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FM CAPTURE PERFORMANCE: CHARACTERIZATION AND
MEASUREMENT

DR. ELIE J. BAGHDADY and JOSEPH M. GUTWEIN
ADCOM Inc.

Cambridge, Mass

Abstract     The effects of interference and capture in FM reception are reviewed for the
purpose of determining the basis for characterizing and measuring the capture
performance of FM receivers. Capture performance criteria and performance
measurement techniques are proposed for application to FM telemetry receiver
evaluation.

1.0  Introduction    An important performance characteristic of FM receivers is their
ability to discriminate between two signals occupying the same, or adjacent, frequency,
bands. In command, telemetry and other communications applications in which the
receiver may be expected to operate in a multisignal or multipath environment, the
ability to discriminate between signals is of critical importance in the evaluation of
system performance.

Envelope, phase and frequency demodulators exhibit a stronger-signal capture
phenomenon which enables one signal to suppress another relatively weaker signal in
the, same or different frequency bands. Techniques have been devised for reversing this
effect under certain conditions, and for accentuating it, or improving the ability of a
receiver for discriminating against the interference. , Significant results have been
achieved, in particular, in the design of FM receivers for suppressing the undesired of
two co-channel or adjacent channel signals and for suppressing disturbances from a
small number of secondary transmission paths. These developments have aroused
considerable interest in applying the results to the improvement of the reliability of FM
telemetry reception. The purpose of this paper is to consider this application and present
methods for FM telemetry receiver capture performance testing and evaluation.

In Section 2.0, a review is made of the properties of the resultant of two signals in order
to bring out the stronger-signal capture effect, the basis for capture improvement and
reversal, and the nature of the baseband disturbances caused by interference. The
practical significance of capture and capture improvement in FM telemetry reception is
discussed in Section 3.0.



In Sections 4.0 and 5.0, the characterization and measurement of capture performance in
FM reception are discussed. Measures of capture performance are considered and
associated measurement techniques are presented.

2.0  Review of Interference and Capture Effects 1-4     Consider the situation in which
the interference is caused by one signal, whose frequency and intensity are such that it
could not be attenuated sufficiently by the IF filter. Let the desired signal at the output of
the IF amplifier be represented by

and let the interference be

Thus, the resultant of signal and interference at the IF amplifier output is

(1)
The instantaneous phase of this resultant can be expressed in two equivalent ways. First,
if Es > V(t) for all t, it is analytically convenient to express the instantaneous phase of
eif(t) as

(2)

in which the instantaneous phase of the signal is taken as the reference, and the inverse-
tangent term represents the phase disturbance caused by the interference. If, however,
V(t) > Es for all t, then it is more convenient to express the instantaneous phase of eif(t)
as

(3)

in which the instantaneous phase of the interference is taken as the reference, and the
inverse-tangent term represents the phase perturbation caused by the presence of the
signal.

Two extreme situations are of special interest. In the first, Es >>V(t) and the
instantaneous phase of eif(t) is closely approximated by

(4)

In the second situation, V(t) >> Es and the instantaneous phase of eif(t) is closely
approximated by



(5)

From Eq. (4) it is clear that when the signal is much stronger than the interference, the
effect of the interference is to add an instantaneous phase perturbation having a peak
value equal to a small fraction of a radian. At the output of the (assumed conventional)
carrier demodulator, prior to any subchannel filtering, a voltage will be present that is
proportional to

If *Ts - Tn * falls well outside the nominal passband of a post-demodulator low-pass or
subchannel filter, the disturbance term in Eq. (6) will be negligible in the response of
such a filter. However, if *Ts - Tn *falls within the nominal passband of the post-
demodulator filter, the filter output will contain disturbance components that may not be
negligible.

In a similar fashion, Eq. (5) shows that when the interference is much stronger than the
signal, the output of the conventional FM demodulator is directly proportional to the
instantaneous frequency fluctuations of the interference, plus the terms

may be extracted from Eq. (7). Other nonlinear distortion products of the signal are
present in Eq. (7). The level at which components from Eq. (7) will appear in the output 



* By definition, a conventional FM demodulator is an amplitude-insensitive device whose output
is directly proportional to the instantaneous frequency of the resultant excitation (sum of all
signals and disturbances present) at its input.

of a particular subchannel filter will, of course, depend upon the location of these
components in frequency relative to the passband of the filter.

Thus, when a conventional FM receiver is excited by the sum of two sinusoids, the
output, after appropriate baseband filtering, will vary with time essentially in accordance
with the frequency modulation of the stronger of the two input signals.1 The effect of the
weaker signal, if at all perceivable in the output, amounts to a greatly reduced
disturbance on the, stronger signal modulation. The receiver capture performance is
often judged on the basis of a performance index called the “capture ratio.” The capture
ratio of an FM receiver whose demodulator is ideally modeled by a “conventional FM
demodulator”* (as contrasted with other types of demodulators) may be defined as the
highest value of weaker-to-stronger signal amplitude ratio for which the FM
demodulator output is essentially dependent (on the average) only upon the frequency
modulation of the stronger of the two input signals. Stated differently, the capture ratio is
a measure of how closely the weaker signal could approach the stronger one in amplitude
and, still remain suppressible - it is a measure of the smallest amplitude difference that a
given FM demodulator is able to resolve in suppressing the weaker signal under the
prescribed interference conditions.

