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16.5 SIGNAL DISTORTION DUE TO INTERMODULATION
PRODUCTS

Operating an amplifier under large-signal conditions causes distortions in the output
signal. This distortion is primarily caused by deviation from lincar operation, which
causes new frequencies to appear at the output port. usually referred to as “intermod-
ulation products.”

DEFINITION-INTERMODULATION PRODUCTS: The additional frequencies at
the output of a nonlinear amplifier (or in general any nonlinear network) when
two or more sinusoidal signals are applied at the input.

To illustrate this concept. let’s consider the following input signal consisting of
two frequencies, each with unity amplitude:

Vi(t) = cos(2nfir) + cos(2mfrr) (16.22)

If Vi(r) is applied to a nonlinear amplifier (see Figure 16.22) with the output/
input voltage characteristic of:

V(1) = AVi(1) + BV (1) + CVi (1) (16.23)

FIGUBE 16.22 Nonlincar Vi(t) Vo(t)
amplifier.

Then, the output signal V,,(¢) will contain not only the original frequencies /) and
f>, but also the following intermodulation products: DC, 2f,. 2f5.3f1. 3. i £ /. 2/ =

fo.and 2f, % fy.
We may classify these intermodulation products as follows:

Second harmonics: 21, 2/5 (caused by V,-2 term).
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Third harmonics: 3f,.3/> (caused by Vﬁ term).

Sccond-order intermodulation products: f; + f5 (caused by V,-2 term).

Third-order intermodulation products: 2f; = 5, 2f,  f; (caused by Vf lerm).

These are plotted on the frequency scale along with the original frequencies, as
shown in Figure 16.23. From this figure, we can see that all additional frequencies can
be filtered out except the intermodulation products 2f; - f> and 2f>—fi.which are very
close to f} and f; and fall within the amplifier bandwidth and cannot be filtered out.
Thus, they are capable of signal distortions at the output.

F>ir1 F’Out

¢

. Al

f1 I fi—f2 T f1 f2 T 2f1T 2f2 3]‘1T 3f2
2f1-~f2 2fo—f1  fi+fo 2f1+f2
2fa+ f1

FIGURE 16.23 Input and output power spectrum.

Third-order two-tone intermodulation products (2] - f5) and (2f; - f1) have spe-
cial importance because they set the upper limit on the dynamic range or bandwidth ot
the amplifier.

A measure of the second- or third-order intermodulation distortion is given by
two theoretical intercept points, as shown in Figure 16.24. As can be seen from
Figure 16.24. the third-order product has a lower intercept point than the second-
order product and thus is more significant in distortion analysis.

If the third-order product output power is measured versus the input power.
then the third-order intercept (TOT) point can be theoretically obtained, as shown in
Figure 16.25. The higher the value of power at TOI (Pyp; or Pip), the larger the
dynamic range of the amplifier will be,

The power at the third-order intercept point can be theoretically and experimen-
tally obtained to be approximately given by:

Pip(dBm) = P yg(dBm) + 10(dB) (16.24)

Furthermore, the ditference between the two curves (Pr1= Py - o) is avariable
quantity and is maximum at P, ;. and zero at Pyp. It can be shown that:
2 ; .

We now define the “spurious free dynamic range” (DRy) to be the difference
between two powers Pf-1 - P2/‘1 _ s, When the third-order intermodulation product is
equal to the minimum detectable signal. That is:
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FIGURE 16.24 Second and third order intercept points.

DRy=(Py = Pap_p) when (Pyp_p =P 4

Thus, we can write DRyas:

2

U.mds) o.mds)

where from Equation 16.10,

P, nastdBm) =174 dBm + 10log;,B + G 4(dB) + F(dB) + X(dB)

Solution:

EXAMPLE 16.7

Calculate dynamic range (DR) and spurious free dynamic range (DRy) for a
microwave high-power/broadband amplifier that has a gain of 20 dB, a noise
figure of 5 dB, a bandwidth of 250 MHz and can deliver a power of P ;5 = 30
dBm (assume X =3 dB).

P, imds{dBm) = -174 dBm + 10 log 4B + G 4(dB) + F(dB) + X(dB)
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FIGURE 16.25 Third-order intercept point.
=-174 + 10 log(250 x 106) +5+20+3=-62dBm

DR =30-(-62) =92 dB
DRy=(2/3)(30 + 10 + 62) = 68 dB

Two-Tone Measurement Technique. Third-order intercept power (Pp)isa

figure of merit for intermodulation product suppression. A high intercept point is a
good indicator and signifies a high suppression of undesired intermodulation products.
An experimental method for finding P;p is by the use of a technique called “two-tone
measurement technique.”
' In this technique, two signals of close but different frequencies that have equal
magnitude are applied to the input of the amplifier, as shown in Figure 16.23. Using a
spectrum analyzer, the outputs are examined (see Figure 16.23), and from a simple
measurement of the difference in power between the main output (Pf1 in dBm) and
the third-order intermodulation product (szl-f» in dBm), we can’ obtain P;p (in
dBm). To find P;p, first let’s define: -

Then, substituting for P2f1 -1, from Equation 16.27a in 16.25, we can write:
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A=2p . -P _2(p,,— (P, -A)] (dB 16.27b
- :‘5\ P~ 2/‘]_]"1) = 3[ [[)’( fl‘ )] ( ) ‘ ( - )

By rcarranging terms in Equation 16.27b we obtain (P;p)s for the third-order
harmonic as :

A
(P[P)3 = Pf\ +§ (dBm) (16283)

Thus, by halving the difference (in dB) between the main output and one of the
third-order intermodulation products and adding it to the main output, we can obtain
the third-order intercept point (in dBm) as in dicated by Equation 16.28a.

