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96 Advanced Microwave Circuits and Systems

EVM and ACPR restrictions. Envelope cross-modulation and inter-modulation explain the
EVM and ACPR increased growth with input power when compared with single channel
mode. Experimental data showed that a 2 dB back-off is necessary with concurrent
operation to maintain the EVM at 4.1%. It can be concluded that the proposed solution is
capable to provide the same system level performance of more conventional solutions while
increasing the overall PAE and allowing a significant reduction of the system complexity.

A further implementation of dual band PA in GaN technology can be found in [13].

7. Dual-band power amplifier digital linearization

As discussed in the above paragraphs, the application of digitally modulated signals to a
PA, which is considered hereinafter as an nonlinear (NL) dynamic system, causes in-band
distortion and spectrum spreading and finally determine a degradation of the signal quality.
The most effective broadband linearization systems have usually been based upon the
feedforward technique [14]. However, RF and baseband predistortion linearization
techniques have become an attractive solution owing to their reduced cost and complexity.
For multicarrier PA applications, an effort has been placed to increase the bandwidth of
predistortion linearization to combat fast memory effects. Baseband Digital Predistortion
(DP) seems to be the most promising one. It works by the introduction, in the digital
baseband, of an opposite NL of the PA’s one, allowing for greater efficiency through a
significant power backoff reduction. The most of the available DP techniques deal with
single-band operation, although recently an approach to deal with multi-carrier and
potentially for multiband systems was presented in [15]. In this technique the modulation
bandwidth in several bands and then a DP algorithm is applied selectively the inband and
interband third-order intermodulation distortion (IMD3) As the approach relies on third
order Volterra model the accuracy of the DP depends upon the identification procedure and
the frequency band spacing.

Here we discuss a novel method of Dual Band DP (DB-DP), based on the simultaneous
predistortion of both channels at intermediate frequency (IF), [16]. The proposed method
uses a single band memory polynomial DP for linearization. As a feedback path we propose
a subsampling receiver.

7.1 Basic principles of digital linearization

Let’s start reviewing the basic concepts of the DP system. It consists basically in the
introduction, at the baseband, of a subsystems which has a transfer function which is
opposite to the one of the PA, as in Fig. 24.

x(n) 2(n) nn)

Predistorter

Fig. 24. Predistorsion Principle applied to a nonlinear system

The predistorter can be Look-Up Table (LUT) based or polynomial-based: in the first case, a
LUT indexed by the input power is filled with complex coefficients, and the input z(n)is

multiplied with the corrisponding one; in the second, the complex coefficients of a k-order
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Flexible Power Amplifier Architectures for Spectrum Efficient Wireless Applications 97

polynomial approximating the inverse of the PA’s characteristics are found, and the DP
output z(n) is given by:

z(n)=a,2(n)+a,2(n)+azz(n)4--- (12)
The coefficients vector a can be found through a recursive algorithm based on the Indirect
Learning architecture shown in Fig. 25. The name derives from the fact that the polynomial
coefficients are found without passing by the determination of the PA’s characteristics.
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Fig. 25. Indirect Learning schematic principle for a DPD system

The indirect learning techniques works by two identical predistorters, the first - the actual
one - in the transmission path and the second - the training one - in the feedback path. The
outputs of both are compared to produce an error signal:

e(n)=2(n)—z(n) (13)
where Z(n) is the output of the training DP. It can be demonstrated that when the error

energy is zero the PA’s baseband output %(t) is linear with the baseband input z(n), that is

the cascade of predistorter and amplifier becomes linear. If the PA’s memory length is
comparable to the envelope variations of the signal, the baseband model - which we call
memory polynomial - can be adopted:

ym =3 b, 20 =Dz -0 (14)

k=1, 1=0
k odd

where K represent the order of the DP, while L is the number of memory samples; the
baseband equivalent input z(n), the output y(n) and the coefficients b, of the model, are

all complex valued in general. The predistorter’s output can be written the same way:
K L-1

)= a,, x(n-Dx(n-D|"" (15)

k=1, 1=0

It has to be equal to the Training DP’s output Z(n) to minimize the error energy, that is:

K L n—0|ym-0nl"
2(n) = Z Zak,l y(n=Dly(n-1)
Foia™ K

- (16)

The objective consists in finding the parameters «a,, that define the predistorter. Since z(n)is

linear in the q,, the latter can be estimated by a simple least-squares method. By defining a

new sequence:
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98 Advanced Microwave Circuits and Systems

_y(n=D|y(n-p["”"
=200 )

we can rewrite z(n)in matrix form as:

z =Ua (18)
where  z=[2(0);-2(n-1)]", U=[Uy;--U;], U=[uyugl, wy=[uy(0);u,(N-1)]" and
a=[a,,; 0y, gy 0 KQ]T . The least-squares solution for ais given by:

a=[U"U]"'U"z (19)
where (:)¥ denotes complex conjugate transpose. A direct implementation of the

polynomial predistorter is difficult, because it requires several sample-per-sample
multiplications and power raisings. However, an efficient implementation is possible by
observing that (15) is equivalent to:

K K
k-1 k-1
z(n)= Z a, |x(n)| x(n)+ Z a,, |x(n - 1)| x(n—1)+---
P )
(20)
S k-1
+ Z a., |x(n—L+1)| x(n—=L+1)
f
The nonlinear polynomial can be implemented with a LUT indexed by the input magnitude,
|x(n -1 )| [1]. This way, only L complex multiplications per sample are needed. LUT

coefficients calculation is performed once the q,, are found. The performance of the

memory polynomial-LUT predistorter depends on the number of quantization points, on
the memory length L and on the order of the polynomial, K .

7.2 Sub-sampling receiver

A key component for the DB-DP is the sub-sampling receiver, it operates on the principle of
the band-pass sampling theorem, and it is used as feedback path of the DP system. If RF
signals have a narrow bandwidth B, they can be sampled with a frequency:

f22B 21
As a result of the sampling process, spectrum aliases are generated around all the multiples
of f as in Fig. 26. The image that falls in [0;f/ 2] (first Nyquist zone) is the exact

representation of the input signal, unless a potential phase inversion, and can be digitized.

