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The Effects'of Small Co_ntdminating Signals in
Nonlinear Elements Used in Frequency
~ Synthesis and Conversion

WILLIAM F. EGAN, MEMBER, IEEE

Abstract—Many electronic systems use nonlinear elements to add or
subtract two frequencies or to multiply or divide a frequency by an
integer. Some level of contamination by small undesired signals is al-
ways present and the ability to predict the effects produced by their
passage through the nonlinear elements is important in analyzing sys-
tem performance. These effects can often be predicted, for frequency
mixing (addition and subtraction), multiplication and division, by de-
composition of the contaminating signal into equivalent AM and FM
sidebands whose effects are more easily estimated. One important ef-

fect that occurs in frequency division is a sampling process which trans-

lates the frequencies of the interfering signals. A method for predicting
these effects is explained and experimental results, demonstrating the
application and applicability of the method, are reported.

I. INTRODUCTION

ANY ELECTRONIC SYSTEMS, including superhetero-
M dyne radio receivers, use inherently nonlinear devices.

Mixers, which are used in frequency conversion, typi-
cally have a nonlinear response to the stronger input, the local
oscillator (LLO). Frequency multipliers and dividers, used along
with mixers in frequency synthesis, are nonlinear, and their use
is growing as synthesis becomes ever more common in elec-
tronic equipment. The input that undergoes a nonlinear trans-
fer in these devices is usually intended to be of a single fre-
quency, or to consist of a single frequency and its harmonics,
so the desired product can be isolated by filtering from other
products generated in the nonlinearity. In practice, other,
relatively small, signals (we use the term “signal” to include
even noise components) will accompany the desired input
because of inherent noise, stray coupling, and the imperfec-
tions of other processes used to generate the desired input sig-
nal. It is, therefore, important to be able to predict how these
contaminating signals will pass through the nonlinearity so
their effects on the system can be analyzed and bounds can be
placed on their allowed levels.

A. Nonlinear Elements in a System

A system which employs many nonlinear devices where the
effects of small contaminating signals are important is illus-
trated in Fig 1. The system phase locks a voltage-controlled
oscillator (VCO) to a reference frequency; this might represent
a frequency synthesizer at some particular control setting.
Small contaminating signals are likely to be present at 4 as a

_result of the digital circuitry employed in the generation of
that signal. These will be in the form of both modulation side-
bands and additional signals, which we will term single side-
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bands. Other contaminating signals will be present at £ due to
undesired waveforms on the tuning-voltage input and power-
supply lines. In addition, undesired components will be gen-
erated in the mixing process. Once these undesired compo-
nents have been identified, the following important questions
arise. What happens to the level of the contaminating signals
at A as they pass through the frequency muitiplier? How are
they affected in passing through the mixer? How are the re-
sulting contaminants at C, plus those which come from the
VCO or are generated in the mixer, affected in passing through
the frequency divider and the phase detector to D?

B. Plan of the Paper

This paper proposes a method for analyzing the effect of
these small contaminating signals based on characteristics of
the nonlinearities which are often known, can be easily ob-
tained, or can be reasonably estimated. After a general descrip-
tion of the method, its applications to mixers, to multipliers
and to dividers are separately discussed. Then some experi-
mental results are presented in orders to illustrate the method,
to confirm its usefulness and to show some limitations.

C. Basic Description of the Components

Before the description of the analysis method and experi-
mental results begins, a brief tutorial review of the major com-
ponents to be discussed, the frequency mixer, the frequency
multiplier, the frequency divider and the phase detector, will
be given. Those who are familiar with the operation of these
components should proceed to the next section.

1) Mixers: Mixers are used to obtain a signal whose fre-
quency is the sum or difference of the frequencies of two input
signals, the RF and the LO signals. Mixers are commonly used
in superheterodyne radios to translate the received RF signal to
a relatively narrow band about the fixed intermediate frequency
(IF), thus enabling the signal to be processed in fixed-tuned
elements regardless of its original RF. The RF is chosen by
tuning the LO to a frequency which translates the desired RF
signal to the IF passband while translating other RF signals to
frequencies which do not fall into the IF passband, and are
therefore rejected. :

The frequency translation in most mixers occurs because the
LO and RF signals exist in a nonlinear element or elements.
The second-order term in the nonlinearity produces a signal

V, = K5(Vy, cos 8 + Vg cos Og)° a)
=K,[4 V(1 +cos26.)+ VL Vg cos (8L - Or)

+Vy Vi cos (B +0R)+ 3 V(1 +cos20g)]  (2)

where V; and Vg are the amplitudes of the LO and RF
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Fig. 1. A system which employs many nonlinear devices where the ef-
fects of small contaminating signals are important. Frequencies of
the desired signals are indicated.
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and wy, and wg are the LO and RF frequencies.