Accordingly, for values of V(t)/Es that fall in the range

1/10 <V(t)/Es # 10 (9)

the output of the conventional FM demodulator will be expressible by

(2) if *V(t)/Es * < capture ratio of the demodulator
(3) if *Es /V(t) * < capture ratio of the demodulator

and by the sum of reduced forms of signal and interference modulations plus severe
capture transition distortion and interaction terms of both signal and interference
modulations, in the remaining range of V(t)/Es values on both sides of unity.

Recent developments in interference suppression techniques have resulted from an
emphasis on predetection (as opposed to postdetection) suppression of signals that
cannot be eliminated by conventional IF filtering. The amplitude limiter, among a few
other nonlinear devices, has been found to be an extremely effective tool for this
purpose. We shall review briefly th e basis for the amplitude-limiter techniques.



For simplicity, we consider two carriers with amplitudes Es and aEs a < 1, and
frequencies lingering momentarily near p and p + r  rad/sec, r << p. Thus, the signals are
assumed to be unmodulated in amplitude and frequency, or, at worst, to have
modulations that are so slow relative to the frequency difference r that the signal
frequencies or amplitudes are not appreciably changed during several cycles of the
variations that recur at the beat frequency. From Eq. (6) we observe that the severity of
the interference increases as the frequency difference r is increased and is greatest,
therefore, when r assumes values that exceed the highest frequency of importance in the
message -spectrum.

The resultant signal at the output of the IF amplifier can be expressed as

(10)

The amplitude limiter is, by definition, a device that will operate upon e(t) of Eq. (10)
and deliver an output signal given by

(11)
where k is a constant, and

A Fourier analysis leads to

(12)

In the present discussion, the most important components in the spectrum of eR(t) are
those whose frequencies correspond to the frequencies of the two input sinusoids. The
amplitude of the spectral component that has the frequency of the stronger of the two
input signals is kAo (a). The component with amplitude kA-1 (a) has the frequency of the
weaker signal. The functions Ao(a) and A-1(a) can be approximated by

(13)

 then, R(a) – 1/2 for all a < 1/2, and R(a) 6 1 only as a 6 1. This signifies that the
amplitude-limiting operation reduces the weaker-to-stronger signal amplitude ratio by a



factor R(a) that is essentially 1/2 for small a. This effect has been utilized in various
ways to achieve some very interesting results. Of principal importance are the techniques
of cascading narrowband limiters, of applying feedback or feedforward across the
limiters and dynamic (either variable or static) trapping.

It is instructive to examine the nature of the baseband disturbances caused by
interference. For this purpose, we consider interference from one extraneous signal and
interference in two-path reception. Interesting illustrative examples have been analyzed
by Corrington5,6. We shall consider here two specific illustrations: In the first, the signal
carrier is modulated by a single sine wave and the interference is a constant-amplitude
and constant-frequency sinusoid; in the second, the signal and interference both are of
constant amplitude and have single-tone frequency modulations. The important case in
which the interfering signal is a delayed replica of the desired signal arriving via a
secondary transmission path is analyzed in a companion paper. 7

Thus, consider first the case in which

Here, if the signal is the stronger of the two and a < (the capture ratio of the
demodulator), it tan be shown that the output of the conventional FM demodulator, prior
to baseband subchannel filtering, will be proportional to

(14)
This output shows components at frequencies derived from sums and differences of
harmonics of the desired modulation frequency Tm rad/sec, and of the difference,
r rad/sec, between the interference and signal-carrier frequencies.

Consider next the situation in which



Again, if a < (capture ratio of the demodulator), then corresponding to Eq. (14) we obtain

(15)

This output shows components derived from sums and differences of harmonic s of Tm,s,
Tm,n and r.

In either Eq. (14) or (15) a distortion component at Tm,s rad/sec will always be present if
Ts -Tn = r = 0. However, if r … 0, such a component will be present only if Tm,s, Tm,n and r
are such that a set of the allowable integers in the sums exists for which

The treatment of interference from wide-pulsed RF signals follows the discussion at the
beginning of this section with a proper interpretation of V(t). Therefore, no further
discussion is necessary here beyond the observation that attack and trailing transient
effects will also be present in the baseband corresponding to the leading and trailing
edges of V(t).