The same principle can also be used to convert two (or more) band-pass signals s and s, ,

located at different carrier frequencies fp . and f( 9 with band-widths B; and B, . With a

proper sampling frequency there will be replicas of the two signals located side-by-side in
the first Nyquist zone with no overlap, as shown in Fig. 27. The proper sampling frequency
respect the condition:
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Flexible Power Amplifier Architectures for Spectrum Efficient Wireless Applications 99

[>2(B +B,) (22)

That is, a Nyquist Zone must be wider than the sum of the two bands.
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Fig. 26. Single band band-pass sub-sampling principle
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Fig. 27. Dual band sub-sampling principle

The condition of no overlap consists of the both signals to be comprised in a single half-

Nyquist zone, i.e. [nf /4;(n+1)f/ 4], where n is integer. If we define:

fcl_B1/2

By

K = floor [ (23)

] Q= ﬂoor[—fc2 _332 /2]

2

where floor() is the operation of rounding to the lower integer, the conditions of no overlap
are first given by:
K, /4+B /2<f, <(k+1f /4B /2
aof, /A+ B, /25 fy <@+ Df/4-5,/2
k<K
<@

where k and gare integers identifying the order of the half-Zone in which the first and the

second signals stand, respectively. The other condition, i.e. standing in central vs. peripheral
half-zones, are given by:
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100 Advanced Microwave Circuits and Systems

K=4n & @Q=4n,4n—-1
K=4n-1 & Q=4n4dn—1
K=4n+1 & Q=4n+2,4n+1
K=4n+2 & Q=4n+2,4n+1

(25)

These conditions lead to a not closed form formulation which require an iterative approach
for the solution. Once the suitable sampling frequency is found, the two signals replicas in

the first Nyquist zone are located at the frequencies f, and f  which are given by:

f, = floor(k / 4)-f k=d4nk=4n+1

fl;bl:[(ﬂ()ork/ )j; k=4n+2k=4n—1 (26)
f,— floor(q / 4)-f ¢ =dnq=dn+1l

fbbzz{(ﬂoorq/ )fb , g=4n+2,g=4n—1

The distortion introduced by a sub-sampling receiver is due in large part to the transfer
function of the sampling device. In general, a T/H is preferred over a S/H, because of the
lower distortion and higher sampling frequency reachable. The transfer function of a T/H
is:

G(f) = i G[f = %]

n=—oo s

) T — _ 7]71' (T, +7)—
lsinc<7'f)e*]’”f + = Tsinc nf = 7) T ,  (27)
T T T

S s L]

where T is the sampling period and 7 is the length of the hold period. Due to the sinc() in

order to avoid an amplitude distortion, 7should be as low as possible to move at high
frequency the first null. Also, the baseband aliases should be as near as possible to the zero.
As regards the phase, different replicas have a different offset depending on the order n and
the frequency of the alias. Replicas falling into the first Nyquist zone have a phase offset

depending on kand f,, ,or q and f, . This offset must be compensated if a synchronism

between the two signals is necessary, as in our proposed Dual Band DP method.

This approach exhibits some critical points, [17]. The first ones to be considered are noise
aliasing and aperture jitter; then out-of-bands signals and wideband noise must be filtered
out before the sampler. That noise would otherwise, after sampling, translate and
accumulate into the first Nyquist zone. Besides, as even a perfect filter would reject the noise
introduced by downstream circuits, low noise components have to be chosen. However,
noise aliasing reduces with sampling frequency increase. Aperture jitter can be treated as a
white noise if the jitter is low, and it doesn’t depend on the sampling frequency. When
designing a sub-sampling receiver, another important parameter to take care of is the analog
bandwidth of the sampler, that must be greater than the highest frequency of the RF signals.

7.3 Dual Band Digital Predistortion Architecture
The DP-DP is achieved by a RF-level predistortion: a signal predistorter (as opposed to a
data predistorter) is able to treat any kind of signal, that is it doesn’t depend either on the
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Flexible Power Amplifier Architectures for Spectrum Efficient Wireless Applications 101

bandwidth or the center frequency. Let’s consider an input signal made of the superposition
of two signals at different center frequencies, that is z(n) = z,(n) + z,(n) . The input is
predistorted (z(n)), converted into analog ( Z(¢)) and amplified (§(¢)). A portion of g(t)is

drawn to have a feedback signal and to train the DP. A scheme is shown in Fig. 28. The
main problem with this setup is the lack of sufficiently fast D/A and A/D converters, that
will remain so in the foreseeable future because ADC dynamic range and conversion are
known to progress at a rate much slower than Moore’s law. Also, a RF predistortion is not
possible at the moment, because it must be performed sample-per-sample and the sample
rate is at least twice the maximum RF frequency (baseband sampling theorem).

Tim T=iml THila

-..I -...I- |i - 7 - .II
#nalog |I.Ii._.'|u|

Elw) I 0P ."Irrl WA
i I

—=|  Adaptabion pa——— AL

I
Fig. 28. RF DB-DP, principle of operation

Actually, the converters related problem can be easily overcome. The RF DAC can be
replaced by two baseband DAC preceded by a proper digital filtering and digital frequency
conversion system. In a similar way, the RF ADC can be replaced by two frequency
converters and two baseband ADCs.

There remains the sample rate problem. The last limit can be overcome by introducing a
new architecture which is capable to lowering the sample rate, that is predistorting at

intermediate frequency (IF). In this case the baseband digital signals z (n) and z,(n) are

shifted to f . and f

o ., then summed, creating #'(n) . This IF signal is predistorted ( Z'(n) ),

and the two bands are separated and shifted to the baseband to be analog converted. The

analog PA’s input Z'(t)is built by those baseband signals, shifted to the RF frequencies f

and [, .Itis amplified (7'(¢) ) and a portion of it is drawn to create the feedback signals. As

a feedback path we propose a subsampling receiver: the two bands composing 7'(t) are
aliased side-by-side in the baseband, then digitized by a single ADC. In the digital domain,
the bands are separated and shifted to IF, composing the signal §'"(n) that will be compared

to &'(n).
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Fig. 29. DB-DP system with IF predistortion and subsampling feedback
The block diagram of the whole system is shown in

When using a subsampling receiver, it is necessary to compensate the different phase offset
applied to both bands. This may be done in the digital domain. If a T/H is used, the right
phase shift can be calculated through eq. (27). Anti-aliasing filters must be carefully
designed with in general out of band rejection. The IFs setting is a crucial point of the
system design. They have to be far enough to leave room for out-of-band distortion and to
simplify filtering; on the other side, they should be as low as possible to reduce
computational constraints. As a rule, for the proposed DB-DP you may consider a sample
rate at least four times higher than in a SB-DP system.