The second and third terms in (2) are at the difference and
sum frequencies, respectively, and either may be chosen as the
IF. Other orders of nonlinearity can also produce these same
frequencies so that, in general, the coefficients of the various
terms for the total response contain higher powers of ¥;, and
Vg. The mixer is generally operated with Vg small enough
that the lowest power term in Vi predominates but V is
generally large enough that many other powers of ¥y, are sig-
nificant. The total sum and difference frequency terms can
therefore be expressed as

Var = K(VL) - Vglcos (8L, - Og) +cos (8, +0g)]. (3)

Here, K (V) is a function of the LO signal level and represents
the conversion gain of the mixer. It rises with ¥ and ap-
proaches a constant (less than one) at high levels of ¥, where
the mixer is usually operated to maximize conversion gain,
The mixer thus has a linear transfer function from RF to IF
(except for the frequency translation) but is quite nonlinear
in its relationship to the LO. If the LO is a pure, constant-
amplitude sinusoid, the IF signal will look like the RF signal
a constant attenuation. Two RF signals which differ by 10 dB
will produce two sum or difference frequency signals which
differ by 10 dB and whose frequencies have each been trans-
lated by the LO frequency. The same cannot be said about
two LO signals. Other signals are also produced due to the
linear and higher- order nonlinear responses of the mixer.
These are signals at all frequencies given by

f=mfg +nf 4

where m and n are positive or negative integers. The undesired
responses, including leakage of the input signals (m or n equal
zero), are often reduced by balanced design which generates
several sets of desired signals and combines them in such a
manner as to cancel some undesired signals. Balanced mixers
have three ports, generally called LO, RF, and IF, and the sig-
nals at these ports are similarly identified (Fig. 2).

VRCOS((O“"GR) % K(VL,'VRKCOS(UL'MR* @ -ag)

+COS (w +wg +ay +ap)l
Vi cosiw +ay)

Fig. 2. Representation of a frequency mixer.
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Fig. 4. Frequency divider and waveforms.

2} Multipliers: A frequency multiplier is used to produce 2
signal whose frequency is an integer multiple of the frequency
of the driving signal. This is done by processing the driving
signal through a nonlinear element. In general, if the driving
signal is

V) cos 8, )
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where WL = WR, is

0, =wttoy
the result of passing it through the nonlinearity will be
Ve=Ao(V}) + 4,(V;) cos 8
+A,(Vy)cos 26, +
+Ap(Vy)cos kb +---. 6)
Ak( V;) will be proportional to Vlk at low enough drive levels

but multipliers are often operated at high levels, where 4,(V})
ipproaches a constant. Multipliers that produce significant
power at many multiples of the drive frequency are called
comb generators because of the appearance of their output
spectrums (Fig. 3). The driving power can be more efficiently
transferred to a desired output frequency if tuning is used to
concentrate the power at that one frequency.

A nonlinear element that is commonly used in frequency
multipliers is the step-recovery diode. When a step-recovery
diode is reverse biased, after it has been conducting in the for-
ward direction, it continues to conduct for a while, but con-
duction ceases abruptly. This abrupt discontinuity in current
flow can be used to generate the desired harmonics of the
driving-signal frequency.

3) Dividers: Frequency dividers are nonlinear circuits that
produce an output whose frequency is an integer submultiple
of their input frequency. They are usually composed of bi-
stable circuits, circuits which have one stable state that pro-
duces an output Vj and a second that produces an output Vj,
In many realizations, the bistable changes state when its input
passes some threshold between Vy and V; while changingin a
negative direction. In other bistables, the transition occurs
when the input is moving in a positive direction. Ineither case,
the output changes state only once for each input cycle so the
output frequency is one-half the input frequency. Bistable
elements can be cascaded and combined to produce various
divider ratios. Fig. 4 illustrates a frequency divider composed
of three bistable circuits.

