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The Capture Effect in FM Receivers

KRIIN LEENTVAAR anp JAN H. FLINT

Abstract—In this paper a theoretical explanation of the capture
effect is given by calculating the instantaneous frequency of the out-
put signal of a limiter when two frequency modulated (FM) signals are
present at the limiter input. When this signal is applied to a demodulator
with unlimited bandwidth, the output signal of the demodulator proves
to have an extreme capture effect. When however the demodulator
bandwidth is limited, the capture effect is shown not be be extreme.
This phenomenon is explained and possibilities are given to minimize
the capture effect.

Some of the results of measurements on limiters and demodulators
are given in this paper; they prove that a weak capture effect can be
obtained. A method of calculating the degree of capturing is included.

INTRODUCTION

HEN a frequency modulated (FM) receiver has two
different FM signals with unequal amplitudes falling
within the passband at the same time, the modulation of the
weaker signal no longer exists at the demodulator output or at
least is attenuated to a very high degree. This also appears
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when the stronger signal is unmodulated. This phenomenon is
known as the capture effect.

In this paper, first the phasor diagram will be considered by
which it is possible to calculate the output signal of a limiter
and its instantaneous frequency when two FM signals are
present at the limiter input. To illustrate the problem the fre-
quency spectrum of the output signal is calculated. A function
is given to express the mean frequency of the limiter output
signal.

It is possible to explain the reduction of the capture effect
by limiting the bandwidth of the demodulator.

A method of calculating these effects is given for a Foster-
Seely demodulator.

I. THE PHASOR DIAGRAM

Suppose the two different signals at the input of the limiter
are a; and ay. These signals are shown in Fig. 1. The signals
may be expressed as

a; = A cos ¢; = Re [4,€/91]
ay = Ay cOS 0o = Re [A96792]

ey
@

where
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Fig. 1. Phasor diagram of two superimposed signals #y and ao.

o —¢1 =9 (3)
and

Ay

— =A4. 4

. @

¢1 and ¢ are the phase angles referred to the horizontal axis,
and Ay and A, are the amplitudes. We can define the radial
frequency (or “frequency”) of the signals as

1= )
dpg
—_"2 6
2= (6)
and
Q= 92 _Ql' (7)

When the signals are phase modulated (PM) or FM, €, and Q,
will not be constant. Therefore, we call Q; and £, the in-
stantaneous frequencies of the signals, and ¢, and ¢, are the
instantaneous phase angles.

The phasor diagram shows that if 4 <1, and 4, <A44, the
phase variation A of the resultant R will be smaller than the
phase variation A¢. As an illustration, Fig. 2 gives the ratio
AB/A¢ as a function of the amplitude ratio A, when Ag is
smaller than 90°.

If we suppose that a signal a; is unmodulated and a, is PM,
while @; and ag have the same carrier frequency, Af is a meas-
ure of the modulation of the resulting signal with amplitude R.
When this signal is supplied to a frequency demodulator, the
output of this demodulator is proportional to the phase
changes of R and also Af. The output of the demodulator as
a function of 4 will be the same as given in Fig. 2. This output
is noticeably attenuated when A < 10. At A =1 the attenua-
tion proceeds smoothly and there is no capture effect at all.

The mean frequency of the resultant tends to follow the
frequency of the stronger signal; when the frequencies of a;
and a, are different but constant, the instantaneous frequency
is not constant, but is a function of time. In this case the re-
sultant R is amplitude modulated (AM) too. The modulations
of R are not a simple harmonic.

This is very clear when 4, = A5. At the moment ¢ =7, 6
jumps from +x/2 to —n/2, the instantaneous frequency change
will be infinite and the amplitude modulation of R will be 100
percent.
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II. THE LIMITER

The amplitude of the resulting signal R from Fig. 1 is given
by

Rz\/Z12 +A22 +2A1A2 COS¢. (8)
The phase angle Y of the resultant is given by
A sin ¢
¥ =¢; +arctan —————— . )
1+Acos¢

The envelope of the resulting signal will have a maximum of
R = Ay + A, at ¢ = 0 and a minimum of R = 4; — 4, at
¢ = m. The time interval between the maxima and minima is
determined by the frequency difference between signal a,
and signal a,.