EXAMPLE 16.8
© If through measurement we find that P, = 8 dBm and A = 40 dB for the

. . . oo .
third-order intermodulation product, what is the power at the third-order
intercept point?

(P;p)3 can easily be calculated to be:
(P;p)3 =8 +40/2 =28 dBm

NOTE: Ir can be shown that in general, for the n'" order intermodulation product
(n#1), Equation 16.28a can be generalized as:

A |
(Pyp), = Py + —=7 (dBm) (16.28b)

where A is the difference between the fundamental harmonic power and the undesired
n'" intermodulation product power.

16.6 MULTISTAGE AMPLIFIERS: LARGE-SIGNAL DESIGN

As discussed in the last chapter, most practical transistor amplifiers usually consist of a
number of stages connected in cascade forming a multistage amplifier. In a high-power
amplifier, each stage should be designed for operation at maximum power such that
the maximum power transfer condition is met. In the next several sections, we will
present a detailed analysis of a multistage high-power amplifier.

16.6.1 Analysis

Consider a general N-stage amplifier configuration, as shown in Figure 16.26. To have
a stable amplifier, the stability of the individual stages as well as overall stability must
be checked.
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FIGURE 16.26 N-stage FET amplifier configuration.

In this type of amplifier, the goal is to produce the overall highest possible
power. Thus, each stage must operate at or close to its 1-dB gain compression point
under large-signal conditions. This means that using power contours we need to select
I, p at the point where P = P, (Which is at the output port of each transistor)
and then use conjugate matched condition for the input port to minimize VSWR and
create the maximum power transfer condition, i.e.,

Tg=(Tpn) (16.292)
Uiva=Trp (16.29b)
Tovrm=(Tiv2) (16.29¢)
Covurmn = Tvn) (16.29d)
Uy =Tppn (16.29¢)

where T'; p | . T p>...T; p, represent points on the power contours where P, ;.
occurs for transistors Q. Q5. ....Q,,. respectively.

Overall Third-Order Intercept Point Power

High-power amplifiers are designed not only to obtain large amounts of output power
but also to have a high third-order intercept point (7O[). If each individual stage has a
known power valuc at TOI (Pygy;). then assuming in-phase addition (of the Pyg; of
each stage). overall Py, of the multistage power amplifier is given by:

1 1 1 - 1
GPnGPn—l"'GP2PTOI.l

- ; (16.30)
PT()I P'l"()l.n GPHPTOIJI—I

where G pis the power gain.
If all stages are identical.i.e..
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Gl’/\‘ = (;p. k=12...n (163] a)
Proir=P k=12...n © (16.31b)
Then, Equation 16.22 reduces to:
1 1( 11 1
— = =l —+ .+ (16.32)
Pror PL Gp g, G',ilj

Using Equation 15.33, the geometric series identity, Equation 16.32 becomes:
=1 G;j

- (16.33)
P, PI-17G,

For an infinite chain of amplifier stages (i.e.,n — o), we can write Equation 16.32
as:
Pro =PI =-1/Gp) (16.34)
In practice, n may be large (but is not infinite). thus Equation 16.34 gives a best
case scenario for the amplifier’s overall power at the third-order intercept point
(P7oyr). which is a power amplifier’s figure of merit—very similar to noise measure
(M), which is a figure of merit for an LNA as discussed earlier.

16.6.3 Dynamic Range Considerations

As discussed earlier, the dynamic range of an amplifier is bound at the lower end by
noise considerations (P, ,,,,) and at the upper end by 1-dB gain compression point
{(Pgg)- Thus. for an n-stage amplifier. we can write:

a) Lower Limit of Dynamic Range.

(Po.)’n(/s)cas = KT(dBm) +10 IOgl()B + 1010g1()F

cas + GA o (dB) + X(dBm) (16.35)
where (see Equation 15.28):
Gan=GA1Guar . Gay . (16.36)
Fo-1  Fy-1 F -1

F = F, + + +..+
! Ga Gu1Ga, Gr1G 420G uy

cas

(16.37)

Special Case: Identical Amplifiers For identical amplifiers and n very large
(n — o). Equations 16.36 and 16.37 simplify as:

Gar=0y  k=12...n (16.38a)
F.=F k=1.2...n (16.38b)
G o= (Gg)! (16.39)
F-1
F .o o=l+—" =1+M (16.40)
1-1/G,

(P nds)eas = KT(ABm) + 10log o8 + 101logy (1 + M) + nG 4(dB) + X(dB) (dBm)(16.41)

Page - 7 - of 19



EE503 notes

Distortion
where (sce Equation 15.36):
F-1
Mz — (16,42
-1/G, ne

NOTE: (P, i) for the first stage is given by:
(P, )1 (dBm) = KT(dBm) + 10log; (B + 101log;of + G4(dB) + X (dB) (1643