~ 4) Phase Detectors: A phase detector produces a voltage
pgroportional to the difference in phase between two input sig-
nals. The balanced mixer is often used as a phase detector be-
cause, when the LO and RF signals are at the same frequency,
its output contains a component of voltage that is proportional
to their phase difference. This can be seen from (2) which, for

Vy =k, {3V [1+cos 2(wy, + )]
+ VL Vg cos (o - ap) + Vi, Vg cos Qwy, + o + ag)
+ S VZ (1 +cos 2wy, +ag)l). N

The second term in (7) gives a voltage proportional to the
phase difference a; - ag. Other terms produced by the bal-
anced mixer are partially removed by balancing or low-pass
filtering. Because of difficulty in removing these undesired
terms, a different type of phase detector, the sample-and-hold
phase detector, is sometimes used.

In the sample-and-hold phase detector, a sawtooth waveform
is synchronized to one of the input signals and its voltage is
sampled and held on a capacitor each time the second signal
reaches a given phase. The held voltage is then proportional,
over a range of one cycle, to the difference in phase between
the two input signals and, ideally, contains no other compo-
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whose phases are being compared will be binary signals, rather
than sinusoids.

II. THE METHOD OF AN

ALYSIS

A. General Method

The method for analyzing the effects of small contaminating
signals consists of decomposing the contaminating single-
sideband (SSB) signal into AM and FM sidebands [1], [2] on
the desired signal, treating the response to eachset of sidebands
separately, and recombining the separate results to obtain the
total response. The desired input signal is assumed to be an
unmodulated sine wave. The resuits will not be accurate if
there is significant AM-to-PM or FM-to-AM conversion, but

" these effects are small in many practical situations. Further, in

many practical situations the recombination will be simplified
because the AM sidebands are suppressed sufficiently to be ig-
nored at the output of the device.

We will associate the contaminants at the output with one of
the output signals which would be produced in the absence of
any input contaminants. However, nonlinear devices in general
produce signals at many frequencies in response to a single-
frequency input. Often the contaminants associated with
these additional responses will be rejected by filters which are
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Fig. 6. An illustration of how an SSB can be composed of AM and FM
sidebands, using (a) the Fourier representation and (b) the phasor
representation (wiggly lines are used for FM sidebands for illustrative

clarity).
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Fig. 7. AM voltage definitions for a sinusoidally modulated sine wave,

intended to reject the additional responses. However, we
should be aware of the possibility that a contaminating signal
associated with some additional response may become signifi-
cant, perhaps by coming into the passband of a filter which
passes the desired output.

The equivalence of SSB modulation to AM plus FM is
illustrated in Fig. 6 in both the Fourier and phasor represen-
tations of the signals. Both representations of the FM signal
lose accuracy as the sidebands become larger because the
additional sidebands that are present with FM grow relative to
the first sidebands, which are the only sidebands used in this
approximation. (At a modulation index of 0.2, the first FM
sidebands are 0.10 and the second sidebands are 0.005 relative
to the carrier.) The SSB is, then, decomposed into a pair of
AM sidebands and a pair of FM sidebands, all four of which
are one half the amplitude of the original SSB.

The manner in which FM passes through the nonlinearities
follows simple theoretical rules, which will be given later.
There is a sampling effect, that occurs in frequency dividers,
which could be considered somewhat complex, but which will

also be shown to be predictable without reférence to particular
device characteristics.

AM is expected to be transferred according to the slope of
the device gain curve at the operating point. This curve would
normally be a plot of output power Pp versus power of the
strong input signal Py, both expressed in decibels, and for iden-
tical resistive impedance levels. The slope is

_dPylep _dinVo _(1/Vg)dVp
dPflgg dlnVy (1/Vpd¥y

where ¥p and V7 are the output and input signal amplitudes.
Thus, the slope of this curve gives the ratio of the relative out-
put voltage change (dV¥p/Vp) to the relative input voltage
change (dV;/V7) and, therefore, the ratio of the relative AM
sideband level at the output to the relative AM sideband level
at the input. In symbols, we have '

Vino _ Ymr(dVoldVy) - Vet
myo = = =5§=

Voo VorVolVi Vor
where the variables are defined in Fig 7 and the O and I sub-
scripts represent output and input respectively. In many sitM"
tions, the nonlinear device will operate in a saturated condi
tion where S can be taken as zero,

®

=SmA; (9)
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Fig. 8. Effect of a small SSB on the LO of a saturated (by LO) mixer.

If the nonlinear device is broad band, such that there is no
significant FM-to-AM conversion, and if the AM-to-FM (or -PM)
conversion is small enough, we can treat the AM and FM side-
bands separately and simply recombine them at the output.