3.0  Significance of Capture in Telemetry     Aerospace telemetry channels are subject
to interference from extraneous signals and from multipath. Extraneous signals may be
encountered as a result of spectral crowding, nonlinear effects in receiver front ends,
deficient design of mixers and other frequency-translation circuits, or deliberate
jamming. Multipath transmission may be expected particularly at low receiving antenna
elevation angles, and in air-to-air links wherein telemetry signals are received by aircraft
at altitudes of more than a few hundred feet.

The practical significance of simple, practicable methods for improving or reversing
capture in telemetry reception rests upon the following observations:

Improvements in the stronger-signal capture ability of the receiver result in a narrowing
of the capture transition range, or the range of values of the amplitude difference
between two competing signals in which the receiver is unable to deliver the message of
either signal without harmful disturbance from the other. Thus, under conditions of two-
path interference, information can be retrieved which would otherwise be indiscernible
or lost in a receiver of lower capture ratio.



The ability to receive a desired signal even in the presence of a much stronger co-
channel or neighboring-channel interference has interesting implications in efficient
utilization of assigned frequency channels both at the RF and the subcarrier levels.
Furthermore, an FM receiver can be constructed with two outputs to provide the
simultaneous recording of the .modulations on each of two signals that are passed
simultaneously by the IF amplifier. This can be taken advantage of for minimizing loss
of data in telemetering under multipath conditions, particularly when frequent capture
transitions from one path to another are encountered. A continuous record of the data
from each path can thus be obtained by matching directly the records from the two
outputs and exchanging between these two output records those sections of the recorded
data that were switched from one output to the other by a capture transition. Such
switched sections can be identified because they start and end with bursts of capture
transition distortion, and the time reference or base for the data from one path will differ
from that for the data from the other. Moreover, almost all of the data lost on each of
these two records because of the bursts of capture transition distortion can be regained
by taking advantage of the difference in time references of the two paths: the bursts of
capture transition distortion will usually mask a segment on one of the records that has
already been reproduced (or is about to be reproduced) on the other record. Note that in
the case of a jammed telemetering system, the availability of recordings from two
receiver outputs, as just described, is presently the only practicable way of reconstructing
the telemetered information.

4.0  Capture Ratio: Concept and Measurement     The concept of capture ratio
originally evolved in the context of the stronger-signal capture capability of a
conventional FM demodulator, and can, with appropriate modification, be extended to
the capture of the weaker of two signals. Considerable interest and uncertainty have for
some time surrounded this concept. Underlying the strong interest has been the fact that
capture ratio is a single number that should on theoretical grounds be sufficient for
characterizing the stronger-signal capture performance of a receiver. Underlying the
uncertainty has been the fact that it is not sufficiently clear what the basic concept means
and how it should be measured in the laboratory.

At the heart of the problem of what constitutes “capture ratio” in the laboratory lies the
fact that (because of unavoidable ripple and dependencies upon instantaneous excitation
levels in the IF filter characteristics, and because of imperfection in the demodulator
circuit performance) the transition in capture from one signal to the other is a gradual
function of the ratio of signal amplitudes. The problem is also complicated by the fact
that the value of the input amplitude ratio at which the desired signal message fidelity
criterion is no longer met depends upon the average difference between the
instantaneous frequencies of the two input FM signals and upon the per cent-of-time
distribution of the instantaneous frequency difference. These characteristics of the
instantaneous frequency difference depend, of course, upon the individual modulations



of the input signals as well as upon the difference between the unmodulated carrier
frequencies. Further complications are added by the fact that different amounts of
capture degradation can be tolerated in different circumstances and with different types
of baseband messages. Finally, the “capture ratio” concept is too restrictively centered
around the capability of capturing the stronger of two signals.

We shall find, later on, that for a complete characterization of the capture performance of
a given FM receiver it is necessary to devise a general presentation of performance in
which a meaningful and objective measurable index of the quality of the recovery of the
desired baseband message is plotted as a function of the amplitude ratio of the input
signals. A suitable parameter to bring out the dependence of the performance upon the
average value of the instantaneous frequency difference would be the frequency
separation between the input signal carriers. Standardization of the measurements would
be greatly simplified if sinusoidal modulations of distinct frequencies were used. The
index of quality of reception could then be chosen to consist of two components
presented simultaneously: - a measure of the power of the desired component in the
output and the same measure of the power in the total attendant distortion components.
Plots should be included for the weaker as well as the stronger-signal capture modes of
the receiver.