Combining Equations 16.4] and 16.43 we can see that:

(Po.mdx)('u;\‘ (dBm) = (P(um!\s)l (dBm) + AP{').H (1644
where
I+ M .
AP, =10logy, (—F—) +(n- DG, (dB) (16,44
Because AP, ,, is always positive, thus we can write:
(P().nulx)un 2 (Pu.mu’\‘)l (16.43:

Equation 16.45 shows an imporiani consideration where the output nunimiin
detectable signal for the whole cascade (P ) Bs determined by and dependy
J o, mds/ cas I
grearly on the minimum detectable signal of the first stage of the cascade,
(P, . Thus, it is important to have the first stage operate at the lowest possible
o,.mds/1 ! J
output noise level.

b) Upper Limit of Dynamic Range. At the upper limit. the total output
power at 1-dB gain compression point (4g ) can be shown to be of similar form to
Equation 16.30:

1 1 1 1

Pranen  Prann CpaPrasa T GGy Gl o
If all stages are identical. i.e.,
Gpr=Gp. k=12.....n (16.47a)
Piapi = Prap- k=1.2.....n (1647
then Equation 16.46 reduces to:
! = 1 |(1+L+ ! ot 1 \ (1o
Piagcas Pras. Op G G

Using Equation 15.33. the geometric series identity, Equation [6.48 becomes:

HoN

P1aB cus PldBLl -1/Gp

RIS

/

For an infinite and idenfical chain of amplifier stages (i.e..n—ee) and very similar
to Equation 16.34, we can write Equation 16.49 as:

PLaB cas = Prap(l - 1/G[’) (16.501)

Page - 8 - of 19



EE503 notes
Distortion

NOTE: Because Gp 21 and Pyyg , = P1ap, we can see from Equation 16.50 that
at all times: o

P14 cas < Prapa - (16.51)

That is, the signal at the output of the cascade is below or ar the 1 dB gain compres-
sion point of the last-stage amplifier.

As can be seen from Equation 16.51, the power output at 1 dB gain compression
point for the whole cascade (Pgp () is limited by the last stage 1 dB gain compres-
sion point power capability (P14g ,,). Thus, we can conclude the following:

CONCLUSION: [t is crucial to have the last stage of the cascade be designed such
that it has the highest power handling capabiliry.

16.6.4 Wide Dynamic Range Multi-stage Amplifier Design
For an n-stage amplifier, the actual dynamic range (DR) is given by:

DR = PldB.('aS(dBm) - (P(J.m(l's)('a.\'(dBm) (16.52)

As noted from the previous section, however, for a wide dynamic range design
we need to have the following considerations firmly in place:

a. From Equation 16.45 it can be concluded that the first stage sets the lower limit.
Therefore, ideally we would like to have:

(Po.mds )('as = (P().md.s')l (1653)

b. From Equation 16.51, we can observe that the upper limit is determined by the
1 dB gain compression point of the last stage and ideally, we would like to have:

P1aB.cas = P1aB n (16.54)

Thus, the maximum dynamic range or the best estimate of dynamic range
(DR,,,,v) that we can hope for, can be written as:

DRy = PldB.n(dBm) - (P().mds)l(dBm) (16.55a)
Thus, for n identical amplifiers (n — o ):
DR,y —DR=AP,, + P14p/Gp (16.55b)

POINT OF CAUTION: From Equations 16.44 and 16.45 we can observe that
increasing the number of stages (n) and/or available gain (G 4) of each stage will
increase the overall gain but will reduce the effective dynamic range by increasing
(P, mds)cas- Thus, there is a trade-off between the overall gain and the dynamic
range of a multistage amplifier.
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resultant matrix to be used in the next multiplication is stored. Similarly, we start

with the first noise matrix [|C1}], the second, ||C2]}, and the first stage ABCD-matrix, Voltage gain G, G.,
||E 1|, and produce a resultant noise matrix, using Equation 3.17. The resultant noise 2d-order
matrix is then combined with that of the third stage, using the resultant ABCD-ma- intercept point Vi Vis
trix of the first two stages to produce the three-stage resultant noise matrix, and so 3d-order
mtercept pOInI \Y

on. 131 V2,

It is not necessary in all cases to use the ABCD-matrix to calculate the overall ]
performance. In some cases, a Z-matrix, Y-matrix, S-matrix, or other matrix may
prove most desirable in some circumstances, in which case, it is necessary to Signal v G-V e
develop appropriate formulas to replace Equation 3.17 to calculate the equivalent 2d-order v1 v1'Gyo°V
noise matrix. Also, the noise matrix based on the representation of Figure 3.2b may intermodulation product Vv GV
not prove best in all cases. A matrix based on the two-voltage representation of 3d-order 421 v2 Vazr Voo

Figure 3.24, or the two-current representation of Figure 3.2b may be most useful intermodulation product

Vv

d31 G, VyartV

. - . . 2

m pamcular cases. These noise matrices are expressed as follows: v d31 d32

Figure 3.5 Block diagram of cascaded amplifiers with IM distortion.