The DB-DP was simulated by Matlab/Simulink®. We considered two 16 QAM signals, with
amplitudes P = —10dBm and centre frequencies f, = 2.1GHz and f, = 3.5 GHz; the

sampling frequency was set to f = 146.5 MHz. The PA was modeled with the Wiener-

Hammerstein model. LTI blocks preceeding and following the memoryless NL were set to
have the following transfer functions:

14+0.527° 1 0.3272

HZ ,Gz_
(=)= 1—04z7" ) 1—0.4z7"

(28)

It was chosen a tanh-shaped AM/AM NL, that has G=20dB, IP3=38dB and whose AM/PM
is linear, with 5°/dB slope.
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Fig. 31. Constellations comparison for lower (left) and higher (higher) channel, between
transmitted signal and input signal, with DB-DP OFF and DB-DP ON

For the implementation of the DB-DPD we used a memory polynomial DP, with a
memory length of 4 taps, a polynomial order K=9 and a LUT predistorter with a size of
512. Polynomial coefficients were estimated on a basis of 8192 samples. Simulation results
for both channels are shown in Fig. 30 and Fig. 31, where an ACPR and EVM significant
reduction is observed. The method proved to be able to correct most NLs, but it is not as
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138 Advanced Microwave Circuits and Systems

The AM-AM characteristic of the ZHL-100W-52, modeled by the 9""-order polynomial model,
is presented in figure 3. As we can see the polynomial model is unable to model the saturation
region. This is one of the limitations of polynomial models which are restricted to describe the
behavior of weakly NL systems. Note that the fundamental frequency has been chosen in the
operating bandwidth of the PA, fo = 250 MHz. But since the polynomial model does not take
into account memory effects, the choice of the fundamental frequency does not change the
model behavior. In order to study NL systems with memory effects, more complicated models
are required, such as the Volterra series and neural networks (Schetzen, 2006; Morgan et al.,
2006; Ibnkahla, 2000; Liu et al., 2004; Wood et al., 2004; Isaksson et al., 2005).

3.1.2 Compression and Interception Points

For an ideal PA, Gy, in (9) is equal to zero (Fig. 3) on the whole operating power range. In
order to quantify the gain compression phenomenon, the deviation of the AM/AM charac-
teristic of the real PA from the ideal one is determined for different values of the input power
(or output power) in the nonlinear operating region. The compression points at 1 and 3 dB are
often determined and indicated in the data sheet of PAs. For instance, 1 and 3 dB compression
points of our case study PA, the ZHL-100W-52, are specified in its data sheet by typical output
power values of 47 and 48 respectively, as shown in Fig. 3.

4 -

45 P
5 401 — AM/AM
= ==|deal charac.
. 35r o 1dB Comp. {
§f v 3dB Comp.

301

251

20 ; ; ; ; ; ; ;

-30 -25 -20 -15 -10 -5 -2 1 5

P}” (dBm)
Jo

Fig. 3. AM/AM characteristic - ZHL-100W-52 modeled by a 9th degree polynomial model,
with odd-order terms only

Now, let us consider the output power at the harmonic frequencies, nfy (n > 1). As mentioned
before, even degree terms in (5) generate the even order harmonics, while odd order terms
generate the odd order harmonics. Similarly to the development done in subsection 3.1.1, we
can determine the amplitude of the the sum of all spectral components generated by all the
terms of the power series at any harmonic frequency nfy. The value of Y,(f) (5) for positive
even order harmonics +2mfy, m = 1,2, ..., can be written as

Va(+2mfy) = ¥ (‘;‘)2k (%) (12)

k=m
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and for odd order harmonics, Y, (+(2m — 1) fy) can be written as

Yo(+(2m —1)fo) = kinﬂqu <§>Zk1 <2k B 1> : (13)

k—m

Then, to illustrate, the output power at any odd-order harmonic frequency (2m — 1) fy (m =
1,2,...) can be written in a form similar to (9)

P(U;;;l Ly = (2m— 1P + Gy, , + Gep,, | (14)

where
Gth—l = 10 loglo(a%m—l) - 32(m - 1) (15)

and

C8lr 1 = 10l0gyo (14 5)*. (16)
and S = Y g 2L Ch ™ (A/2)2%=™)_ Note that, in the particular case where m = 1, Eq.
(14) is equivalent to Eq. (9). And as for Eq. (9), the factor Gy, , is negligible for low in-
put power levels. In this region, the output power PE’ZMIL_” £ is a linear function of the input

power P}g Furthermore, according to (14), we observe that the output power Pé)z”;_l) £ in-

creases 2m — 1 times more rapidly than the output power P;O”t at the fundamental frequency
in function of the input power P}g’ At first glance, one could expect a point for which the fun-

damental component and the (2 — 1) harmonic have the same output power, for a given
input level. However, the gain compression phenomenon on the fundamental component (9)
as well as on the harmonic (2m — 1) fo (14), occurs before reaching this point. This point is
called the (2m — 1) interception point (Kenington, 2000), and is determined either at the input
and, in this case, we will denote it by I Pé’fnfl, or at the output and it will be denoted I P%’LT
In practice, this level can never be reached, because of the gain compression of the PA. Note
that an equation equivalent to (14) can be determined for even order harmonics by repeating
a similar development starting from Eq. (12). In almost all PA data sheets, only third order
interception point is given. We will see below that another, more commonly used definition
for the interception point can be determined from the two-tone test.

3.2 Two-Tone Signal

When the input signal is composed of more than one frequency component, that is a multi-
tone signal, a new type of distortion will occur. In this case, a new set of spectral components
will be generated, in addition to those generated by the nonlinearity on each component con-
sidered separately. Such components are called the mixing products or more commonly inter-
modulation products. Power series analysis helps in this case in understanding the nonlinear
effects of PAs on pass-band communications signals used in real applications. One of the
simplest multi-tone tests is the two-tone test, which consists of driving the PA by a two-tone
excitation signal, the sum of two sinusoids

x(t) = Ajcos(2mfit + @1) + Ap cos(27 fot + ¢2). (17)

As in section 3.1, the analysis in this paragraph is established in the frequency domain. For
simplicity, we assume that the two sinusoids are of equal amplitude (A; = Ay = A) and null
phases (91 = ¢ = 0). The Fourier transform of (17) may be written as

X(f) = X5, (f) + X5 (f) (18)

Exhibit 1011
Nokia of America Corporation, et al. v. Smart RF Inc.
Page 000013
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where X, (f) and X, (f) are the Fourier transforms of the first and second sinusoids in (17),
respectively. Substituting (18) in (2), the Fourier transform of the output signal may be written

as K, k k—i i
= Yoy () L% 0 LT 19
k=1 i=0 * *

In this summation, for i = 0 and i = k (for all values of k) we obtain the responses of the PA
for one-tone excitations at frequencies f1 and f;, respectively. In order to compute the term