If one of these signals or both are FM, these intervals are
very variable.

To cancel amplitude variations at demodulation the limiter
must deliver a signal with constant amplitude even at the mo-
ment R = | 4; — A, |. All time constants in the limiter circuit
must be so chosen that this is assured at any frequency differ-
ence of @7 and as. In the following we will suppose all these
conditions are fulfilled. Therefore the output of the limiter is
a signal of constant amplitude and a phase angle .

1II. THE INSTANTANEOUS FREQUENCY OF
THE LIMITER OUTPUT SIGNAL

The instantaneous frequency of the limiter output signal is
given by

9 _@_Elﬁ+ A2+ Acos¢ de¢
"dt  dt 1+A2+24coso dt
A2+ A cos ¢
=8 + Q (10)

1+A42 424 cos ¢

as can be found by differentiating (9).

This is the instantaneous frequency of the limiter output
signal if two different signals are supplied to its input.

The phase angle

A sin ¢
¥ = ¢ + arctan ——— )
1+ A4cos¢
can be expanded in a Taylor’s series
V= ¢y —z sin ne. (11)
= n
If both signals are FM,
Qq = wq + Awq cos uyt (12)

1



LEENTVAAR AND FLINT: CAPTURE EFFECT IN FM RECEIVERS

o

533

~—

=Y
©
/
/
BV

=3 =3

~ -1
{

£
‘

=
>
|
|
!

0.4 ——t e

03 —

0.2

Relative phase change gg—b

1] 5

Fig. 2.

2

! 05 (74 [

Amplitude ratio A —— i

Relative phase variation 46/2¢ of the resultant R of two superimposed signals as a function of the amplitude

ratio 4 = Ap/A 1, valid for 2¢ < 90°.

and

Qy = wy + Awy cos Ust,

then
Awy .
¢ = Wit — Sin Myt =Wyt —myq sin uqt
. H1
and
Awy - .
g = Wol — Sin Yot = ot — My sin Mgt
)

sin ng = I, [ein¢] =1, [ejn(¢2—¢1)] =1,

[ejn(wzt*wlt)eﬁnml sin 1t ,—inmg sin Mzt)].

einm sin bt may also be expanded in a Taylor’s series

einml sin uqt —

foo ,
Z I(umy)e’PH1t

pa—o
and
+ o0 ) .
—jinmsg sin t _ —Jau
e 2sindat = Z I, (nmy)e Tak2t,

q=—o°

So sin » can be written as
0o + oo
sinng =1,, E I,(nmy) E I,(nmy)
p:oe q:oo
. ej(nwzt—nwlt—qu2t+pu1t)] )

When we substitute this in (11) we find

(13)

(14)

(15)

(16)

(17)

(18)

(19)

\I/:¢1

E —@ zo:o I(nmy) Z I (nmy)

n=1

- sin (wot —nwqt — quat + puqg ). (20)
The instantaneous frequency of the limiter output signal is

then

d\Ij Foo — n Foo
— =wy +Aw, cosult—z “) Z I,(nmy)
dt n=1 p=—oo

+ oo

Do Lg(nmy)(ney —newy = qug + piy)

q=—00

2y

Equation (15) gives the frequency of the signal at the output
of a limiter when the input of this limiter consists of two dif-
ferent FM signals.

If this signal is supplied to a frequency demodulator, at the
output of the demodulator only the modulation of the stron-
ger signal will be heard (function Aw; cos puy ¢). The modula-
tion of the weaker signal is lost in intermodulation products
caused by multiples of both the modulation frequencies and
the carrier frequencies.