In the balance of this section we shall concentrate on the problem of characterizing the
stronger-signal capture performance of an FM receiver in terms of one number only (that
may be called the capture ratio of the receiver). W-e-shall start with the determination of
such a number first from no more than two measurements. We shall also show how
capture ratio can be defined on the basis of a much more informative and complete
presentation of performance indicated above.
ñ
The measurement of a single number to characterize the stronger siganl capture threshold
of an FM receiver presupposes, of course, that the criterion of capture used in the
experiments conforms to what the theory of capture assumes and demands within
acceptable tolerances. Theoretically, the stronger of two carriers is considered to have
captured the output of the receiver if the average (over one cycle of the frequency
difference between the two carriers) of the detected voltage appearing across the output
terminals of the discriminator is equal to the voltage level dictated by the frequency of
the stronger signal. When the two signals are farthest apart in frequency within a flat IF
passband with sharp cutoffs, the condition of capture of the stronger carrier will be
maintained for all values of the weaker-to-stronger carrier amplitude ratio, from zero up
to and including the value nominally quoted as the value of the capture ratio. If we
denote the value of the capture ratio D , and the ratio of weaker-to-stronger signal
amplitude a, then capture of the stronger signal will be maintained under the most
adverse condition (i.e., frequency difference equal to the IF bandwidth) of the co-channel



interference for all 0 # a #D . Stated in other words, if the amplitude of the stronger
signal is denoted Es, the limiting condition of co-channel stronger-signal capture will
prevail when the value of the frequency difference, r, is one (BW)if and the amplitude of
the weaker signal is given by D Es. If we now let a increase beyond D , the reception
deteriorates because the average value oi the detected voltage at the discriminator output
is no longer dictated solely by the frequency of the stronger signal. Therefore, in a
practical measurement, we may consider the capture condition to be the marginal
condition for which a = D, if as a is increased slightly beyond D, a noticeable
deterioration is observed in the reception (as monitored on a sufficiently sensitive and
appropriate measuring instrument). If a is varied by varying the amplitude of the weaker
signal, then a measurement of this amplitude at its limiting value of E1 = D Es may be
taken for later reference.

Suppose, next, that after measuring the value E1, the amplitude of the weaker signal, aEs,
is increased beyond both E1 and Es, making a greater than unity by a sufficient amount so
that this signal (which is now the stronger) captures the receiver output. Another limiting
condition of capture therefore prevails when the amplitude of the originally weaker
signal becomes greater than Es and is given by E2 = Es /D because, by hypothesis, the
capture ratio of the receiver is D . If this second limiting capture condition is also
considered to be defined by the threshold of observable deterioration, then a
measurement of E2 is in order. The capture ratio of the receiver may now be computed
from the readings E1 and E2 taken on
the same RF attenuator dial, since

The critical decisions in the above approach concern the question of when to take the
readings E1 and E2. These decisions are obviously subject to the details of the
measurement procedure, especially those pertaining to the character of the signals used
and the way in which the observations are mad. In a practical situation, the measurement
may be carried out by means of either of two sets of test signals. In the first set, two
unmodulated carriers are used with a frequency separation of one IF bandwidth; in the
second set, one unmodulated carrier is located above or below the center frequency of
the IF amplifier by (BW)if/2 and a second carrier is used with a slow sinusoidal
modulation that deviates its frequency ± (BW)if/2 about the center frequency of the IF
amplifier. With the first set of test signals, the most troublesome interference condition is
maintained at every instant throughout the measurements, and reasonable visual
indications of the condition of capture at the output of the discriminator (and before



baseband filtering) may be made by displaying the detected spike pattern on an
oscilloscope screen. The spikes will point upward or downward depending upon which
signal is captured. A good visual estimate of where either of the two limiting capture
conditions lies is possible from a study of the way in which these spikes are affected by
variations in a.

On the other hand, the second set of test signals, in which one of the two signals is
sinusoidally modulated and the other is unmodulated, offers other possibilities. This
choice of signals does meet the requirement stipulated in the definition of the capture
ratio concerning measurements under the most adverse interference condition. For, if the
modulation index of the sinusoidally modulated wave is sufficiently high, then in the
neighborhood of the peak swing away from the unmodulated signal, the condition of
most troublesome interference will be maintained for several cycles of the peak
frequency difference of one IF bandwidth between the two signals. Observations made
on the filtered output of the discriminator by means of an audio voltmeter offer a greater
degree of objectivity and consistency in deciding when to take the readings on the RF
attenuator dial. However, the audio voltmeter will be helpful only when the signal with
the sinusoidal modulation is captured. Therefore, only one of the two necessary readings
may be taken on the basis of the start of a change in a meter indication, namely, the
reading marking the limiting condition for the capture of the sinusoidally modulated
signal. For purposes of standardization, this reading may be taken when the level of the
observed output baseband tone drops a certain fraction of a db (e.g., 0.5 db). Denote this
reading E1, and let the audio voltmeter indication be Vm. When it comes to the second
reading E2, which corresponds to the limiting condition of capture of the unmodulated
signal, no clear-cut basis for decision is apparent. For under the present condition, any
sinusoidal modulation coming through constitutes disturbance. On the other hand, it does
not seem advisable to interchange modulation and lack of it between the two signals in
midstream because of the danger of introducing unpredictable departures from the
reliability which results from taking a ratio of two readings on the same attenuator dial
under identical operating conditions for the signal generator supplying the signal whose
amplitude is varied in the measurement. The question therefore becomes: How far below
Vm , in db, should one see the audio voltmeter indication dip before deeming it
appropriate to take the E2 reading on the radio-frequency attenuator dial of the signal
generator ?