Hl;fi Xy, (f) * Hi Xy, (f), the following relationship can be used

[T 11300 = (8)"7 8 5 (1) (2) o0+ tm 2005 + 022012

11 =0 i2:0 11
(20)
where [[? X 7(f) = d(f) and ny,ny € N. Hence, equation (19) can be rewritten in the form

an = e Ba(5) SRS () () ()

i=1i,=0i,=0 2

O(f+ (k—i—2iy)f1 + (i — 2ip) fo) (21)

where Yy, (f) (Y, (f), respectively) is the Fourier transform of the output signal of the PA
when excited by a one-tone signal at the frequency f; (f2, respectively), that is components
at f1, f», and their harmonics. However, the third term on the right hand side of Eq. (21)
contains a new set of components in addition to those generated by one-tone excitation. These
components are the Intermodulation Products (IMPs), and are located around f;, f, and their
harmonics. To illustrate, Fig. 4 shows the output spectrum of the ZHL-100W-52 PA, modeled
by an odd order power series, and excited by a two-tone signal. We observe that IMPs appear
only around odd order harmonics. In fact, even order harmonics and IMPs around them do
not appear because even order terms have been neglected in the adopted polynomial model.
This choice does not affect our analysis because, in communication systems, we are generally
concerned with IMPs around the fundamental frequencies, as they cannot be easily rejected by
filters. Even order IMPs usually occur at frequencies well above or below the fundamentals,
and thus are often of little concern.

The two-tone signal is in fact constituted by two amplitude modulated quadrature carriers.
Eq.(17) may be written in the form

x(t) = {A1cos(27 fiut — ¢1) + Ap cos(271 fint + @) } cos(27 fct)
—{A1sin(27tfit — @1) — Apsin(27 fiut + @2) } sin(27 fet) (22)

where f, = 3(f2 — f1) (f2 > f1) and the carrier frequency f. = %(f1 + f»). In the particular
case where A1 = Ay = Aand ¢; = ¢, = 0, Equation (22) is written

x(t) = 2A cos (27 fiut) cos (27 fct). (23)

The two-tone signal used is, hence, an amplitude modulated carrier.

The components in (21), 6(f + (k —i — 2iy) f1 + (i — 2i2) f»), can be expressed in function of f.
and fi, 6(f + (k—2(i1 +i2)) fe — (k — 2i — 2i1 + 2ip) fi). So, as mentioned before, only odd-
degree terms generate components in the vicinity of f. (i.e. the vicinity of f; and f5), since the
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avg —

condition k — 2(iy + i) = £1 must be verified. The set of components in the vicinity of + f,
can be extracted from (21) to form the following equation

Ya(f)‘+fc = :Zlﬂzk—l (é)Zk—lzzgj ilii (2ki_1> (Zk_ili_l> <k_ii1>

2%k—i~1>i1>0

5(F = fo— (8k —2i — 40 — 1) ). 24)

Note that the components at frequencies f; = f. — fy and fo = fc + fi, are included in (24).
Similarly to the one tone test, we are interested here in analyzing the nonlinearity on all the
components close to f. when sweeping the input power level on a finite range of power. In
the following, we discuss the nonlinearity on the fundamental components and provide a new
definition of interception points.

3.2.1 AM/AM Characteristic

In a two-tone test the AM/AM characteristic is often not determined, and no related param-
eters are given in the data sheet of the power amplifier. However, it is often advantageous
to determine the amount of nonlinearity on the two fundamental components w.r.t the non-
linearity on the unique fundamental component in the one-tone test. Therefore, the AM/AM
characteristic of the two-tone test will be determined by measuring the output power at the
two fundamentals, f; and f,, for different values of the average input power (i.e., the in-
put power at the two fundamental components). Every term in (24), generates one or more
frequency components at +f; and +f,. To illustrate, let us take the sum of all frequency
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Yo(tfa) = éazkl (;‘)Zk_lli(i’fj) =N G-

The output power, P?“L , at the two frequencies f; and f,, can be determined from (25), if we
putp fufo q

exploit the symmetry of the spectrum around the origin f = 0 and the symmetry of IMPs
close to f1 and f, around the carrier frequency f.

(25)

P2t~ 10log;, 47“;;&?32)‘2 (26)
Similarly to (9), this power can be expressed in the form
olthrz - fl fTGEHGonp (27)
where
Gep, f, = 101ogyo (1+5)?, (28)
S= Eszz u%;l (A/Z)z(kfl) Z C%;{ 11C§(kl )Cél 11 and G is the gain of the PA (10). The input

4x(+f)

power at f1 and f, P ” 1s equal to 10log; ( R10-3

>, which is equal to the average input

power P%g. For values of i equal to k in the summation of equation (28), we get the summation
S of (11). Denoting it by S1, Eq.(28) can be expressed in the form

Gep,;, = 1010y (1+ Sy + Sp)* (29)

a 2(k=1) k-1 ~2i—1 ~k 1
where S, =YX, et (A/Z) Z 1 G 1C2( i )Cél 1-
According to Eq. (29), the gain compression on the two fundamental components of the two-
tone signal is faster than the gain compression on the unique component of the one-tone sig-
nal, as shown in figure 5. The compression region in this case is shifted down and conse-
quently the 1dB compression point is backed off.
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In order to interpret this phenomenon, a number of parameters are needed. As already men-
tioned, a two-tone signal is a varying envelope signal (23). Two parameters are often used to
characterize this type of signals (Cripps, 2006):

e The PEP (Peak Envelope Power), P, often measured in dBm and defined by

(Apeak/ V2)?
Pyeqr = 10logy F’I‘ZT (dBm)
where Ay is the peak amplitude of the signal (equal to 2A in the case of a two-tone

signal).

e The PAPR (Peak-to-Average Power Ratio), which is the ratio between the PEP and the
average power of the signal. It is therefore the difference in dB between the PEP and
the average power Py expressed both in dBm, PAPR = Ppeqp — Payg(dB)

In the case of a two-tone signal, a deterministic signal, the PAPR is equal to 3dB (Ppesx =
Payg + 1010gy( 2).