(3.18) :',

i || Go G = | g

G Cn Vi x V" Via xVr'

It is necessary, of course, to develop the detailed expressions for these matrices ;
in terms of measured noise characteristics, analogous to Equation 3.16, in order to b
use them. Also, the transformations to single overall matrices must be developed, 4
based on the specific multiple circuit interconnection configurations and the form
of the circuit matrices.

We shall not pursue these matters further here, because for most applications §
considered in this book we are interested in cascaded interconnections. At the lower
frequencies, the assumption of no correlation between the noise sources of acircuit §
suffices, so that a single noise voltage or current may be used, as in Figure 3.3.

assuming in-phase addition of the individual contributions. For example, the
second-order ;‘)roducF generated in amplifier 4; is Fg2s and that in 42 is ’dez
Because Vaz; is applied to the input of 42, the overall IM product obtained at the

output of 42 is (Gv2 V21 + : N . . ’
s (Gvz Vdz21 + Vdz2). The effect is the same as if an interfering signal

* *
Ly % Int" L X I
. «
Ly x Iy Inx Lo

CniCia
Cn G2

3.1 Sa)i‘

Gl = [N ¢ V1 = ‘

V4=sz V,4;21+V‘,22=V,,1I+ Ve oy T
G Gaz Gu TuGa o (3.19)

ere at the input. At the intercept point, this is equal to the input voltage ¥,
Generally (see Equation [2.5]), Va2 = V2/V)2, referred to the output of angam ﬁ
fier. Thus, Vd?j = V?/V1z; at the output of amplifier j- To place this discussion oFr)l a
common footing, we can refer the signal level to the input, Va; = (VG./)?/Vrz;, and
note that V4 can be expressed as ¥2/Vj2101. Collecting ten;ls, wje find: v

3.4 Calculation of IP ;
Prediction of IM distortion is an important consideration in planning the receiver 3
design. As indicated carlier, a good measure of performance for any otder of IM is
the 1P for that order. Usually only sccond- and third-order 1Ps are calculated,
however, the technique may be extended to any order. 4

Figure 3.5 shows a configuration of two amplifiers with their voltage gains Gy
and second- and third-order IPs. If we assume thata signal traversing the amplifiers
cncounters no phase shift, the composite IM performance may be calculated by -

1 G, GuGa
Voo Vi Vi (3.20)

‘This may be e':xtended .to any number of amplifiers in cascade. It shows that the
: greater the gain to the indicated point, the more important it is to have a high IP
. Toreduce the problems associated with IM, selective filters should be provided aé
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* Inthe nomogram, determine the value 7 and subtract it from I, to get /ror.

Al-ll,; o \ e 04 oma * [fthere are more than two amplifiers, select the resultant / from the first two
5 5 4 jwjtﬁmﬂmm and combine similarly with the third, and so on, until all amplifiers have
W g 9 10 11 12 13 14 15 16 17 18 18 20 21 22 23 24 25 26 27 28d8 been considered.

bl

The procedure to determine the third-order IP is analogous to that for the

second-order, noting, however, that ¥g3 = ¥3/¥3?, In this case, after manipulating
the variables, we find:

1 _[[Gu) , (GuGaY]?
Vnstor Vi Via (3.23)

This can be simplified analogously to Equation 3.22 as follows:

Figure 3.6 Nomogram for calculating the second-order IP for cascaded amplifiers.

near the front of the receiver as possible to reduce the gain to signals likely to

cause IM. .
While this formula is relatively easy to calculate, the IPs are generally available

in dBm, which must first be converted to power before the formu.la may be usefi.
The nomogram of Figure 3.6 allows the combination of values directly. For this,

we rewrite Equation 3.20 as follows:

1 1 1
—=——=t— Y.<V,
%:%+ ll' V,< Vs (3.21) v ,, (3.24)
! a b
The various ¥ quantities are those referred to the receiver input. It is irrelevant - or
from which amplifier ¥ and Vp are derived, but if we choose V4 to be the smaller
as indicated and express the other as a ratio of Va, Sy 1
1
‘ (V) L+ (Va/ Vi) (3.25)

v 1 (3.22
Ve 1+V/Ve ;
Just as Figure 3.6 was used to evaluate Equation 3.22, so the nomogram in Figure
3.7 can be used to evaluate Equation 3.25.

) All of these calculations need to be made with care. Some amplificrs invert the
signal. In that case, the IM components can subtract rather than add. At RF, there
are gc'tnerally other phase shifts that occur either in the amplifiers orin their coupling
circuits, so that without thorough analysis it is impossible to determine how the IM
powers add vectorially.

: Certainly the assumption of in-phase addition made in the preceding equations
is the worst-case situation. In many practical cases, however, most of the IM
distortion is confined to the stage prior to the selective filtering, so that the

contributions of earlier stages may be neglected. Nonetheless, the matter needs
careful attention.

the denominator on the right remains less than 2. The resultant is a relationship

between two voltage ratios. The values s in Figure 3.6 correspond to thcl equiva}-
lent intercept levels V7 in Equation 3.22, measured in dBm. The use of this tool is

quite simple:

o Using the gains, recompute the [Ps to the system.input. (]f, = [50/Gb1, Where
Ipo is measured at the amplifier output and Gpy is the gain between system s
input and amplifier output.)

e TForm the difference value between the two recalculated IPs [ /5 (dBm) -1z
(dBm) }. E
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nsider a 1000 channe! system with 25 kHz channel spacing. Intermodula-
tion products can result for any pair of signals whose separat ton from eachother
sN+FA and they are spaced ¥+ FA and 2 NFA respectively, from a desired
chamnel, where FA = 25 kHz. The possibilities of interference resulting from
intermodulation distortion are very great.