A detailed study of this question has been made through a series of repeated
measurements using laboratory receivers with various degrees of sophistication of
design. Briefly, the technique involved making a series of repeated capture ratio
measurements, first using two unmodulated signals and deciding from visual observation
of the detected spike trains when to take readings, and second, using one sinusoidally
modulated signal and one unmodulated signal with criteria for the suppression of the
sinusoidal signal at the output ranging between 15 and 30 db and, in each case, closely



observing the behavior of the detected spike pattern under the conditions of the
measurements. The results indicated a striking consistency between results obtained by
the first method (which clearly purports to attach to the measured D its theoretical
significance) and results obtained by the second method using a criterion of 19 to 20 db
suppression of the sine wave at the output. We have observed that the behavior of the
spike patterns under conditions of the first type of measurement that correspond to a dip
of the output voltmeter indicator by more than 20 db below Vm , corresponds rather well
to their expected behavior when a is decreased below D. Under conditions corresponding
to a dip of less than 20 db, tell-tale distortion of the observed spike patterns has been
observed to set in. Thus, 20 db suppression of a detected sine wave modulation below its
capture level seems to correspond rather closely to the condition of proper turning over
of the spikes in the manner demanded by the theory for the establishment of the capture
of the unmodulated signal used in the measurement.

The preceding methods of measuring capture ratio, while they may be satisfactory for
some situations, in general, suffer from several drawbacks. In either method, the criteria
for taking the E1 and E2 readings leave much to the discretion of the individual
performing the measurements and have no apparent relationship to performance with any
specific class of messages. In the first method, a generally biased individual decides on
the basis of visual observation on an oscilloscope of somewhat ill-defined
characteristics, when a spike pattern is about to turn over. Moreover, the turning over of
the spike pattern as observed in the laboratory may bear no known or defined
relationship to the ultimate performance criterion, which may, for example, be in terms
of an error probability for certain special types of messages. In the second method, the
criteria for taking the E1 and E2 readings again are too arbitrary, and must in the final
analysis be based on a performance index that may bear no simple relationship to the
observed quantities. The thresholds defined by a dip of 1/2 db for E1 and 20 db for E2

cannot in general be considered to define the threshold of satisfactory capture in any
application.

In general, measurement of capture performance directly in terms of the performance
index (e.g., the probability of error) most suited to the desired application is an unwieldly
and often unfeasible operation. It is therefore desirable to perform the measurements in
terms of some standard and easily identifiable, separable and measurable modulation
waveforms (such as single tones). The measured characteristic of the desired modulation
should then be portrayed along with a corresponding measure of the attendant distortion,
both as functions of the signal amplitude ratio. The resulting quantities could then be
related, by means of a separate and independent computation or measurement, to error
probability or some other performance index that is appropriate to a specific application.
In this way, the receiver capture performance measurements can be standardized for all
possible applications. Only the interpretation of the results in specific circumstances



remains, and this is legitimately left to the discretion of the user, not the salesman or the
manufacturer. The user may then abstract the capture performance of the receiver by a
single number - the capture ratio - which he determines from the standard capture
performance curves on the basis of a criterion of capture threshold that is most suitable
to the specific intended application.

5.0  Measurement of General Capture Characteristics    A complete description of
the capture performance oi an FM receiver from the viewpoint of a specified application
requires the presentation of either

a) a plot of the variation of a suitable measure of the desired baseband signal
component plus a plot of a correspondingly appropriate measure of the
disturbance introduced in the desired baseband by the interference, both as
functions of the interference ratio or

b) a plot of the ratio of the proper measures of baseband signal and disturbance
as a function of the input interference ratio.

The interference used in the test could be derived from an independent source or it could
represent a simulated secondary-path replica of the desired signal. We consider first
capture performance measurements with two independent FM signal generators, each
sinusoidally modulated with distinct tone frequencies as shown in Fig. 1. The frequency
deviation of the desired signal, presumably the stronger, as well as the (weaker)
interfering signal, are adjusted to correspond to 100% modulation of the RF carrier. The
carriers of the two signals are adjusted to be identical with both tuned to the precise
center frequency of the receiver (in particular, the discriminator). The requirements on
the carrier frequency adjustment of the two signals are dictated by the dependence of
capture performance .measurements upon the average difference between the
instantaneous frequencies of the two input FM signals and upon the percent-of-time
distribution of the instantaneous frequency difference. These characteristics of the
instantaneous frequency depend upon the difference between the nominal carriers of the
FM signals as well as the individual modulations of the input signals.

