characteristic is relatively
peaked rather than flat.

9.  Accumulation of Distortion    When the bandwidth restriction of a receiver is
performed by a single predetection filter, it is a simple matter to look up the appropriate
factors described in the preceding sections, and using them to determine the I/S ratio.
However, frequently two or more filter stages, usually of identical design, are used in
cascade. In this case obtaining suitable phase coefficients for the distortion computation
is not so straight-forward.

As might be expected, the calculations can be simplified considerably in the case where
all stages are identical. It has been found that the overall I/S ratio is k2 times the I/S ratio
which would be calculated for an individual stage, where k is the number of identical
stages. In other words, we make the calculation assuming one of the individual stages is
present and then multiply by k2. This result is easily verified by noting that the distortion
waveforms produced by each stage are identical. These waveforms accumulate
coherently (i.e. add in voltage) so that the overall distortion waveform is k times that
produced by one stage. Therefore the overall distortion power is k2 times the individual
distortion power.

An important source of distortion usually present in an angle modulation system is
nonlinearity in the modulator-demodulator pair (modern). In telemetry systems, modem
distortion is often of the same order of magnitude as filter distortion. It has been proven



that modem distortion and filter distortion are uncorrelated, hence they accumulate
noncoherently (i.e. add in power). This result is particularly useful in the correction of
I/S measurements for residual distortion in the noise-loading test setup.

To understand the application of this result, let us consider a typical laboratory situation.
An I/S measurement PT of a predetection filter is made. Then the filter is removed and
the measurement repeated, giving a reading P1 due to the modem alone. Both readings PT

and P1 are in dB’s. Now it is desired to calculate the I/S due to the filter alone, call it P2 .
Now we know from the above that

(8)
To save many conversions from dB’s to numerical values and vice-versa, the nomograph
of Fig. 7 may be used. The difference between PT and P1 in dB’s is used to enter the
nomograph in the vertical axis. Then the difference between P1 and the desired value P2

can be read in dB’s on the horizontal axis.

Fig. 7.  Nomograph for Noncoherent Accumulation of Distortion.

10.  Experimental Verification of the Quasi-Stationary Results    Extensive
laboratory measurements have been conducted by the authors in order to establish the
validity of the quasi-stationary results presented in the previous sections [1] . Here we
present some selected measurements which illustrate the agreement between theory and
experiment. All measurements presented have been corrected to remove the
contributions to the intermodulation distortion caused by modem nonlinearities. The



filters under test were second-order Butterworth filters (or critically coupled double-
tuned circuits). The input video spectrum in these tests was rectangular.

In the first test we present, A the deviation Te was held constant and the maximum video
frequency ä/2B was adjusted to 40, 85, and 200 kHz. In each case the I/S ratio was
measured at various notch locations to determine the I/S spectrum. The experimental
points are shown in Fig. 8; the analytical predictions are also plotted for the three values
of ä. Comparison shows good agreement even for the largest value of ä, thus verifying
the results of Secs. 6 through 8. The largest value of ä selected represents a normalized
maximum video frequency ä/B of approximately unity. It is at such high values ä that
we might expect the quasi-stationary solution to break down and non-quasi-stationary
effects to appear. However, this does not appear to be the case for ä/B up to unity,
indicating that the quasi-stationary approximation yields satisfactory results under
typical telemetry conditions.

Fig. 8.  Measured and Predicted Distortion-to-Signal Ratios for Different
Maximum Video Frequencies, Second-Order Butterworth Filters.

The second test to be cited here investigates the effect of cascading of identical filters.
For fixed maximum video frequency and deviation, I/S measurements were made with
two identical filters, separately and in cascade. The results (taken with two different
notch locations) are plotted in Fig. 9 together with the analytical predictions. The
analytical curves are separated by 6 dB since k2 = 4. Agreement with theory is once again
excellent, verifying the results of Sec. 9.



Fig. 9.  Distortion-to-Signal Ratio of a Cascade
of Second-Order Butterworth Filters.

Other experimental measurements not cited here have been obtained with many other
filter types, including higher-order Butterworth and Bessel designs found in commercial
telemetry receivers, as well as with predetection recorder/reproducers and up/down
converters. The results conclusively verify the quasi- stationary results under a variety of
telemetry conditions. Distortion levels at band edge ranging from -50 dB to -20 dB were
encountered. The degrading effects of filter misalignment were also observed.