If the frequency difference of the carriers is large enough
these products will not fall within the AF passband of the
demodulator output filter. The modulation of the weaker
signal is only perceptible if w; = w4. This gives a theoretical
explanation of the capture effect, which can be found in many
publications [2]-[6]. In practice, however, Foster-Seeley and
ratio demodulators do not show such an extreme capture
effect. Tt is possible to cancel the influence of the capture
effect by limiting the bandwidth of the demodulator. This is
explained by taking into account the practical physical
behavior of the demodulator.

* cos (MWt — HWqt — quat + puyt).
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To illustrate of the problem better, the frequency spectrum
of the limiter output signal will be observed in the next
section.

IV. THE FREQUENCY SPECTRUM OF
THE LIMITER OUTPUT SIGNAL

By (10) the phase angle of the resultant R was given as

=) _An
V=9, - 4 sin ng.

=1 n

The amplitude information of the signal is removed by the
limiter. The output signal can also be described as

.u(t) =Re [CelV]

=Re [Cej‘z’l exp<~j[— i by sin ng })] (22)
. n=1 n

in which C is constant, defined by the limiter. The spectrum of

(55 o)
exp\/ —Z —n“sin ne
n=1

can be determined by extension in a Taylor’s series as follows:

exp < j [— Zm: (_:)'T sin n¢l>
n=1 )

= So + S+1ej¢ + S_le——j¢ + S+2@i2¢ + S_Ze—j2¢ etc.

(23
So . .
u(f) = Re C[Soe/®1 + 5,92 +5_;/(201702)
+ 85, (292701) + 5,0l (3017202)] ey,
(24)
in which
2 A2
So=1—"7+ etc. S, =— —8—+ etc
A A3
1= t— etc.
2 16
A A3
S 1=—\—-—— + ] etc.
\2 16

As an illustration, the spéctral amplitude pattern for 4 = 0.6
in a quasi-stationary approach is given in Fig. 3 for Qy >
£2,. The amplitudes of the spectral components as functions
of A are given in Fig. 4. It is remarkable that there is a relative
attenuation of the weaker signal. This can be seen in the ex-
ample, given in Fig. 3.
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Fig. 3. Frequency spectrum of the limiter output signal of two sig-
nals is supplied to its input with frequencies 29 and Q9. Ampli-
tude ratio of the two signals 45/47 =4 = 0.6.

Normalized on the amplitude A; = 1, the amplitude 4,
at the limiter input is 0.6 and in the output spectrum 0.35.
This could be expected looking at the phasor diagram at
Fig. 1. The spectrum components have significant amplitudes
only for 10 > A4 > 0.1. For values of 4 between these limits
the output spectrum is very complex. One should realize that
a multiple of £, or 2 means that the modulation indices of
the signals are multiplied too, so new spectra are created.

The instantaneous £; and §25 can be replaced by central
frequencies w; and w, with their coupled spectra if these are
FM signals

The amplitude functions in Fig. 4 also can be found by
measuring the output signals of a limiter with a spectrum
analyzer.

The spectral amplitude pattern is very complex and does
not lead to an understanding of the physical behavior of the
demodulator.

A derivation of the capture effect will be given considering
the output signal of the demodulator in the time domain in
the following section.

V. DEMODULATION

i

Imagine an ideal FM demodulator in which it would be
possible to detect each spectrum component separately, and to
sum all AF output signals. Calculating the AF output of that
demodulator, and taking into account the different phase
angles and deviations, one finds the same curve for the AF out-
put as a function of 4 as given in Fig. 2. This curve does not
show any capture effect at all. So if it would be possible to
construct such a demodulator, the capture effect should not
appear. Experiments done with synchronous demodulators, in
which it is possible to detect one spectrum component separ-
ately by means of correlation, did show that in this case also
the capture effect did not exist.

In (10) the frequency of the resultant output signal of the
limiter was given by

: A2 + A cos ¢
Qr == Ql + (Qz _Ql)
1+ 42+ 24 cos ¢
In Fig. 5
A%+ 4 cos ¢

= (25)
1+A42+ 24 cos ¢
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Relative amplitudes of the spectral components of the limiter output signal when two signals are supplied to its

input as a function of amplitude ratio A3/47 = A, normalized on 47 = 100 percent. Frequencies of the input signals

are £29 and Qq.