Other parameters are also used in order to locate the input/output signal w.r.t the AM/AM
characteristic of the PA?.

e The IPBO (Input Peak Backoff), which is the difference in dB between the input satura-
tion power of the PA P!, and the peak power P;’Z, o« of the input signal, IPBO = P}

sat —

P;’Z 4« ( dB). Similarly, the Output Peak Backoff (OPBO) is given by OPBO = P4/ — P;’;‘;k,

where PJ%! is the output saturation power of the PA and P;;‘[fk is the peak power of the

output signal.

e The IBO (Input Backoff), which is the difference in dB between Psigt and the average
input power Pé’;g, IBO = P, — P;’;g( dB). Simlarly, the Output Backoff (OBO) is given
by OBO = P — Pgis

sat avg*

To this we add a last definition, which is the instantaneous power of a signal x(t), Pj,s(t)
expressed in dBm

2
(x()/v2)
Pinst(t) = 1010g10 =—prm—3"—

Let us consider, now, the particular case when the gain compression on the fundamental com-
ponents of the two-tone signal is equal to 1dB. Referring to Fig. 5, the average input power
P%g causing this amount of gain compression is approximately equal to —4dBm. For this
same P%g value, we observe that the compression on the fundamental component of the one-
tone signal is less than 1 dB. Thus, we can conclude that the gain compression is related to the
instantaneous input power rather than the average input power.

If we interpret this by considering a discrete representation of the signals, we can conclude
that some samples of the two-tone signal can undergo gain compression bigger than 1dB
since its P;’Z q« €xceeds the 1dB compression point. On the other hand, the samples of the one-

(30)

tone signal, which is a non-varying envelope signal, take always values less than its average
power, which is equal to its P;)’é . This interpretation is better illustrated in Fig. 6, where the

2 Note that when we talk about the AM/AM characteristic without specifying the signal used to extract
it, we designate the one corresponding of a one-tone test.
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instantaneous power of the input/output two-tone envelope signals are presented in compar-
ison with the AM/AM characteristic. All the parameters already defined are also shown on
this figure (Fig. 6), for this particular case. Therefore, we conclude that the envelope variation
of the two-tone signal makes it more vulnerable to nonlinearity.

Besides, it is important to note that for varying envelope signals, it is very difficult to predict
or to quantify the amount of gain compression at the output of the PA (the OBO and OPBO
values), even in the case of deterministic signals like the two-tone signal. This is due to the
fact that various parameters and nonlinear relations are involved.

In general, reducing the nonlinear distortion is at the expense of power efficiency. In fact,
the power efficiency of the PA is likely to increase when its operating point approaches the
saturation. But, for all the reasons already mentioned, and in order to preserve the form of
the envelope of the input signal, large power backoffs are classically imposed. For an ideal
amplification, the IPBO must be sufficiently important to prevent the envelope from penetrat-
ing the compression region. Doing so the power efficiency of the PA decreases considerably,
especially if the input signal has a high PAPR value. In the second part of this chapter, we will
present an important technique used to resolve this problem.
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3.2.2 Interception Points

In the one-tone test, the n'* interception point was determined as the input (output) power
level for which the fundamental frequency component and the " harmonic have the same
output power level. In a two-tone test we are interested to the power levels of the odd-order
IMPs close to the fundamental frequencies (f; and f;). Due to the symmetry of these IMPs
around f.3, we will consider below the products at the right side of + f. only, that is at the
frequencies f. + (2m — 1) f; where m = 1,2,.... Every term in the summation (24) having
an odd-degree equal or greater than 2m — 1, generates a spectral component at the frequency
fc+ (2m —1) fin. Depending on the value of m, the sum of all the components can be expressed
by one of the two following forms. Equation (31) corresponds to even values, while equation
(32) corresponds to odd values

2k—1k—% . —1_9; ]
Ya(fe+ (2m—1)fu) = Z fzk—1 (A> )y <2k2i 1) (kz—ki+1’§ Ell) (i El?) D

—m
=3

Yo(fe+ (2m—1)fm) = Z Ak_1 <A>2k_lk_2m21 @’;:11) <kf(lk+_%> <12_1;ZJ}1> (32)

i= m+1 2
2

Note that for m = 1, Eq. (32) is equivalent to Eq. (25). The output power of any of those
IMPs can be determined from equations (31) and (32). For even values of m, the power of the
(2m — 1)th IMP, may be expressed (similarly to (14)) in function of the average input power

pin = P, orin function of the power of one of the two fundamental components, P/ or
avg fufa fi

P}Zz The latter relation is the more commonly used and we will adopted hereafter,

PYiip, = (2m — 1)P}'f + Gimp,,, , + Germp,, . (33)
where
Gimpy, . = 1010g10(cg1m71a2m71)2 - 32(’” - 1)/ (34)
Germp,, , = 10logyy (1+S)? (35)
2(k=m) _j_m k—it2—1 -2
and S = ZkK:erl Z:Vi:’l (é) Y n C%}( 1C2k—11—22i C;i 2. For odd values of m,
only the summation in equation (35) will change and becomes in this case, S =
2(k—m _ i m+1 .
ZkK:erl 322”;:11 (é) ( )Zk ,,,H Cgi 11C12(( Z+)2 C . Note that in (33), P}’f is equal to
Py —3dB.

Hence, the IMPs, like the fundamental components, undergo gain compression. For low in-
put power levels, the gain compressmn is neghglble In this range of power, the output power
of the (2m — 1)”’ product, Pf]’\‘/fp = 1,2,..., increase linearly in function of P}’f (33).

However, this evolution is 2m — 1 tlmes faster than the power at one of the fundamental
frequencies, if taken separately (one-tone test, Eq. (9)). Therefore, if the gain compression
phenomenon does not occur, one could expect an input (output) power level, for which, the
(2m — 1) IMP and one of the fundamental components will have the same power level. In
this case, The input (output) power level is called the (2n — 1) input (output) interception

3The symmetry of IMPs around f is related to the memoryless assumption.
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point, denoted IPi" | (IP$“! ). This point is thus the interception point of the linear extrap-
olations of power evolution curves (9) and (33). This new definition of the interception point
is often preferred to the first one (Section 3.1), since it gives an indication on the amount of
spectral regrowth in real applications, when the PA is excited by a band-pass signal (Sec. 3.3).
Figure 7 shows the 3" and 5" interception points, as well as the AM-AM characteristic, and its
corresponding compression points for our case-study PA, the ZHL-52-100W. Here, we observe
that the power series model is able to describe the nonlinearity on IMPs, only over a limited

power range.

3.2.3 Model Identification

Some parameters presented in the preceding sections appear in almost every RF PA data sheet.
They are adopted to give a first indication on the nonlinearity of the PA. In this section, we
present how such parameters could be used to determine the coefficients a; of the ZHL-100W-
52 9th-order polynomial model, adopted all along our simulations. As mentioned before,
even-order terms are neglected, and thus only odd-order coefficients will be identified. Recall
that the identified model takes into account nonlinear amplitude distortion only.