) 1)
e

Allsignal processors are non-lincar to some degree and will cuuse the genera-
tion of intermodulation distortion terms.

y";l [}

When two signals
‘<[4, cosw, t and 4, cos (w, 1+8)]= p, (4-49)

aresimultaneously applied to a nun-linear processor whose transfer function is

-.‘fm
'-Fl TRECV . :GL1:TH

. FK otk plt K, pl e Knp’ (4-50)
4.17 INTERMODULATION DISTORTION (IM)[4] output terms result which include all possible products."I'he most significant of

, . . .
When two signals whose frequencies F, and F, are applied to a non-linea
device, other frequencies are generated at:

=R - FA

K [A, cosw, | +4,cos (w,t +8) ] (4-51)
which represents the two signals,

0547 K, cos 2w, ¢

0.5A," K,ens2 (w,t + )

A 4, K,y cos[w, 6 =, (0 +6)]

A, A, K, cos [t +aw, (¢ + 6))

representing the second order terms and

075K, A% A, cos [ 2w, t £ aw, (¢ +8)]

0.75K; A A cos [ 2w, (¢ +8) £ w, ]

which represent the third order terms of interest.

and

F=FK+Fa
where

FA=F,-'F, and F,>F,
This shown in Figure (4-20).

Since these products have different slopes, they will cross at some point {or a
given input level. This interscction is termed the intercept point (Fig. (4-21).
Once this point is determined it is possible to predict the intermodnlation
product magnitudes, with good accuracy. The charts of Fig. (4-22) and (4-23)
may be used to obtain the ahsolute or relative magnitudes of the second or third

order prodncts, given the second or third order intercept point, respectively.

I FA | Fa | Fa

Fy Fy F2 F>'
Ttis also possible to calculate the distortion product magnitudes by noting that
for a0 dBm two-tone signal input, the third order intercept is equal 1o =1/2 of
the third order product magnitude for a unity gain device. For example, given
a third order intercept point of 120 dBn, the third ovder distortion prodies
! magnitudes would be 20+ (-1 /2) = =40 dBin, for a two-tene inpnt signabwith
0 dBm magnitude. This relationship iy alio be nsedineverse. € viven o third

Fig. 4-20. Spectrum due to intermodulation distortion of signals at ', and F,

Assume that a receiver is tuned to a frequency £, = F,). Whenever signals
appear simultaneously at frequencies 7, and F,, an unwanted 51g‘na|1' appears
at K, which for all practical purposes appears to be a legitimate signal. This
spurious signal may cause serious interference for a desired signal.
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order product magnitude of =60 dBm for 0 dBm two-tone input signal and’ intercept Polnt

unity gain device, the intercept point is =60 X (-1 /2) = 30 dBm. (dbm)
Allintercept information is referenced to the output uniess otherwise specified. +40
This includes the two-tone magnitude as well as the distortion product level:
Assume an amplifier has gain o 10 dB and the two-tone input magnitude 1s -10 +35
dBm..'I he amplifier output will consist o.f the two-tone signals whose magni- Signal Laval
tude is now 0 dBm; assuming that the third order products are =40 dBm, the {dbm)
third order output intercept point is +20 dBm. To relate this output intercept +30 +40
value to the input, simply subtract the gain.
+25 +30 Spurious Response Level
(db Down)
2nd Qrder 3rd Order
50T 7/
+20 +20 o}
7
s
2nd order intercept paint ;7
slope 2 - v
40 T +15 +10 5 10
s/
Sy
S
3rd order intercept point !/ / +10 o 10 20
30 siope 3 \// /
) a7
s
E ! // +5 -0 15 30
@ Y Output saturation
o VO A -
: 2
4
3 . ° -20 20 40
= | Fundamental
,;E i slope 1 ™~
Q
-5 -30 25 50
10+ //
/7 ‘
-10 -40 30 60
04
/ -5 —-50 38 T0
;
//
; ; A ; ;
! t t 4 ' + - _
-20 -10 0 10 20 30 20 80 80

Input power dBm "Fig. 4-22.Relative level spurious response nomograph.(Based on nomographs

Fig. 4-21. Device outputs showing the fundamental and 2nd and 3rd order * from Avantek, Inc., Santa Clara, California.)

distortion products together with the extrapolated respective intercept points. For a two-tone level of =30 dBm, at the input of an amplifier whose gian k20
‘ . dB, we have an output two-tone level of -10 dBm. Assume that the third order
distortion products have a magnitude of -5¢ dBm. To normalize the two-tone
output signal level of -10 dBm, add 10 dBm. Also add 3+ 10 dBm to the third

rder products (=50 +3+10 = =20 dBm}. The output third order intercept point

When using other than 0 dBm two-tone signals, normalize the levels to 0 dBm
remembering that the third order distortion products increase 3 dB for every
dB increase in the (wo-tone level.
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intercept Point distortion products.