An important initial step in the capture performance test procedure is to decide on a
convenient input signal level. Two considerations enter into a choice of a signal level. It
should be recalled that the instantaneous amplitude of the resultant of two CW signals
varies from a minimum of Es(1-a) to a maximum of Es(1+a), where Es is the amplitude of
the stronger signal and a is the interference ratio (or ratio of weaker-to-stronger signal
amplitude). The maximum permissible value of Es is determined by the requirement that
a signal amplitude of 2Es (which will be encountered when a = 1) not drive the linear
receiver stages into saturation.



The second preliminary step is to equalize the carrier frequencies of the two input FM
signals and to center them in the receiver passband. This may be achieved with a
frequency counter or by centering one unmodulated signal generator carrier at the center
frequency of the discriminator and adjusting the frequency of the other unmodulated
signal generator for a zero beat as observed by the detected spike pattern in the output of
the discriminator. A sketch of a typical spike pattern is illustrated in Fig. 2. It is
important during the capture performance tests that the relative carrier frequency drift be
held to a small fraction of the lowpass bandwidth in the output of the discriminator. This
usually forces a requirement of no more than 1 kc relative drift between the FM signals
during the test.

In performing the capture tests, it is necessary to monitor accurately the level of both
signals at the receiver front end. The amplitude of one signal will be varied relative to
the other in incremental steps of 0.1 db in order to provide a detailed investigation of the
capture transition region. This region typically covers a range of relative signal levels of
3-10 db depending upon the particular receiver design. An initial equalization of
amplitude is therefore required with an accurately calibrated power meter or, more
precisely, by observing the spike pattern in the output of the discriminator during the
“zero beat” frequency equalization operation. The amplitude of one unmodulated carrier
input is adjusted so that the observed discriminator spike pattern reverses polarity. At the
setting of the relative amplitude for which this polarity reversal occurs the two
generators are equalized in amplitude. The frequency of the interfering generator is then
adjusted by “zero beating” the observed frequency spike pattern since it usually is
necessary to offset carrier frequencies slightly to facilitate detection of an abrupt polarity
reversal. After the amplitudes have been equalized, a step attenuator can be varied to
adjust the amplitudes of the FM signals to the desired interference ratio.

The capture performance measurements proceed after the two signal generators have
been calibrated in amplitude and frequency. Each generator is sinusoidally modulated by
a different audio frequency with equal frequency deviations corresponding to the
maximum deviation of the desired signal modulation. The output of the discriminator is
applied to two wave analyzers and two distortion analyzers. The observed strength of
each output tone corresponding to the sinusoidal stronger and weaker signal modulation
is plotted in per cent of its undisturbed would-be value in the absence of the signal
carrying the other tone. The total attendant distortion accompanying each tone is also
plotted against the corresponding values of the input signal amplitude ratio, a (marked on
a logarithmic horizontal scale). The so-called “total attendant distortion” includes the
tone of the other signal.

The capture curves obtained by this procedure should portray symmetry about the line
a = 1. Furthermore, the crossover point in the capture transition region should occur at
a = 1. Crossovers occurring for a different value of a indicate an error in equalizing the



signal generator levels in the preliminary calibration test. A misalignment in signal
generator frequency, however, will affect the width of the capture transition region and
the output distortion level.

Typical stronger-signal and weaker-signal capture characteristics (excluding the “total
attendant distortion” curves to avoid crowding) are shown in Fig. 3. A medium-quality
FM receiver, operating in the presence of co-channel interference, is likely to have the
capture characteristics marked A and A'. The plot of “total attendant distortion”
associated with A would rise to noticeable values as A begins to show a drop and would
continue to rise toward a saturation value given by the level of the pure tone of the
interfering signal as a is made considerably greater than unity. The amplitude ratio acap is
arbitrarily designated the capture ratio of the receiver and it is a function of the receiver
design as well as the type of interference (co-channel or otherwise) for which it is
measured, and the maximum tolerable level of disturbance in the intended application. If
a stronger-signal enhancement circuit (for example, one or more narrow-band limiters, or
a feedforward circuit, etc.) is switched into the signal path in the receiver, the A curves
are transformed into curves such as the B curves. The A and B curves, of course,
continue at the 100 per cent level outside the region shown, although they are stopped in
the figure below a = acap. The introduction of a weaker-signal capture circuit leads to
characteristics such as C and C'. The C and C' curves usually merge into curves such as
the A or B curves around a = 1.

It is clear from Fig. 3 that improvements in the stronger-signal capture ability of the
receiver result in a narrowing of the capture transition range (acap < a< 1/acap ), or the
range of values of the amplitude difference between two computing signals in which the
receiver is unable to deliver the message of either signal without harmful disturbance
from the other.

5.1  Two-Path Capture Tests for FDM/FM     In FDM/FM telemetry reception, the
capture performance against a secondary-path replica of the desired signal is of special
interest. Thus, in place of an independent RF interfering signal, the capture test on the
FDM/ FM receiver is conducted using an interfering signal which is an attenuated and
delayed replica of the desired signal. Both the amplitude ratio and delay difference
between the two replicas of the desired signal become capture test parameters. The test is
simplified by considering only the largest expected delay difference,  Jd, since for values
of Jd up to a few tens of microseconds, the baseband disturbances rise monotonically
with Jd.