B. Frequency Mixers

In this paper, we will concentrate on a commonly used type
of mixer, the balanced mixer, in which the strong LO signal
level is reduced at the IF port by balanced circuitry. The
mixer transforms the weaker (RF) input signal in an effectively
linear manner, under usual operating conditions, during con-
version to the IF. Mixers are often specified by the levels of
spurious outputs produced at frequencies which are the sums
and differences of multiples of the RF and LO frequencies and
by intercept points, which describe the level of products pro-
duced by mixing between two RF signals (IM’s). Contaminat-

ing signals that enter the LO port produce some products that

are independent of the RF signal and are attenuated, both by
conversion loss and mixer balance, before reaching the IF port.
While even these reduced levels can often have serious conse-
quences, these signals can often be confined to frequencies not
in the IF band by filtering of the LO. The effect that we will
consider here is one by which a contaminating signal, separated
from the LO frequency by Af, produces sidebands on desired
IF signals that are also separated from them by Af. Since Af
may be quite small (it may represent the separation from the
center of the LO spectrum of a component of close-in noise),
this contamination can be difficult to reduce by filtering.

The analysis applies also to a single-diode mixer, where small
signals accompanying the LO are not differentiated from RF
signals, except by frequency range.

Since any change in LO frequency will cause a similar change
in the frequency of the IF (assuming the usual sum or differ-
ence frequency at the IF), FM sidebands are transmitted from
LO to IF with no change in amplitude relative to the ampli-
tude of the signal being modulated. The degree of AM transfer
from the LO to the IF can be judged from the slope - § of the
conversion-loss curve, a curve of RF-to-IF signal attenuation
versus LO power, since this also gives Pp versus Py (as defined
earlier) for a constant level of the RF signal. If the LG input is
represented by

Vp, = Ay [sinwyt +rsin (wy, + Aw)t] (10)

the resulting IF signal is

Vi= Ay {sm w1t+€ [sin (w; + Aw)t - sin (wy - Aw)t

+ 8 (sin (wy + Aw)t +sin (w7 - Aw)? )]I. an

Here we have decomposed the single sideband into AM and
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Fig. 9. Effect of a small SSB at the input of a saturated multiplier, ideal
case.

FM sidebands and translated their frequencies along with the
frequency of the desired signal while leaving the relative mag-
nitude of the FM sidebands unchanged but multiplying the
relative amplitude of the AM sidebands by S. This result is
similar to one obtained by N. Blachman through a different
derivation [3].

For low loss and good intermodulation suppression, the LO
level is usually high enough so that S is much less than unity
and the IF spectrum consists primarily of a carrier and two FM
sidebands as shown in Fig. 8.

C. Frequency Multipliers

A saturated frequency multiplier will suppress AM sidebands
in the same manner that a saturated mixer suppresses AM on
its LO. Even if the multiplier is operated at a point where S
exceeds unity, FM is likely to predominate because FM side-
bands increase in relative amplitude by the multiplication fac-
tor M, as shown in Fig. 9. This is true because, when the in-
put frequency f deviates by Af, the output at My deviates by
MAf, but the modulation frequency f,, is the same at input
and output. Thus the output FM index mpg is given in terms
of the input modulation index by

MA
mFo:_f f=Mmp] (12)
m

While AM itself may be suppressed, the effects of AM-to-PM
conversion may be severe in multipliers [4]. Where the har-
monics are generated by a rapid transition synchronized to one
slope of the input waveform (for example, with a step-recovery
diode), as the amplitude of the input varies the phase at which
the rapid transition occurs will change, causing AM-to-PM con-
version. The FM so generated will be multiplied like any other
FM at the input and will thus perturb the ideal results, even
for high vaiues of M.

In the absence of AM-to-PM and FM-to-AM conversion, pre-
diction of the level of contaminating signals at the multiplier
output involves:

1) resolution of the SSB into AM and FM sidebands, each
6 dB smaller;

2) a gain of M in relative level for FM sidebands, due to mul-
tiplication by M; )

3) multiplication of AM sidebands by the AM transfer gain
Sp

4) r:gombination of the resulting AM and FM sidebands,

adding sidebands that are on the same side of the output

carrier as the original SSB was, relative to the input signal,

and subtracting sidebands on the other side (assummg
Sy > 0).
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If the input to the multiplier is represented by (10), this pro-
cess gives a multiplier output of

Vag = Apy {sin Mwy, +§ [M (sin (Mwy, + Aw)?