{dbm)
+40 Spurious Response Level
Signal Level 2nd Order 3rd Order
{dbm) {-dbm) (—dbm)
+30 +10 10 30

For the case where the two-tone signals are unequal in magnimde, simply
- subtract /3 the difference between them from the larger.

Given:

Signal | +18 dBm

Signal 2 () dBm

The equivalent equal magnitude two-tone signal has a power level of + 18 dBm

+20 o 20 40 1/3 (18 dBm —‘0 dBm) = 12 dBm. Then proceed as hefore, using either the

charts of calculation.

“Second order intercepts are seldom considered because those products are
generally farther removed from the desired frequency. Should it be of interest,

_second order terms may be related by the intercept point, as before.

+10 -10 30 50

.17.1 Cascade Intercept Point

.The systemn designer may be called upon o predict the intermodulation
“performance of many stages in cascade. One such application may invelve a
receiver where the intermodulation performance s specified. Assume that the
specification reads: “'The intermodulation distortion products resulling form a
two-tone -30 dBm signal, seperated 2 and 4 MHz (respectively) from the
desired frequency, and on the same side, shall not exceed -100 dBm.”” From
Fig. (4-22) or (4-23), or by calculation, the third order intercept point must not
be less than +5 dBm at the receiver input.

—20 ~-40 60 80

Further, assume that the recciver of Fig. (4-24) is being considered for this
application. Since the two tones require 4 MHz of bandwidth, they will be
processed by all stages, up to the first IF filter; which has a 50 kHz bandwidth
and does not allow them ta pass. Thisis the intermodulation distortion trunca-
tion point. All calculations must include all stages between the antenna and
this filter which heavily attenuates the two-tonc signal. Further intermodula-
tion distortion contributions are negligible.

-~30 -50 70 90

—40 —60 80 100

Norton’s equation (4-52) may now he applied successively stage by stage,
beginning at the antenna, up to the determined truncation point and the
output intercept point determined. The gain to this point must be subtracted
from this value to obtain the input intercept point, which may now be com-
pared to the requirements.

20 110

100 120

Fig. 4-23. Absolute level spurious response nomograph. (Based on nomo-

graphs from Avantek, Inc., Santa Clara, California.) P I ;

is 20 dBm + (-1/2) = 10 dBm. 1=1,-10log [1+ — - = (452)
, . . . . ; &2 : \

When dealing with relative magnitudes, proceed as above, except note that /

there isa 2 dB/ dBm relationship between the output two-tone signals and the where
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20

3
1, is the third order cascade output intercept point (dBm),

3 . . N
1, s the second stage third order output mntercept point (dBm),

g, 15 the power gain of the second stage, and

3 v .

1, 3 the (st stage third order output intercept pont.
Note: The terms in the brackets are not in dB notation. Use the numerical
equivalent. (See reference {01,

\ntermodulation
Y truncation point
Pre- IF amplifier
Tuner —— amplifier Mixer bandwidth
50 kHz
Local
oscillator
Qutput Intercept Cascade Output
Point dBm  Gain dB Intercept Point
Tuner N/A -3.0 —
Preamp 20 15.0 20.0
Mixer 15 -7.0 10.875
5.0 inputintercept point =

10.875-5.0=5.875dBm

Fig. 4-24. Receiver example showing the input intercept point calculation.

The previous simplificd example illustrates the cascade calculation method
which indicates an input intercept point of 10.875 - 5 = 5.875 dBm. This

numerical value barely meets the requirement. However, it must be kept

mind that Norton’s equation assumes coherence of the intermodulation prod-
ucts through the various stages, which is not likely. The calculation is therefore

considered pessimistic.

The second arder intercept point may be computed in similar fashion using the

equation:

Distortion
The Recetver ol
2
1=1,-2010g |1 L4
=1,- og | P ; i4-54%)

2
I, is the second order cascade output intercept point (dBm)

d

2
I, is the second stage second order output intercept point (dBm)

g; 18 the power gain of the second stage

2
I, is the first stage second order output intercept point
Note: the terms in the brackets are not in dB notation.

The procedure is to begin at the inputas the first stage and compute the cascade
with the following stage. This value ecomes the first stage and the next stage
(third in this case) becomes the next or second stage, ¢ cetera.

The input intercept point becomes the final caseade intercept point minus the
preceding gain in dB notation, as shown in Fig. (4-24). This computation can
be tedious for complex systems and it is suggested that the program of Tahle 4-6
be utilized for that purpose.