— - 9 in rod.

Fig. 5. The function x = (42 + A cos ¢)/(1 + A2 + 24 cos ¢) as a
function of phase difference ¢ of the two input signals of the limiter.
A = Ay/Aq is the amplitude ratio of these two signals.

is sketched as a function © = (25 — )¢ for some different
values of A. When A = 1, there is a discontinuity at ¢ = 7, the
phase of R suddenly changes from +n/2 to —n/2; at this mo-
ment a large change of the resultant frequency £, will occur.

It is possible to determine the mean value of the function x
by integration

1 7 A2+ Acos¢
=-f° (26)
nlo 1+ A2+ 24 cos¢
which gives
11 1—4 p=c=
I =———arctan 7 7
m p=0
ifA>1,then/=1.
In this case, the mean frequency of the resultant is
Qrnean = U+ (Q — Q) = 2y (28)

>
2 4 4 H
e N i i
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A< L(Q &)
Toal2-4
o Time
Fig. 6. Resultant frequency of the limiter output signal as a function

of time when two signals with frequencies £ and 24 are supplied
to the limiter input. Amplitude ratio A of the signals may be <1
(drawn graph) or >1 (dotted graph), Q7 and Q5 instantaneously
constant.

if A <1, then 1 =0. Now

=Q,. (29)

"mean
In other words the mean frequency of the resultant is always
the frequency of the stronger signal.
In Fig. 6 2, mean, $21, and gy are presented as a function
of time.
Figs. 5 and 6 convey the following information.
1) The output signal of the limiter which is fed to the de-

“ modulator has a mean frequency equal to the frequency of the

stronger signal.

2) The actual frequency of the signal fed to the demodu-
lator has peaks, which are asymmetrical with respect to the
mean frequency.

3) The peaks always “point away’ from the frequency of
the weaker signal. .

4) The peaks are sharper, the more A4 nears 1, and are in-
finitely high when 4 equals 1.

5) The peaks are smaller when the frequency difference
between £2; and £25 is smaller.

6) The frequency of the peaks Q,, is equal to the frequency
difference between 24 and Q. '
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In Fig. 6, both frequencies 2; and Qo are supposed to be
constant. When one signal is modulated, e.g.,

Qz = Wy + A(.Oz CcOS /.12t (13)
then the time intervals between the peaks vary with cos uy¢,
as

Qp-:ﬂz

— Q1 = we— wy + Wy COS Uat. (30)
In Figs. 7-10 some graphs are given for different as well as
equal carrier frequencies. These pictures can be obtained on an
oscilloscope when measuring before the low-pass filter in the
demodulator. '

If the output of the demodulator is proportional to £2,, the
frequency of the input signal, then the output signal will have
the same shape as §2,. When the output signal has the shape of
Fig. 6, Fourier analysis shows that the dc component py of the

signal is

1 r+7/2
Poz;/ 1) - dt.

_T'2

1)

Integrating over the time interval T between two peaks, one
will find that this integral resembles the integral (26), so that
the dc component is proportional to the mean frequency of
Q,, and therefore to the frequency of the stronger signal.

When' the intervals between the peaks vary, the dc compo-
nent will vary too, and a low-frequency component will origin-
ate. This is the case when one signal or both signals are
frequency modulated.

In the preceding paragraphs the limited bandwidth of the
receiver circuits has not been taken into account. Therefore
capturing has‘been found to be absolute. In the following sec-
tion a closer look at the physical limitations will be taken. .