The first coefficient of the power series a; can be determined simply from the gain of the PA
(10), a; = 106720, For the ZHL-100W-52, the gain is equal to 50 dB, and, hence a; = 316.23.
On the other hand, referring to equations (9), (33) and (34), we can write

IPY 1+ G = (2m—1)IP | +101og,((CY,_qa0m—1)%) —32(m — 1). (36)

Thus, if the (2m — 1) input interception point is known, IPJ" |, we can determine the coef-
ficient of the same order, a5, 1 of the power series

32(m—1)+G—2(m—1)IPi
10 o 2m—1
Am—1 = cm : (37)
2m—1

In our case-study PA, the third interception point at the output is specified, IP{*! = 57 dBm,
allowing thus to determine the third coefficient a3. Note that, given I onﬁ‘f_l, I Pﬁ’%_l could be
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simply obtained by setting Gcy, to zeroin Eq. (9), I Pgut | = [P | + G, since the interception
point is always on the ideal PA characteristic. Thus, a3 is equal to —837.3.

Moreover, based on Eq. (36), we could express a,,, 1 in function of the amplitude correspond-
ing to the (2m — 1) interception point at the input, A7p, ,, and the coefficient a;

a1
Cglmfl (AIPZm—l /2)2(?’1*1)

Am—1 = (38)

In traditional power series analysis, the order of the used model is usually limited to 3. Thus,
we can determine a relation between Aq;5 and Ajp3, which correspond to the 1dB compres-
sion point (one-tone test), and the third interception point (two-tone test), respectively. Here,
if we set Gy, in 11, we find the following relation

4a1(1071/20 1)
3613 ’

A%y = (39)
Note that, the coefficient a3 should have, in this case, a negative value in order to model the
gain compression of the PA. Now, substituting a3 from (38), in Eq. (39), we obtain a new
relation between Aq;5 and Ajps

2
(A1dB> —1_10-1/20 (40)
Arp3

Eq. (40) and Eq. (38) for m = 2, could be found in almost all classical studies on modeling the
PA via power series (e.g. chap. 9, (Cripps, 2006)).
Now, thanks to Eq. (11) obtained from our development, every point of the AM/AM char-
acteristic can be used to determine a new higher-order coefficient. For example, two com-
pression points are given in the data sheet of the ZHL-100W-52 PA, and a third point near
saturation could be deduced since the maximum input power is specified (Maximum Input
power no damage) and is equal to 3dBm. Hence, we can choose for example an additional
point at 2dBm input power with a compression greater than 3 dB, let us say 3.8dB and we
suppose that this point is the saturation of the PA. We have added this point to reinforce the
modeling capacity of the power series model by extending its power range validity (in other
words, delaying its divergence point) and to define a saturation point useful for the develop-
ment in this chapter (Fig. (6)). Finally, setting Gcg, to —1, —3, and —3.8 successively, a linear
system of three equations with three unknowns can be established. In a matrix notation, this
system can be written

Cx=0»b (41)

pB = [Cg(Ade/2)4 C3(Apap/2)° CS(APdB/Z)S}’ =

p
a5 a7 ag] et bT = [u14p uzqp u38ap] Where uygp = iy (10_P/20 - 1) —a3C5(Apap/2)%, ()T

T _
where C' = [v14p V34p V384B), V

being the transpose operator. The solution of this linear system (41) can be simply written
x =C b (42)

If the matrix C is not singular, we can find an exact unique solution of (42), and otherwise the
least square method can be used. The founded values of a5, a; et ag for the ZHL-100W-52, are
respectively 11525.2, —224770 and 952803.3. Note that, we can exploit all the power points
of the measured AM-AM characteristic to identify more coefficients and to improve the least
square method accuracy.
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Fig. 8. Equivalent baseband modeling of the PA

3.3 Band-pass signals and baseband equivalent Modeling

So far, we have discussed the nonlinearity on one- and two-tone signals. However, in real
modern communications systems, more complex signals are used to transmit digital infor-
mation by some type of carrier modulation. Besides, due to bandwidth constraints, narrow-
band band-pass signals are generated in most applications. Signals are termed narrowband
band-pass signals or, shortly, band-pass signals, when they satisfy the condition that their
bandwidth is much smaller than the carrier frequency. Such a signal can be expressed by

x(t) = %{f(t)ejznfft}
- %(;z(t)eﬂ”fct+f*(t)e*f2”fcf) (43)

where f, is the carrier frequency and %(t) is the complex envelope of the signal or the baseband
signal. Substituting (43) into Eq. (1), and using the binomial theorem, the output signal of the
PA modeled by a power series model can be written

Ya(t) = Z ak— ( Yel27ft 4 %% (e —j27'(fct)k

_ 2 ”kzk 2 ( ) ) (k=i) () 22— ot (44)

k=1
In the above equation, only odd-degree terms generate frequency components close to f,
since the condition i = (k & 1)/2 must be verified. The sum of all these components, denoted

Ya(t) B

, can be extracted from (44) to form the following equation

yaB)|, = Z”Zk 122k FChen IR 1)( (t)e‘jZ”fct+f(t)ef2ﬂfct)

fe

= Zazm k1c2k1|<>|<"-”x<t>. (45)
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Fig. 9. Predistortion technique

Since we are interested only by the frequency content near f,, this result (45) suggests that it
is sufficient to study the nonlinearity of the PA on the complex envelope of the input signal.
Denoting by () the complex envelope of the output signal (44) filtered by a band-pass filter
centered on f, Eq. (45) can be written

K
g(t) = Y ab_y |2(6)PED x(t) (46)
k=1

where a/zkfl = A1 ﬁclﬁkq (Benedetto & Biglieri, 1999). Eq. (46) constitutes a baseband
equivalent model of the RF power series model (1) used before. The baseband model is in fact
valid in all cases where band-pass signals are used. It is particularly interesting for digital sim-
ulators since baseband signals require relatively low sampling rate w.r.t the carrier frequency.
In addition to its capacity of representing simply power amplifiers, this model is often used
in baseband predistortion techniques, when the PA does not represent strong memory effects.
To illustrate, the baseband signal of a two-tone signal, which can be considered as a band-pass
signal, is a sinusoidal signal %(t) = 2A cos(27tfut) (Eq. (23)), and the equivalent baseband
system is illustrated in Fig. 8.