Table 4-6.
Computer Program for the Calenlation of Cascade Intercept Point

FEIHRT * CHZCRHDE Ih
PRIMT M CORPUTES OEGRADATIO
H OF THE IHMTERCEFRT PSIHT DUE
T & FRECEDOIMG STAGE"
o PRINT
4 PRINT THE IHPUT IHT FT IS
THE OUTRUT THY PT-GHRIME
SG OISP "CHOOSE ZHDO J2) OR ZIRD
. OROERE"
& ST OH
JPRINT “CASCADE IMTERTCERT ol
HT"
IF M=z THEH 148
iF H=3 THEH 123
in FEINT "SECOND ORDER®
o7 1 ey
HT "THIED OROER™

FE

NS

Eol o O

FRIMT "0
B
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Tam FRINT ]

1R DISP YTITLE LET STARGECIUHARD
"

LET STACE INT FT

LET STHAGE SAIWcD

e THBY S F:TRE

PTITILE SHD OSTHGECS CHARR

THECTD
s TRECY S

The most frequent error in the computation of the second order intercept pomt
is the determination of the truncation point. T'o determine this point, it is first
necessary (0 develop an understanding of the second order distortion terms.
These have been shown to be of the form:

Second harmonic terms, 217, 25,

EE503 notes
Distortion

The Receiver ro

Sum and difference terms:
FLF,
Where
I'; and F, are the two frequencies which cause the second order distortion,
There can be two cases which must be considered.
These are:

In band and
Out of band

The inband case results when F, and F, are within the receiver’s uming ange.
The out of band case results when these two signals are out of the receiver's
tuning range.

The only barriers to second order distortion generation are the presclector
artenuation, the conversion of the first mixer, and the use of high second order
intercept components.

Many of the distortion products will not be converted by the first mixer and the
remainder will suffer preselector attenuation. Where the conversion is the
truncator the designer need not look beyond this point for further additive
distortion. The attenuation of the preselector of the signal /7, and (or) £, serves
to increase the systems intercept point, which permits the use of lower intercept
point components, if desired. Seldom is it ever necessary to extend the intercepr
analysis to the detector.

"The following is a good approach to second order analysis:

Determine the range of the signals involved

Analyze the effect of the preselector on these signals
Examine the conversion of these distortion terms coordinated with preselector
tuning.
A good design will attenuate the signals £, and (or) F, to livable levels and also
reject through conversion the remainder.
Note: A simple relationship permits the determination of intercept point
knowing the level of the distortion products.
This relationship is as follows:

R

(m-1)

=8+

where
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m 1 the order
S§ is the signal (dBm)

Compression, or the =1 dB compression point, is generally taken as that paint of
-1 dBdeparture from linearity. In the example this is 10 dBm input or 19 dBm
output. The input signal level which causes this departure is the value of
compression usually specified. Where the output compression point is given,
the gain between input and output {in dB) is subtracted from the output, to
secure the input compression point.

R 1s the intermodulation ratio (dB)
Example 4-7:
The requirements call for a suppression of sccond order products of 60 dB,
resulting from signals of =50 dBm.

Then

Non-linear processes which provide a linear output amplitude, such as a mixer,
are subject to compression as well. In this case the mixer is operating with a
fixed local oscillator drive level and the inputsignal is increased white monitor-

m . o
- ing the output. Care must be exercised in this measurement to exclude all but

= =50 t60/(2-1)=10dB . . )
£==50 (2=1) =10 dBm the desired converted signal component. This may be readily accomplished by

using aspectrum analyzer and examining the desired spectral line, or by using
a RF voltmeter preceded by an appropriate IF filter. As a rule of thumb for
double balanced diede mixers, the output compression point is the conversion
loss below the local oscillator drive level. The input compression point is the

The cquation is equally applicable to the third order case.

4.18 DESENSITIZATION

Desensitization of a receiver is the recluction of gain of that receiver to a desired
frequency by a second unwanted signal. This can result from the presence ofa output compression point increased by the amount of the conversion loss

stronger signal within the IF bandwidth of an FM receiver, the compression of through the mixer.

stages in an AM receiver or from AGC takeover in AM and FM reccivers, if
used for the latter case. ‘

Poorly designed receivers are subject 1o AGC takeover if the final selectivity is
placed before the AGC detector, instead of at the front of the IF amplifier. An
example of this is a multthandwidth multifunction receiver which must provide
simultancous outputs at several bandwidths. The filter following the final IF

converter must be wider than the widest final filter bandwidth preceding the
detectors. The IF strip is exposed to signals in bandwidth windew possibly
wider than that of the AGC system. The result of this is potential blocking or

overload of the receiver.

A second possibility is AGC derived in a wide bandwidth with narrow band
detection. Here a strong unwanted signal developes AGC, resulting in a weak

desired output. To reduce desensitization effects, the designer must provide
proper filtering throughout the receiver and climinate sources of broadband

noise {external and internal) to the receiver.

4.19 COMPRESSION

All linear systems, when given a sufficiently strong input signal, depart froma
linear relationship between input and autput. Such a system is said to be going

into compression or saturation. An example of this situation would be an
amplifier whose performance is shown in Fig. (4-25). The performance is linear
up toan input signal level inexcess of O dBm. Beyond this point, the output falls
below the linearly extrapolated input /output characteristic and the amplifier
1s no longer linear.