- sin (Mwy, - Aw) 1)+ Sy (sin (Mwy, + Aw)t

+sin (Mwy, - Aw)t)]} (13)
where Sy is the slope of the logarithmic curve of Mth-harmonic
power versus input power, as in (8).

An SSB is decomposed into two in-phase and two 180°-
out-of-phase (with each other) components, as shown in
Fig. 6. If the AM and FM sidebands so represented are mul-
tiplied by different constants, each with the same phase, they
will then add in such a manner as to produce a larger sideband
on the side where the SSB originally existed. However,
in the case of AM-to-PM conversion, we expect the result-
ing phase deviation to be in phase with the amplitude devia-
tion that caused it, but Fig. 6 represents amplitude and phase
deviations that are in quadrature. Therefore, the PM sidebands
produced due to AM-to-PM conversion tend to be in quadra-
ture with all of the components of the original decomposition
and cannot cancel any of them.

D. Frequency Dividers

The most commonly used frequency dividers are regenera-
tive circuits which change state when the input (clock) moves
through a relatively narrow part (the transition region) of its
total normal voltage swing. The signal level at the divider out-
put is largely independent of the level at the input, so signifi-
cant AM suppression is to be expected. If the input isso biased
as to be centered on the transition region, AM-to-PM conver-
sion should also be minimum. If the bias is shifted from this
point, however, a change in signal amplitude will cause a change
in the time at which this transition region is passed and, thus,
AM-to-PM conversion. The bias that gives the best sensitivity
(i.e., permits dividing with the smallest input signal) is approx-
imately the same as the bias which minimizes AM-to-PM con-
version, since the signal would be centered in the transition
region in each case.

If AM is suppressed completely, the output will have only
FM sidebands whose level relative to the carrier is lower by the
divide ratio N than the relative level of the input FM sidebands,
as illustrated in Fig. 10. The reason for reduction by a factor
N is basically the same as the reason that the multiplier side-
bands increase by M.

1) AM-to-PM Conversion: If we assume that the transition
occurs when the input passes a certain level (the transition
level), then the phase at the transition will be

07- = Sl'.I!“l ﬁ

Yo

where the variables are defined in Fig 11. The rate of change
of phase with amplitude is

) 1
B as)

de sz
% 1/ () -1
Vr

Therefore, the FM index mg, which equals the peak phase de-

(14)

'PROCEEDINGS OF THE IEEE, VOL. 69, NO. 7, JULY 1981

N (® - 6= 20 log N} d8

_‘__._l__
s of
Af g

fd

[0 ¢80

Fig. 10. Effect of a small SSB on the input to a divider biased for
high sensitivity
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Fig. 11. Divider input signal and transition level.

viation in radians, is related to the bias offset ¥, by

doy
7
av, | ?™

meg=

(16)

=.._...ﬂ_.._ 17)

V. 2
-
Vr

and the effective FM sidebands at the input will be lower by

()

A =201log e —1} -1dB (18)
Vr

than the AM sidebands which cause them. When an SSB at the
divider input is decomposed into AM and FM, the phase
modulation due to the FM will exceed that due to the AM
if Vo is less than 70 percent of V. Therefore, the AM-to-
PM conversion can often be ignored in dividers that are biased
for good sensitivity relative to the input signal strength. When
the bias offset is small, (18) becomes

: V;
o~ _p
Alyr<< v, ~ 20 logy v dB. (19)
At the divider output, the relative (to the carrier) amplitude of
the FM sidebands diie to AM at the input is

RpdB=R;dB- A - (20 log,oV) dB (20)

where Ry dB is the relative (to the camer) amphtnde of the
AM sidebands at the input.

2) Sampling: The output of the digital frequency divider
supplies information concerning its phase only at the time of
the discrete output transitions. Phase modulation at the divider
input affects the output only at these times. Therefore, the
phase of the divider output is sampled at the transition rate

=2fIN @n

where f7 is the divider input frequency. If the divider drives 3
device that makes use of only one direction of transition, the
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Fig. 13. Fourier spectrum of phase deviation (a) at divider input and
(b) for positive transitions at output, before data hold.
sampling rate will be half of (21), or zeroth-order-hold transfér gain [6],
fs=JiIN. (22) ] = sin 7 (f3/4) 25)
For example, assume that the divider input is phase modulated m (Jal fs)

with a peak deviation m; at the frequency Jm, and its output
drives a sample-and-hold phase detector that samples on its
upward transitions, as illustrated in Fig. 12. The phase-detector
output will contain not only a component at f;,, but compo-
nents at all frequencies given by