It is acknowledged that working with instaritaneous values
of frequency in frequency modulation has serious limitations.
We, however, believe that these limitations do not restrict the
validity of the present treatment. ‘

VI. THE PUSH-PULL DEMODULATOR

A frequently used type of demodulator is the push-pull
demodulator. In Fig. 11 the circuit is shown. For the bandpass
filter the following equation can be calculated:

uy  —k0xVTally

= - 32
Uy 1 +780, G2

This is the equation of a circle in which 8 = 2Aw/wyq is the
only variable. So f is proportlonal to the dev1at10n Aw. In
normal circuits

kQoVLy/Ly =2.

up may be approximated by

(33)
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Fig. 7. Resultant frequency £, of the limiter output signal if two
signals are supplied to the 11m1ter input. Signal a4 (frequency £24)
is unmodulated, signal ao (frequency Q9) is FM. The carrier fre-
quencies of .the two signals are different. Amplitude A1 > Ag.
Q, varies along the value of Qq; the mean value of 2, is ;. The
peaks in Q, pomt away from the ©29 curve.
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Fig. 8. Resultant frequency €, of the limiter output signal if two
signals are supplied to the 11m1ter input. Signal ¢; (frequency £21)
is unmodulated, signal g9 (frequency Qg) is FM. The carrier fre-
quencies of the two signals are different. Amplitude Ay < Ag.
Q. varies along the value of Qg; the mean value of §2, is Q9. The
peaks in Q. pomt away from the §27 curve.

V

w 2
1+p202 VT T2

Us = N =

1+78Q

uy. (34)

Now the polar diagram can be constructed, as shown in
Fig. 12. u3 and u4 are the sum voltages at the detector diodes.
- The output signal of the demodulator is
'U4|“[U3|=|u1|
. 460
VI+p202 {V1+ (-0 +VT+{T+p02}
(35)

uq is held at a constant amplitude by the limiter.

From this formula one can conclude that the demodulator
operates linearly only for small frequency deviations, or at a
low value for Q. At large deviations the output of the de-
modulator is “alt'tenu_ated” by a factor

K=1/\/1+ﬁZQ.2 {(VI+(0—-p02 +V/1+ (1 +60)2}.
(36)
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Fig. 9. Resultant frequency Q, of the 11m1ter output signdl if two 51g-
nals are sup héd to the llmlter lhput Signal @1 (frequency £24) is
unmodulate thal as (freqdéddy Q9) is FM. The cartier frequen-
cies of the two signals are equal. Amplitude 43 > Ag. Q. varies
dldhg the value of §27; the mean value of £, is £23. The peaks in
£, point away from the Q4 curve.
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Fig. 11. Normal push~pull demodulator (Foster—Seely)

This correction factor K is given in Fig. 13 as a function of
80, normalized on the valué of X for 0 = 0 (= 0.35).

“One can see that the attenuation is high at the moment the
instantaneous frequency deviation is large. This results in a
high attenuation of the peaks which appear in the frequency
functlon given in Figs. 6-10. Figs. 14 and 15 dre examples of
photographs taken from iH gﬁﬂbﬂloscope screen, when meas-
uring before the low-pass filter in the demodulator. These
photographs show this effect very clearly.

The corrected méan value of each peak is given by

, L A2+ A cos ¢

1:—[ (@) ' 37
7o 1+ A42+24 cos ¢

I'<i if 4>1

I'>0 if A<1.

Note thtt K is a function of ¢ as K is a function of the instan-
tanteous frequency shift.
Therefore, the capture effect is attenuated and the modula-

537

Frequency —— P

—— ™ Time
Fig. 10. Resultant frequency 2, of the limiter output signal if two
s1gnals are supplied to the limiter input. Signal ay (frequency Q1)
is unriibdutated, signal ao (frequency s) is FM. The carrier fre-
quencies of the two signals are equal. Amplitude 47 < As. 2,
varies along the value of £29; the mean value of Q. is Q9. The peaks
in Q, point away from the 24 curve.

vy BQ
‘+f3202

Fig. 12. Polar diagram for a push-pull demodulator. Uy is the second-
ary voltage; Uy is the reference voltage; Ug and Uy are the resultant
voltages at the demodulator diodes.

tion of the weaker signal is still perceptible if A does not have
extreme low or high values. The instantaneous ouptut of the
demodulator is a function of Qg — 4, if Q; equals the
resonance frequency of the demodulator. If two signals with
equal carrier frequency are at the input of the limiter, one
unmodulated and the other one modulated

lewl:wz

Qg = wy + Awy * COS Ugt

i
in which wy,; wa, and Aw, are constants, then the instantane-
ous output of the demodulator is proportional to

0 0 - A2+ A cos ¢ q 9
P T RO T e 0 g o g 2 1)

A2+ 4 cos ¢
@) 1+ 42 + 24 cos ¢

Awy COS Uol.