11.  Performance Tradeoff s for Predetection Filters    In Sections 5 through 10 we
have concentrated on intermodulation distortion in predetection filters. We have
developed analytic tools for predicting this distortion, thereby making it possible for the
designer to control distortion levels. However, distortion is only one of the measures of
performance of a predetection filter; a good design must perform other functions as well
as minimizing intermodulation distortion. This brings us to the subject of this section:
what are the tradeoffs involved between distortion level on the one hand and other filter
performance requirements on the other? To answer this question we will first discuss the
various functions of predetection filters and suitable quantitative performance measures
for these functions. Then we will present the values of these performance measures for
the various filter types catalogued earlier, so that comparisons may be drawn between
them.

The primary functions of predetection filters are listed in Section I above. The filters
must perform these functions at a minimum cost in data degradation. They are best
achieved by narrowing the bandwidth and sharpening the skirts of the filter, without
causing undue degradation of the telemetry data. Thus, the amplitude characteristic of
the filter determines the performance in terms of these functions. On the other hand, we



have shown that intermodulation distortion is determined primarily by the degree of
nonlinearity of the phase characteristic.

Now, it is well-known that the amplitude characteristic and the groupdelay (or phase)
characteristic of a filter are intimately related. It follows that fundamental tradeoffs exist
between the various filter performance criteria, and that these tradeoffs are determined
by the type of filter in question.

The performance measure suitable for characterizing the ability of the filter to reduce
additive noise is its noise bandwidth Bn, defined by

(9)

where H(T) is the transfer function of the predetection filter. Any two filters with equal
noise bandwidths will have equal additive noise power at their outputs, regardless of
their exact amplitude characteristics. This makes possible a direct comparison of
different filter designs with respect to function 1-a), once appropriate noise bandwidths
have been calculated. The noise bandwidths for the various filters are tabulated in Tables
1-3, normalized to the 3-dB half-bandwidth B.

The only completely general performance measure for functions 1-b) and 1-c) is the
amplitude characteristic of the filter. Knowing this, two filters can be compared by
checking to see which has greater attenuation in the frequency region where unwanted
signals are likely to fall. If the application is known in detail, so that the location of
adjacent channels is fixed, a suitable performance measure would simply be the
attenuation at the near edge of the adjacent channel. However, this degree of information
is not always available to the designer.

In the absence of complete knowledge as to the frequency location of undesired signals,
the performance measure frequently used is the 3 dB bandwidth in conjunction with the
shape factor, defined as the ratio of the frequency at the 60 dB attenuation to the
frequency at 6 dB attenuation on the skirts of the amplitude characteristic. The shape
factors for the various filters are also tabulated in Tables 1-3.

12.  Specifications for Predetection Filters    The performance tradeoffs presented in
the previous section can be used to formulate meaningful and effective specifications for
predetection filters. In this section we describe how such specifications may be drawn; 



but first we must discuss the general nature of specifications in order to motivate the
recommended specification procedures.

In general, specifications must be:

a) Self-consistent, so that satisfying one specified criterion does not automatically
prevent the satisfaction of another.

b) Attainable, either directly by known techniques, or -- if the specification is
stringent enough that it has not been previously attained -- then there must be good
reason to believe that it can be attained by some advanced technique.

c) Verifiable, directly or indirectly by standardizable tests.

We shall attempt to satisfy the above requirements in our proposed specification
methods. Next, we need to divide specification methods into two types:

a)  Performance Specifications    The desired performance characteristics, -- e. g., low
intermodulation distortion by the predetection filter -are specified directly in terms of
suitable measures of performance. No attempts are made to indicate the detailed nature
of the filters; that is left to the development or design engineer who then has the
flexibility to choose whatever design suits him and meets the specification.

b)  Design Specifications    The specifier first determines the desired performance
characteristics, then determines the corresponding design characteristics -- e.g., phase
linearity -- that will ensure the desired performance. This type of specification generally
requires accurate analytical or empirical relationships between the performance
characteristics and the design characteristics.

This may not be readily available, in general, although the results of this report supply
the necessary relationships for the particular problem of phase nonlinearities.

It is frequently necessary in making design specifications to treat a system in its
component parts rather than as a whole. This can lead to over-design, especially where
the deficiency in the design of one subsystem can be easily compensated in the design of
another. Thus, design specifications are generally less desirable than performance
specifications because they depend for their effectiveness on the accuracy of the
available relationships between performance and design, and because they can lead to
overdesign. From the viewpoint of the specifier, they require a greater effort to achieve
the same end; whereas from the viewpoint of the design engineer they can restrict
flexibility and resourcefulness.

Whatever the merits of the two types of specifications, it is imperative that no system
should be specified both in design and in performance, because this can only lead to



confusion and waste. A set of specifications should therefore contain no redundancies,
whether explicit or implicit.