Ja=|fm + nfl (23)
=|fm + nfgINI (24)

vhere n is any positive or negative integer [S]. (Although the
input is modulated, we approximate f; as a constant in (24)).
This is illustrated in Fig. 13. The amplitudes of all of these
components will be identical except for multiplication by the

_—

In terms of the input modulation, each output component will
have a magnitude given by

- K, ,mysin (Nfal ) (26)
N n(Nfl )

where K, is the ratio of output voltage to input phase f9r the
phase detector. This means that an input phase modulation at
a frequency given by

b/l
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where K is any integer and 8 is small compared to one, will [
appear at the phase-detector output with a frequency

+ SLOPE ESTIMATE
ROM FIGURE 9

© AM RESPONSE

fr L
=15 =1 28 no
fa N (28)

This can be shown by combining (24) and (27). The ampli-

tude of this component at the phase-detector output is given ~
by (26) as

o~

K‘me sin & ~ K‘Pml
N 7é N

(29) -

Thus there are an infinite number of input modulation fre-
quencies that will produce this low-frequency output, and the ?
attenuation at each will be the same. For example, if the z
divider input frequency is 1 MHz and its output is at 1 kHz, 5
an FM sideband on the divider input, at 1100.1 kHz, will pro-
duce the same output from the phase detector as would an FM
sideband of identical level at 1000.1 kHz. This is of special -
importance in phase-locked synthesizers because contaminat- ‘
ing signals that are separated from the desired signal by a fre- ..
quency much greater than the loop bandwidth can cause phase . + ' J
modulation well within that bandwidth, and this modulation
will be followed by the output signal. N ']
While we have used a sample-and-hold phase detector in this
example, the sampling process is inherent in the operation of ) ° -]
_the divider, and similar translations are to be expected when " .
her devices are driven by the divider. =’
3) Summary: The pracess for analyzing the effects of an -20 v R
SSB contaminating signal at a divider input is summarized as o
follows; flo e

First: Decompose the SSB intq AM and FM sidebands. ) Fig. 15. AM transfer gain.
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ig. 16. Thearetical and measured mixer output sideband levels,

Second: Determine or estimate the amount of AM-to-PM
conversion.

Third: Determine the total FM sidebands at the input by
adding, in quadrature, the FM sidebands obtained in the first
step to the FM sidebands determined in the second step.

Fourth: Reduce the sideband levels by the divide ratio M.

Fifth: Apply (23) to find all of the modulation frequencies

aanaroatad
Bviiviaivu,

III. EXPERIMENTAL RESULTS
A. Frequency Mixing ‘

asacnramantc wara m ar v PO )

Measurements were made employing a double-balanced mixer
(Relcom M1A) with a signal level of - 10 dBm. The conver-
sion gain is shown versus LO power in Fig. 14. In order to de-
termine the degree of AM transfer from LO to IF, the LO was
amplitude modulated 20 percent and the resulting AM side-
bands were measured at the IF. Fig. 15 shows the AM transfer
~ " ain from LO to IF with points plotted from the AM measure-
ments and from estimates of the slopes of the curve in Fig. 14.
The two sets of data points show good agreement. AM was
then stopped and an upper-sideband contaminating signal was

TABLE 1
FREQUENCIES USED IN THE MIXER TesT
1O {desired signal} 10 MHz
AM on LO 10 kHz
Contaminating Signal with LO 10.01 MHz
RF (Weak) Signal 10.1 MHz
ir 0.1 MH2

added to the LO at a level 14 dB below the LO power. By

P s e mmtiiualan o dazem ARE et duen DM adda
Section II-A, this is equivalent to two AM and two FM side

_bands, each at - 20 dB. The sideband-to-carrier ratios observed

at the IF port are plotted in Fig. 16 relative to the - 20-dB level
that would be obtained from FM alone if AM were completely
suppressed. Also shown is the AM transfer gain from Fig. 15
and the theoretically expected levels of the two main sidebands
from (11). The measurements show good agreement with
theory. The levels of the second-order FM sidebands are also
plotted, and it can be seen that they are relatively small. Table]
lists the frequencies employed in this experiment.
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Fig. 17. Output power from multiplier and driving amplifier versus
input power.

B. _F requency Multiplication

Measurements were made on a frequency multiplier consist-
ing of a spectrum generator (HP H21-33002A) driven through
an amplifier (Avantek AWP400T) at 100 MHz.