As mentioned before, a memoryless nonlinear system can induce amplitude distortion only,
but never phase distortion. However, PAs with weak memory effects can be considered as
quasi-memoryless systems (Bosch & Gatti, 1989), where nonlinear amplitude and phase dis-
tortion at instant ¢t depend only on the amplitude of the input envelope signal at the same
instant. Hence, the output complex envelope can be expressed in the general form

g(t) = G(x(®)]) (1)
Ga (|x(1)]) exp {j® (|%(£)[) } () (47)

where G,(-) and ®(+) are nonlinear functions of the amplitude, |¥(f)|, of the input complex
envelope. The equivalent baseband power series model (46) can be used to describe the be-
havior of a quasi-memoryless system, and it is often called the quasi-memoryless polynomial
(OMP) model. In this case, the coefficients a’2k_1 are complex valued, and from (46), the com-

plex gain G of the PA (47) is equal to Y8 ; ah, , |%(t) \z(kfl). In this modeling approach, the
nonlinear functions G,(+) and ®(-), which are the module and the phase of the complex gain
of the PA respectively, represent the AM/AM et AM/PM conversions of the PA.

In the next part of this chapter, a digitally modulated signal (a band-pass signal) is used while
evaluating a linearization technique. Thus, we will observe the nonlinear effects that can be
incurred by the PA on such a type of signals.

4. Adaptive digital baseband predistortion technique

Linearization techniques aim to linearize the behavior of the PA in its nonlinear region, or to
extend the linear behavior over its operating power range. Generally speaking, this can be
done by acting on the input and/or output signals without changing the internal design of
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the PA. Two linearization techniques were first applied to PAs, both invented by H. S. Black
(Black, 1928; 1937): the Feedback (FB) and Feedforward (FF) techniques. Different implemen-
tation approaches have been proposed in the literature but the main idea behind these tech-
niques is to generate a corrective signal by comparing the distorted output signal to the input
signal, and to combine it either to the input (FB) or output signal (FF). The FB technique, as
any feedback system, suffers from instability problems which limit its deployment to narrow-
band applications. On the other hand, FF technique is inherently an open-loop process and,
thus, it can be applied to wide-band applications but it has many disadvantages, mainly due
to signals combination at the output of the PA. More recently, a new technique, called the pre-
distortion technique, has been proposed and widely used. This technique consists in inserting
a nonlinear circuit, the predistorter (PD), prior to the RF PA such that the combined transfer
characteristic of both is linear (Fig. 9). Denoting by G and F the transfer characteristic of the
PA and the PD respectively, the output signal y(t) of the cascade of the two circuits, PA and
PD, may be written

y(t) = G{F{x(t)}} = Kx(t) (48)

where K is a positive constant representing the gain of the linearized PA, and x(t) is the input
signal. Different approaches, relying on analog, digital or hybrid circuits, could be employed
while designing the PD. In the following, however, we will be interested in Adaptive Digital
Predistortion (ADPD), which is a promising and cost-effective technique for SDR transmitters.
Given the considerable processing power now available from Digital Signal Processing (DSP)
devices, the digital implementation offers high precision and flexibility.

4.1 ADPD: An overview

The digital predistortion technique is basically relying on the equivalent baseband modeling
of the PA and/or its inverse. For digital signal processing convenience, it is very desirable to
implement the PD in baseband. To this end, we resort to an equivalent low-pass or baseband
representation of the band-pass system. Thus, the cascade of the equivalent baseband behav-
ioral model of the PD and the PA should form a global linear system, as shown in figure 10.
Hereafter, F and G will represent the transfer characteristic at baseband of the PA and the PD
respectively. To illustrate, we will assume that the PD and the PA are quasi-memoryless sys-
tems, and thus G and F are nonlinear functions of the amplitude of their input signals. Hence,
the output x,(t) of the PD can be written in function of the input signal x;(t) as follows

xp(t) = F([xi(t))xi(t) (49)
Accordingly, the output of the PA is written as
y(#) = G(lxp(H))xp(t)
= GUF(Ix(t) i () DE([xi(£) D xi ()
= Grin(|xi(£)])xi(t) (50)

where y(t) is the output baseband signal and Gj;,(.) the characteristic function of the lin-
earized PA, LPA (i.e. cascade of the PA and the PD). In an ideal scenario, the module and
phase of this function must be constant for the whole amplitude range up to saturation. Thus,
according to Eq. (50), a linear behavior can be obtained if the following condition is fulfilled

G(lxp(DDE(lxi(8) )] = K (51)
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where K, a positive constant, is the global gain of the LPA. For further illustration, Fig. 11
shows the instantaneous predistortion mechanism in the simple case where the PA introduces
amplitude distortion only. The insertion of the PD makes linear the amplitude response of
the PA over a large amplitude range, covering part of the compression zone, before reaching
saturation. A phase predistortion should be also performed since the phase distortion of the
PA has considerable effects on the output signal.

There are different configurations of the digital baseband predistortion system. However, all
these configurations have the same principle presented in Fig. 12. The transmitted RF signal
at the output of the PA is converted to baseband, and its quadrature components are digitized
by an analog to digital converter. The samples in baseband are then treated by a digital signal
processor (DSP) with an algorithm that compares them to the corresponding samples of the
reference input signal. The PD’s parameters are identified while trying to minimize the error
between the input and the output, or another appropriate cost function. After a short time
of convergence which characterizes the identification algorithm, the PD could perform as the
exact pre-inverse of the equivalent baseband model of the PA.

In modern SDR transmitters, most of the components must be reconfigurable in order to
switch, ideally on the fly, from one standard to another. In such systems, the digital pre-
distortion technique seems to be the unique applicable linearization technique. In this case,
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Fig. 12. Adaptive digital baseband predistortion

the PD must be updated on a continuous or quasi-continuous basis in order to keep a good
linearization performance, and thus the lowest energy dissipation.

4.2 Performance evaluation

In this section, we first describe the test bench designed for our experiments. Then, we eval-
uate the performance of the digital baseband predistortion technique, using a medium power
PA from Mini-Circuits, the ZFL-2500 , driven by 16-QAM modulated signal. To this end, we
first identify a model of this PA from the input/output signals acquired using the test bench.
This model is used in simulations to determine the best expected performance of the digital
baseband predistortion technique, in the ideal scenario (without measurement noise). Second,
we present the experimental results, and compare them to the theoretical ones. The perfor-
mance of the PD has been evaluated by measuring two important parameters, the Adjacent
Channel Power Ratio (ACPR) and Error Vector Magnitude (EVM), for different backoff val-
ues. However, due to space limitation, we will only present the results obtained for the ACPR
parameter.