The general problem of specifications is fundamentally one of establishing quantitative
tradeoffs between all the pertinent parameters, such as those presented in Section 11
above. These tradeoffs indicate to the specifier the attainable and self-consistent
performance measures which he may select. In the present context of predetection filters
we strongly recommend performance specifications, instead of such design
specifications as “percent of deviation from phase linearity” or “tolerance on
group-delay flatness.”

Tables 1-3 can be used directly to specify filter performance. Start by determining the
requirements placed on the filter by the receiving system. These requirements are usually
given in terms of 3 dB bandwidth, and skirt selectivity. Compute the corresponding
shape factor. Next, determine the rms frequency deviation Te, and the video bandwidth
ä. Compute the factor given by Eq. (6), and read the second factor representing the
effect of the spectrum-shape from Fig. 6. It will usually be sufficient to consider the I/S
ratio at bandedge, so use -3 dB for the second factor. Add these two factors (in dB) to the
distortion factors under the appropriate (Te/B) in the tables. It should be possible to
achieve an I/S ratio at least as good as -50 dB. Now, check in the tables to see that the
desired shape factor can be achieved by the filter types capable of better than -50 dB in
I/S ratio. Also, check that the resulting noise bandwidth is acceptable. If all these
performance criteria are met by one or more filter types listed in the tables, then specify
the corresponding numbers for: shape factor, 3-dB bandwidth, noise bandwidth, and I/S
ratio. Add some margins to these numbers to allow for slight misalignments and other
manufacturing imperfections.

If none of the filter types listed achieves all the performance requirements, then consider
either a cascade of identical stages or a more advanced filter design. In considering
cascaded stages, use the fact that a cascade of k stages increase the I/S ratio by a factor
of k2 over that of one stage.

The above procedure will ensure that the performance specifications are both self-
consistent and attainable. The measurement techniques presented in Section 5 can be
used for acceptance testing and for experimental evaluation of designs. This ensures that
the specifications are verifiable by standardizable tests.

In closing this section, a word of caution about a particular type of design specification is
in order. It is customary to specify the inband amplitude ripple of various components in
a telemetry system. These specifications are frequently quite stringent, e. g. , ±0.5 dB
over most of the 3 dB bandwidth. Yet, we have been unable to find any direct



dependence of data degradation on inband ripple. In fact, Bessel filters are known to
have rather large variations of inband gain, and yet they can achieve very low I/S ratios
because of their maximally-flat group-delay characteristics. We must conclude,
therefore, that inband ripple specifications are superfluous unless amplitude-modulated
signals are used. They may even be damaging if not accompanied by a consistent
specification on group-delay (or phase) variations. That is because in attempting to
satisfy a stringent specification on inband ripple, the designer may have to sacrifice
group-delay (or phase) linearity and thus incur greater intermodulation distortion.

13.  Conclusions and Recommendations    The effect of predetection-filter
characteristics on telemetry-data quality has been studied. Intermodulation distortion was
recognized as the primary data-degrading effect, and was characterized in terms
intermodulation distortion spectrum under noise-loading conditions. The noise-loading
technique was shown to be:

a) Realistic, in that it is capable of simulating typical multi-channel telemetry signals,
b) Practical, in that consistent and meaningful laboratory measurements can readily

be obtained, and
c) Analytically tractable, in that the results of measurements can be mathematically

predicted, and the dependence of distortion on important system parameters (such
as filter bandwidth, video-signal bandwidth and deviation) is explicitly
determined.

Calculations of distortion levels, made on the basis of the quasi-stationary
approximation, were found adequate for telemetry applications. The results were applied
to a whole catalog of common filter types and tabulated (Tables 1-3), together with other
measures of filter performance, in a manner useful to the filter designer unfamiliar with
the theory.

The overall concepts of this paper can be utilized in a variety of ways. They can clarify
the cause/effect relationships so as to improve the insight of the design engineer. They
supply the tools for systematic analytical design to reduce intermodulation distortion.
They introduce new experimental techniques for system alignment and for the evaluation
of system performance in terms of data quality. And finally, they lead to systematic
techniques for system specification and acceptance testing.

Consequently, our primary recommendation is that the techniques, both analytical and
experimental, presented in this report should be utilized to ensure data quality in all
phases of telemetry system implementation. This includes system design, analysis,
specification, standardization, evaluation, testing, alignment and calibration. We believe
the noise-loading technique should fill an urgent need experienced by all those
concerned with telemetry systems.



Throughout the study we have emphasized that the principal source of phase nonlinearity
and hence of intermodulation distortion is the receiver second IF amplifier/filter. Thus
improvements in the linearity of the second IF filter are possible, and would be reflected
directly in significant improvements in system data quality. We recommend that future
efforts should be directed to the development of such filters for telemetry applications.
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