In order to characterize capture performance in the manner most immediately applicable
to the needs of the telemetry user it is necessary to choose baseband test signals that are
representative of telemetry subchannel signals. For slowly varying data channels,



unmodulated subcarriers closely approximate the actual modulated subcarriers. For the
more rapidly varying data channels, such as vibration data, particularly where SSB is
used, the subchannels, bands of noise in the test subchannels, may provide a more
appropriate model.

The detected baseband signal appearing in the output of the demodulator must also be
evaluated in a manner which conclusively demonstrates telemetry system performance.
In particular, capture transition distortion accompanying the detected baseband signal
must be measured and characterized by methods which best demonstrate the overall
effect upon baseband detection of the multichannel telemetry signal. In FDM/FM
systems, baseband intermodulation distortion is the principal index of performance.

A typical setup for performing capture tests on an FDM/FM telemetry receiver is
illustrated in Fig. 4. The desired FDM/FM telemetry signal is derived from a telemetry
transmitter which matches the characteristics of the receiver under test. The choice of a
baseband test signal used in the transmitter and the method of evaluation will be
discussed in greater detail later on. The output of the transmitter is adjusted for some
convenient power level, say one watt. The simulated multipath interference signal is
derived by passing the RF signal through two separate channels between the transmitter
and the receiver. One channel, identified as the desired signal, is essentially a direct path.
The other channel, identified as the secondary-path signal channel, contains both a
variable attenuator and a variable delay line. A fixed delay line is also incorporated in
the direct channel to facilitate delay control if it is desirable to study the effects of
relative delay between the two channels for both small and large values of delay. It is
important in all of these connections that cable lengths be short and that properly
matched transmission line connections and terminations be provided in order to ensure
that reflections are kept to a negligible level. In splitting the signal into two mutually
independent channels, hybrid junctions (or hybrid wave-guide rings) are used both to
achieve a signal split and to recombine the two signal paths.

The variable phase shifter must have a linear phase shift versus frequency characteristic.
Typical of such a device is a calibrated coaxial line stretcher. Used as a delay line in this
manner, these transmission line devices cover a wide range of operating frequencies
from VHF well into S-band. For precise delay measurements, however, it is necessary to
have an accurate indication of line length.

The difference signal is monitored in the output of the hybrid junction. The signal levels
are first equalized by adjusting the attenuation in one of the signal paths for a null as
indicated by the power meter. The variable attenuator in the “multipath” channel is then
adjusted to achieve the desired relative signal amplitude. Because of identical carrier
frequencies, it is permissible to adjust the amplitudes at the input to the receiver in this
manner without being concerned about ripple in the receiver filters which upsets



accurate amplitude calibration between the two signals. It should be recalled that an
accurate amplitude balance of the signals prior to demodulation was an essential
operation in the previous capture tests on the FM demodulator. Balancing in the output
of the hybrid junction is sufficient for the multipath capture tests described here.

The important sources of baseband disturbance in FDM/FM telemetry systems can be
classified into three groups:

a) additive noise at the receiver input,
b) intermodulation distortion noise, and
c) interchannel crosstalk.

In the capture tests, the signal levels must be adjusted so that the input signal strength is
well above the random-noise threshold of the receiver.

Intermodulation distortion noise is caused by nonlinearities in the system. By
nonlinearity we mean here any operation which creates spectral components in the
output that were absent at the input. The following sources of intermodulation
(distortion) noise may occur in an FM system:

a) amplitude nonlinearities in baseband and multiplex circuits,
b) FM modulator nonlinearity,
c) RF and IF filtering at the receiver or transmitter,
d) antenna feeder mismatch at the transmitter or receiver,
e) multipath and scatter effects in the propagation medium (e.g., frequency

selective fading),
f) FM demodulator nonlinearity, and
g) FM demodulator operation below its noise threshold.

The intermodulation noise in a subchannel is verymuch dependent (in a complicated
way) on the signals in all the other subchannels and will essentially vanish if all other
subchannels are empty.

Interchannel crosstalk is not caused by nonlinear effects, but by insufficient channel
filtering in the multiplexer and demultiplexer circuits. It consists mainly of components
from the two adjacent subchannels whichare not sufficiently attenuated by the filter of
the observed subchannel. Thus, as with intermodulation noise, the interchannel crosstalk
is absent when all subchannels are empty. The interchannel crosstalk is easily separated
from intermodulation noise by placing the multiplexer back to back with the
demultiplexer and only loading the two subchannels adjacent to the observed
subchannel. Under that condition the intermodulation noise is negligible. By using 



sufficiently sharp subchannel filters it is possible to reduce the interchannel crosstalk to a
negligible level.