Fig. 17 shows power output versus input (the power transfer
curve). Fig 18 shows the expected sideband level at the dou-
bled output, as estimated from the slope S, of the X2 curve in
Fig. 17, and also the measured AM transfer gain to the doubled
output. At higher power levels, the measured AM transfer gain
is higher than Fig. 17 would indicate, suggesting significant
AM-to-PM conversion. The difference in levels of the two out-
put sidebands in the region above 7-dBm input power, where
the amplifier has saturated, is explainable by AM-to-PM con-
version if there is some phase shift between the AM and result-
ing PM. ‘

Fig. 18 also confirms the theoretical 6 dB increase in FM
sideband levels through the doubler. The measured sideband

Aavels on the doubled output, in response to a - 24-dBm SSB,

: shown in Fig. 19, where they are compared to values pre-

dicted. by (13) with S, obtained from the measured AM trans--
fer gain from Fig. 18 (SSB offset equals AM frequency). In.

F.is. 20 these same sideband levels are compared to levels pre-
dicted by (13) with S, obtained from the slope of the power

transfer curve, as in Fig. 18. Both methods give useful results
except where the predicted level is very small. The actual
lower sideband was not observed to disappear; its minimum
level corresponds to a 14° (+180°) phase difference between
the AM and FM sidebands.

Tables II and III show the parameters involved in prediction
of the transfer of a contaminating signal through the X 4 and
X 10 multiplication process, respectively, for three power levels
in each case. Since PM is multiplied, AM-to-PM conversion is
accentuated for higher order multipliers, as can be seen through
a comparison of columns (b) and (c). Columns (f) give predic-
tions based on the slope of the power transfer curves. Columns
(g) give predictions based on the measured AM transfer gain.
Consideration of the FM component alone suffices for X 2, X4
and X 10 when the multiplier is well saturated. These predicted
levels are a - 24-dB sideband for X2 (compare to Fig. 18) and
each sideband 6 dB and 14 dB higher than the SSB for X4 and
X 10, respectively (compare to columns (e) in Tables II and
III). Where the power transfer curve has near-unity slope or
where the slope is steep, neither prediction method gives con-
sistent accuracy for lower sidebands, but all predictions of
upper sideband levels are within a few decibels of measured
values for upper sidebands and come close to being an upper
bound on the magnitude of the lower sideband.
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TABLE II

on power transfer curve.

PARAMETERS RELATING TO THE TRANSFER OF CONTAMINATING SIGNALS
TO THE X4 QUTPUT. VALUES ARE GIVEN FOR BOTH SIDEBANDS

{a) (b) (c) (d) (e) (£) (g)
p {dBm) Measured Measurcd Measured** Theory, SSB (dB) from**
Gen S, Slope (dB) AM Gain (dB) FM Gain (dB)| SSB Gain (dB) (b) (c)*
+13. - - 2.1/2.1 +12.3/+12.3 +6.1/+7.6 6/6 4.1/7.6
+6 -0.7 @B 8.1/7.5 +12.1/+12.2 +7.8/+8.2 3.1/7.8 5.1/6.8
-1 +16.3 aB 18.1/19.2 +12.2/+12.2 +9.9/416 2.1/14.4 7.1/16.0
THEORY : be=c +12 e=f eng
:ysing average of 2 values.
Each SB out/SSB in.
TABLE 111
PARAMETERS RELATING TO THE TRANSFER OF CONTAMINATING SIGNALS
10 THE X10 OuTPUT. VALUES ARE GIVEN FOR BOTH SIDEBANDS
(a) (b) " {e) (a) (e) (f) (g)
Measured Measured Meagured#+ Theory, SSB (AB) from*+*
Poen dE™) S, Slope (dB) aM Gain (dB) PM Gain (aB)| $SB Gain (as) (b) (c)e
+13 + - 10.2/10.3 20.2/20.2 14.3/14.2 14/14 10.5/16.5
+4 -2.9 dB 18/18 20.7/20.7 15.7/16.2 13.4/14.6 0.3/19.1
+1 +6.4 dB 22.2/22.2 20.1/20.1 17.5/19.2 12.0/15.6 3.2/21.2
THEORY : b=c +20 anf e=g
*® .
Using average of 2 values.

**Each SB out/SSBin. -
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REGION

Fig. 22. Change in required input swing with bias. The swing must pass
through 8 transition region whose boundaries change slightly with in-

put amplitude.