KA 0
-1 Input Signal (dBm)-

Fig. 4-25. An example showing the compression of a linear amplifier. Wher e
the departure from lincarity is =1 dB, this is the =1 dB compression point
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Example 4-8:
(liven an output compression pointof9.5 dBm and a conversion loss of 6.5 dB,
the input compression point is

9.5+6.5=16dBm

4.20 CROSS MODULATION

sear simultaneously at a recelv
n-linearitics in the receiver will impart
| from the modulated one. ‘This process is
| to the third order intercept point by

When (wo signals apg er’s input, and one is
modulated and the second is not, no
modulation ta the unmodulated signa
called cross modulation and it is relatec
3
1 /!
M= — t (4-54)
‘4P, 2

where

g

7 is the recciver third order intercept point

P, is the power level of the stronger modulated signal

Note that the signal strength ol the lesser unmodulated signal does not cnter
into the computation.
then the designer must solve for

In most cases specifications detine M, and Py
3

the required intercept point/ from

3 1
J=\M - —) 4P,
- )+

Example 4-9:
Gi\/e[]:
(Ciross modulation must not exceed 20 dB
The interfering signal P, is -10 dBm
Find the reguired intercept point.

g 20 117 -10
7 =lant =— - — ] 4anl —

20 2 10
5.79 dB

For convenience, a chart o
minus the power of the stronger modulated si

based upon:

{'the cross modulation ratio and the mtercept point
gnal is given in Fig. (4-26) and s

n .
(4-36)

3

1

L -'—4(11':{.— ———-) Where M, = —
P o2 m,
w is the modulation index

is the effective modulation index

i

ro

m,

The Receiver
iy

Example 4-11:

Find the solution to the previous problem using the chart of Fig. (1-26)
Enter the chart at m/m,= 20 dB and read‘f -P,=16. Since P, = ;l}) i =6 (iBm
References [6] and [4] contain additional information on tlhis su“ien. .

T

l_
-
E
'
| I

SEEISEE:

iR 20, g
L I i
i g i “ i

]
H 7 0 75" HH gt i i ] .!i HH
e s 10 15 1+ 20 44 25 i1 30 |t 35 1[40 i/ 45 I}
; : ﬁ;;%hjf{%i% HtH R i
e i } ~P.(a®) i 1

Fig. 4-26. Graph of cross modulation versus intercept point |6 .
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4.21 SPURIOUS FREE DYNAMIC RANGE

[t is informative to determine the dynamic signal operation range of a system
which is free of spurious signals resulting from third order intermodulation
products. In this definition spurious free means that these spurious signals are
cqual to the noise level. The third order intermodulation product signal levels
are related o the level of the two signals {producing them. respectively, ona
three tor one dB relationship). The spurious free dynamic range is related to the

third order system intercept point by the following relationship:

4
SEDR (dB) = 0.67 (/ - kT/MHz = 10 log 8 = AF) (4-57)

where

SFDR is the spurious free dynamic range

;, is the system third order input intercept point

k1 1s the thermal noise level in a 1| MHz bandwidth
= -114 dBm / MHz

B is bandwidth in MHz

NI 1s the system noise figure ( dB)

An example of the application of this relationship {ollows.
Example 4-11: .
Geiven:
Third order input intercept point = 10 dBm (Note: Given the vutput
intercept point, the inpur intercept point is the output intercept point
minus the gain in dB notation.)
Bandwidth is 10 kHz
Noise figure 15 5 dB
Find the spurious free dynamic range.
Selution:
SFDR = 0.67 (10 - (-114) - (-20) - 5)
=92.67 dB
4.22 IMAGES

In the mixing process it was shown that when two input signals comprised of
an R signal and a local oscillator signal are applied to a mixer, inter-
mediate frequency signals are produced at the mixer’s output. More
specifically:

o

v,= ’ VI £ AL,

(4-58)
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where

F,is the intermediate frequency
F, 1s the receive {requency

F, is the local oscillator frequency
M and N are intergers

The primary or desired outputs result when M = A= |

Then equation (4-58) results in:

#,= 'F,iF,,l (4-59)

Since F,isa constant, then for a given LO frequency there exist two values of #,
. which satisty the relationship.

EXAMPLE 4-13:

Let F, = 160.7 MHz
F,=10.7 MHz

then F, = |F,J:tF,"l

or J10.7 % 160.7] = 150 and 171.4 MH_.

Thus, the mixer is equally respopsive to two frequencies, both of which are

twice the IF apart. Of these, one is the desired response and the other is called
the image frequency. The receiver must reject the imagce term to provide
satisfactory performance. This is one of the reasons mixers are always preceded
by preselection filtering of some form. The sclectivity requirements of the

preselector are governed by the frequency separation bhetween the image

frequency and the desired frequency. The amount of image frequency rejection
isstrictly a function of the attenuation, provided by the preselector filter alone

{unless an image rejection mixer is used).

Teavoid extreme selectivity requirements ifrom the preselector, the ratio of F to
F;should not exceed 10 or 20 1o | for a first conversion in a down conversion
superheterodyne receiver.

In up-conversion systems, the high value of intermediate frequency effectively

removes the image frequency out of the preselector bandwidth. Here, simple

fixed tuned filters often suffice as preselector filters, eliminating tracking and
tuning problems. Yig. (4-27) is an example illustrating the relative image
frequency behavior between up and down conversion.

423 HIGH ORDER IMAGES

When a receiver design utilizes more than one conversion, the image prablem
becomes more complex. For every mixer ina receiver there will exist an imag e
frequency. A double conversion reeciver will have primary. and sccondany
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