A conclusive measurement of residual intermodulation noise in an FDM/FM system may
be made by connecting the output of the transmitter via an attenuator to the input of the
receiver. This measurement does not take into account the distortion caused by the
antenna feeders or the propagation medium. All but one of the subchannels are then fed
with appropriate signals and the output power of the empty channel is measured. Since
the output from the empty channel is due only to intermodulation (assuming interchannel
crosstalk absent), one can compute an intermodulation noiseto-signal power ratio (I/S
ratio) for the particular subchannel by dividing by the signal power which is measured
when the particular subchannel is fully loaded. From the measurements of the I/S ratio
for each subchannel a curve can be produced showing the I/S ratio versus the baseband
frequency of the frequency multiplexed subchannels.

A simple measurement of intermodulation noise can bemade with the baseband signal at
the input to the FM modulator simulated by a gaussian noise source covering the entire
telemetry baseband bandwidth. It can be shown that a complex multichannel (FDM)
baseband signal has statistical properties that are nearly gaussian. Thus, it is meaningful
to simulate the resultant baseband signal in an FDM/FM system by a gaussian noise
signal. However, when this so-called 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
baseband signal. The same is true in the noise loading capture tests.

In measuring the intermodulation noise at the demodulator, an “empty channel” is
simulated in the input spectrum by disconnecting the particular channel under test from
the noise source. The power measured in the corresponding subchannel in the output of
the demodulator constitutes the intermodulation noise power. The signal power in the
test subchannel output filter can be measured by connecting only that subchannel to the
noise source. If this measurement is performed for different baseband frequencies, a
curve of I/S ratio versus baseband frequency can be constructed.

After the residual baseband distortion products have been measured, the capture test may
proceed. The test baseband signal may be chosen to be a number of tones corresponding
to slowly modulated subcarriers at various frequency positions within assigned channel
frequency spaces. If one such tone if used, then the level of one of its harmonics in the
output may be taken as a measure of the capture transition distortion as the amplitude
ratio of the simulated paths assumes values near unity. More than two tones would allow
intermodulation products to be used as measures of capture transition distortion.



For some applications, noise loading of a number of assigned channels is a more
appropriate test signal. By properly shaping the noise spectral density, the baseband test
signal would approximate very closely a typical wideband-data telemetry multiplex input
signal. The level of this baseband test signal may be adjusted to produce the same rms
deviation of the FM carrier as produced by the telemetry signal. This baseband noise
signal is applied to all but one of the multiplexer input circuits and intermodulation noise
power is measured in the output of the vacant channel in the demultiplexer following the
FM demodulator. Measurements of output intermodulation distortion are plotted as a
function of the multipath interference ratio a, the differential delay, Jd, and the baseband
center frequency of the test subchannel. Since the main interest is in characterization of
capture performance, it is sufficient to measure intermodulation distortion in only one
telemetry channel as a function of the amplitude interference ratio a and the simulated
multipath differential delay, Jd. It is usually sufficient to characterize the capture
performance for only one setting of the multipath delay factor, choosing a delay which
represents a worst case condition with regard to the level of intermodulation distortion.

In another form of the test, a noise signal is applied to one particular test subchannel.
The frequency deviation of the RF carrier would be adjusted to the deviation normally
allowed for the particular subcarrier signal. Noise power in the output of the subchannel
filters at the demultiplexer would be measured as a function of the interference ratio a.
Power in the frequency range from zero to twice the test subchannel bandwidth could
also be used as a measure of capture intermodulation distortion. This follows from the
fact that the spectral effects of nonlinear processing of the test subchannel can be
accounted for by convolutions of the assumed test channel spectral density with itself,
which produces low frequency components that can be used as a measure of capture
performance.

The “capture ratio” of the telemetry receiver may be determined from the curves once a
tolerable level of distortion has been established from system user requirements or,
equivalently, when the amplitude of the desired signal dips to some critical lower level.
The value of a for which this occurs can then be identified as the capture ratio. However,
it should be emphasized that such a performance index is subject to several
qualifications:

a) specification must be made for a given delay differential;
b) specification must be made with regard to a particular performance criterion

such as tolerable level of distortion as determined by user requirements; and
c) specification must be made in terms of standard tests with reference to the

same multiplex subchannel.
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Fig. 1 -Equipment Setup for Standardized Measurement of Capture Performance.



Fig. 2-FM Disturbance Pattern Caused by Two-Carrier Interference,
Plotted for a = 0.8 and a= 1/0.8.
p = frequency of stronger signal.

p + r = frequency of weaker signal.

Fig. 3-Typical Capture Characteristics for an FM Receiver.
A and A' Describe Likely Stronger-Signal Capture Performance.
B and B' Describe Performance of Same Receiver with a Stronger-
Signal-Capture-Improvement Operation Added to its Circuit.
C and C' Result from Addition of a Weaker-Signal Capture Device.



Fig. 4-Block Diagram of Multipath Capture Test on FDM/FM Telemetry Receiver.