C. Frequency Division

Measurements were made on a standard 5418197 frequency
divider (+16) IC [7]. At various input bias levels, the input
signal was reduced until the divider failed to divide properly.
The required input amplitude is plotted versus bias in Fig. 21.
The bias voltage is the externally supplied voltage; the ampli-
tude was obtained by measuring the peak-to-peak swing, for
one source setting, at the divider input with the bias at a level
where no clipping was apparent, and multiplying by the change
in (50-82) attenuator setting from there. Other measures are
possible, but this method has the advantage of experimental
ease. Fig. 21 shows a minimum required amplitude of 0.16 V
at a bias of 1.04 V. A change in bias from the optimum must
be compensated for by increasing amplitude by only 80 percent
of that change. Thus, when the signal becomes larger, its ex-

cursion need not reach quite to the same extreme as for a
smaller signal. This is illustrated by Fig. 22.

The divider input was amplitude modulated 20 percent and
the resulting sidebands on the +2 and +16 outputs are shown
in Fig 23, as functions of the bias, along with some theoretical
curves. Curve A4 is a plot of (17), reduced by the divide ratio,
and shows that the equation gives a fair match to experimental
data. A better match is obtained by using, in (17), an effective
signal amplitude that is larger by 1/0.8 to account for the ap-
parent change in threshold with bias as shown in Figs. 21 and
22: such curves are shown as B in Fig. 23. The measured values
deviate from curve B at low output-sideband levels and at low
bias levels. The former discrepancy may be due to the coupling
of AM to the output. The latter is probably due to suppres-
sion of AM at the input due to clipping when the swing goes
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Fig. 24. Test setup for showing sampling effect in dividers.

too far negative; this AM suppression at the input is shown by
surve D and an improved match is obtained by using this re-
ed modulation level, as is done in curves C.

In order to observe the effect of sampling, two dividers were
driven by a 10-MHz signal and, in addition, one divider had an
added contaminating signal at its input. The setup is shown in
Fig. 24. The dividers were biased near maximum sensitivity

and the phase-detector output was predicted under the assump-
tion of no AM-to-PM conversion. The contaminating-signal fre-
quency was offset from the desired-signal frequency by 2 kHz
and the measured output phase deviation was found to be within
a few tenths of a decibel of theoretical. The contaminating-
signal frequency was then shifted from +2 kHz by multiples of
the divider’s output frequency and the 2-kHz component on
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Fig. 25. Phase detector output at 2 kHz resulting from frequency divi-
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the phase-detector output was again measured. Results are
shown in Figs. 25(a) and (b). The resulting phase deviation is
within about 4 dB of the theoretical constant level, even when
the contaminating-signal frequency is as high as 70 MHz, which
is well above the typical maximum toggle frequency, 40 MHz,
for this type of divider [7].

IV. CONCLUSIONS

We have seen how the effects of small contaminating signals
in mixers, multipliers and dividers can be predicted by decom-
position of the contaminating signal into AM and FM sidebands,
which are then treated separately., This method is simplest to
apply and most accurate under the most common operating
conditions of the devices. Results are poorest where there is
significant AM-to-PM and FM-to-AM conversion or when the
effects of the contaminating signals are greatly attenuated,
relative to the desired output, by the nonlinear device.

Contaminating signals (or other phase modulation) in fre-
quency dividers produce many modulation frequencies at the

divider output due to frequency translation caused by a sam-
pling effect.

ACKNOWLEDGMENT

The author would like to thank Dr. N. Blachman for his very
helpful review of the original manuscript.

REFERENCES

[1] S. Goldman, Frequency Analysis, Modulation and Noise. New
York: McGraw-Hill, 1948, pp. 172-175.

{2] W. Egan, Frequency Synthesis by Phase Lock. New York: Wiley,
1981, pp. 65-67.

[{3] N. M. Blachman, “Band-pass nonlinearities,” IEEE Trans. Inform.
Theory, vol. IT-10, pp. 162-164, Apr. 1964.

{4} E. Bava et al., “Measurement of static AM-PM conversion in fre-
quency multipliers,” IEEE Trans. Instrum. Meas., vol. IM-26,
pp. 33-38, Mar. 1977,

{5] J. R. Ragazzini and G. F. Franklin, Sampled-Data Control Systems.
New York: McGraw-Hill, 1958, p. 19.

(6] Ibid,p. 34. .

{7] TTL Data Book. Santa Clara, CA: National Semiconductor Corp.,
Feb. 1976, pp. 2-103.