4.2.1 Test bench description

The measurement testbed consists of a vector signal generator (VSG) and a digital oscillo-
scope (DO) (Fig. 13). This testbed was designed to be fully automatic using the instrument
toolbox of Matlab. The measurement technique concept consists in generating data in Mat-
lab to send out to the VSG and then to read data into Matlab for analysis. The VSG (Rhode
& Schwartz SMU 200A) receives the complex envelope data via an Ethernet cable (TCP/IP)
from a personal computer (PC) and using a direct up-conversion from baseband to RF, pro-
duces virtually any signal within its bandwidth limits. Note that, once the data have been
sent to the VSG, the latter will send the corresponding modulated signal repeatedly to the PA.
A marker can be activated to trigger the DO every time the sequence is regenerated. The mi-
crowave input and output signals of the PA are then sampled simultaneously in the real time
oscilloscope (LeCroy, 4 channels Wave master 8600, 6GHz bandwidth, 20 GS/sec), transferred
via an Ethernet cable to the PC, and recorded in the workspace of Matlab. The acquisition time
in the DO is fixed to be equal to the duration of the baseband signal generated by Matlab. In
this way, the acquired RF signals correspond exactly to the original signal of Matlab. After
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Fig. 13. Measurements setup

that, the two sequences are digitally demodulated in Matlab, adjusted using a subsampling
synchronization algorithm (Isaksson et al., 2006), and processed in order to identify the pa-
rameters of the PD. The baseband signal is then processed by the predistortion function and
loaded again to the VSG. Finally, the output of the linearized PA is digitized in the DO and
sent back to the PC to evaluate the performance of the particular PD scheme. This evaluation
can be done by comparing the output spectra (ACPR) and constellation distortion (EVM) of
the PA with and without linearization, for different back-off values. The time of this entire test
is several minutes since this test bench is fully automatic. In other words, the transmission and
the signals acquisition, identification and performances evaluation can be implemented in a
single program in Matlab which run without interruption. Note that, for signals acquisition,
the spectrum analyzer “Agilent E4440A” has been also used as an alternative method for pre-
cision, comparison and verification. In this case, the signal analysis software provided with
this device can be used to demodulate and acquire the input and output signals separately.
The signals can then be synchronized by correlating them with the original signal of Matlab.

4.2.2 Experimental results

Measurements have been carried out on a PA from the market, the ZFL 2500 from Mini-
circuits. This wide-band (500-2500 MHz) PA is used in several types of applications, typically
in GPS and cellular base stations. According to its data sheet, it has a typical output power
of 15dBm at 1 dB gain compression, and a small signal gain of 28 dB (£1.5). The modulation
adopted through the measurements is 16 QAM. The pulse shaping filters are raised cosine
filters with a roll-off factor of 0.35 extending 4 symbols on either side of the center tap and 20
times oversampled. The carrier frequency is 1.8 GHz and the bandwidth 4 MHz. In order to
acquire a sufficient number of samples for an accurate PD identification, 5 sequences of 100
symbols (2k samples) each, have been generated and sent to the VSG successively, i.e. a total
number of 10k samples have been used for identification and evaluation.

Static power measurements

In order to validate the study presented in Sec. 3, we have performed the one- and two-tone
tests on this PA. The defined parameters, namely, compression and interception points and the
output saturation power, are also very useful for the experimental evaluation of the DPD tech-
nique. Figure 14 shows the AM/AM characteristic of the PA under test, its compression points
and the corresponding power series model identified using the development presented in sec-
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Fig. 14. RF polynomial model of the ZFL-2500 PA extracted from static power measurements
(compression and interception points)

f
PYi ] 17.11dBm

Pyt | 18.66 dBm
Poit | 19.73 dBm

sat

IPg"" | 29.46 dBm
Table 1. Parameters from the static power measurements

tion 3. As we can see from this figure, the power series model fits well the measured AM/AM
characteristic up to approximately the 4 dB compression point, after which it diverges. Table
1 shows the different parameters measured from the one- and two-tone tests at the carrier
frequency of 1.8 GHz.

Nonlinearity on modulated signals

In the first part of this chapter, we have analyzed amplitude nonlinear distortion of PAs on
special excitation signals, the one- and two-tone signals. We have observed that, in the case
of a two-tone excitation, some frequency components, the intermodulation products (IMPs),
appear very close to the fundamental frequencies and consequently cannot be rejected by
filtering. If the number of tones increases in the excitation signal, approaching thus real com-
munications bandpass signals (Sec. 3.3), the number of IMPs increases drastically. Here, a
simple quantification of the nonlinearity at one IMP becomes no more sufficient to appropri-
ately represent the real distortion incurred on such a signal. In fact, the IMPs fall inside or very
close to, the bandwidth of the original signal, causing in band and out of band distortions.
Fig. 15 shows the input/output spectra of the ZFL-2500 PA, and the constellation of its output
signal for an average output power equal to 16.52dBm. As shown in Fig. 15a, the out of band
distortion appears as spurious components in the frequency domain in the vicinity of the orig-
inal signal bandwidth, which is often referred by spectral regrowth. In real communications,
this out of band distortion may result in unacceptable levels of interference to other users,
which is often quantified by the ACPR parameter. On the other hand, the in band distortion
appears on the warped constellation of the output signal, as shown in Fig. 15b, where the
constellation points are no more located on a rectangular grid. This may increase the bit error
rate (BER) in the system, and is measured by the EVM parameter.
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Fig. 16. Dynamic AM/AM et AM/PM characteristics of the ZFL-2500 PA

Rapp model

The dynamic AM/AM and AM/PM characteristics of the ZFL-2500 PA are shown in Fig. 16.
They are defined as being, respectively, the instantaneous amplitude variation of the output
signal |(n)|, and the instantaneous phase shift ¢(n) = Zjj(n) — £%;(n), in function of the
instantaneous amplitude of the input signal |%;(n)|. Although a relatively high dispersion
appears on the AM/PM characteristic, the nonlinear phase distortion can be considered as
negligible on the whole input amplitude range. It is a typical characteristic of low power
Solid State PAs (SSPAs), which generally do not present strong memory effects. The quasi-
memoryless Rapp model (Rapp, 1991) is often used in this case to model such PAs. Assuming
that the phase distortion is negligible, the output signal may be expressed as follows

g(n) = G(|xi(n)])%;(n) (52)

where
Ky

G(|xi(n)]) = 1+ (IQ%ZIH)Zp)l/ZP

(53)
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