(38)

The mean value of the amplitude of the AF output of the
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Fig. 13. Attenuation factor K for the output signal of a push-pull demodulator as a function of 3Q.

Fig. 14. Output 51gna1 of a demodulator before the low-pass filter ~Fig. 15. Output signal of a demodulator before the 1ow-pass filter if

if two signals ¢ and ay aré supplied to the foregoing limiter input. two signals @7 and ag are supplied to the foregoing limiter- input.
Signal ¢f is not modulated, signal a9 is modulated with 1000 Hz, Signal a3 is not modulated, signal a9 is modulated witli 1000 Hz,
deviation 10 kHz. Diffeience in carrier frequency is also 10 kHz. deviation 10 kHz. Difference in carrier frequency is also 10 kHz.
20 log Ag/Aq = +1 dB. 20 log Ag/4, = —1 dB.
derhodulator is now proportional In the same figure curve d presents the measured output of
_ a Foster-Seeley demodulator with two signals with the same
Aw?2 [7 A2 + A4 cos ¢ carrier frequency at thé limiter input; one of these was modu-
A (®) 1+ A2 + 24 cos ¢ ) lated with a maximum deviation of 50 kHz at a modulation

frequency of 1000 Hz. The carrier frequericy was 10 MHz.
The band filter of the demodulator had a bandwidth of 300

Calculate the value of I' as follows: kHz; for this signal

1

i A%+ A4 cos ¢ ‘ o
‘/ Ko PRy d (39) 241 _250-10 633
mJo 1+A4%2+2A4 cos ¢ B ——3..105 33.
where
2 L 2Af

K(py = ————= e — - . —— =60 (40)

Aw? A%+ Acos¢ e ' TS
24f =~ e . (41) The AF output was measured with a seléctive voltmeter (wave
1 1+A%+24cos¢ analyzer). Curve a in Fig. 16 is the theoretical AF outpiit at
In Fig. 16 two computer calculated curves b and ¢ are pre-  100-percerit capturmg
sented, giving the relative AF output amplitude of the demod- Comparing curves b, ¢, and d, it is evident that equatlon
ulator as a function of 4. Curve b is caleulated for a demodu-  gives a good approximation to the-output of the demodulator.
lator bandwidth of B = 300 kHz. Curve a is calculated for a It shows tHe capture-effect as it is preseit at demodulation,
démodulator bandw1dth of Af = 50 kHz. For curve ¢ these using 4 demodulator with a limited bandwidth, as is normally
values are B = 1000 kHz andAf 50 kHz. used in FM receivers.
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CONCLUSIONS

By the foregoing we showed that it is possible to suppress
the capture effect by limiting the bandwidth of a demodulator.
Of course this can give distortion, but it may be possible to
choose a bandwidth giving a low distortion at a deviation
chosen, and yet giving a good suppression of the capture
effect by attenuation of the deviation peaks which occur at
interference.

According to Fig. 16, curve b, for A = 0.8 the suppression
of the weaker signal is 20 dB. At full capturing this signal
would not be audible at all. This may be important in satellite
communication, where, normally, hard limiters are used in the
repeaters, so the capture effect can be very strong.

Demodulators with large bandwidths will show strong cap-
ture effect. Demodulators with small bandwidths show less
capture effect. Measurements done on different types of de-
modulators confirm this. Counting demodulators do have a
large bandwidth and show strong capture effect.

A very small bandwidth can be achieved by using a syn-
chronous demodulator. Experiments using a synchronous
demodulator show that a weak capture effect can be obtained.
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