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Abstract
With increasing importance of spectral efficiency, the radio frequency (RF)
power amplifier (PA) which is used in the third generation mobile
communication (3G) such as universal mobile telecommunications system
(UMTS) need to be highly linear to meet the stringent spectrum emission
requirements of international mobile telecommunication-2000 (IMT-2000)
standard [1] specially in the case of non-constant envelope signal amplification.
The main objective of this thesis work is to investigate the possible method(s)
for modelling and linearization of power amplifiers with memory effects. The
memory effects in the PA are low frequency dependent phenomena and can
distort the symmetry in the amplifier output spectrum. These phenomena are
the main challenge in the wireless mobile communication and microwave
applications in which highly linear PAs are required. The memory effects must
be analyzed, characterized and modelled in order to be able to linearize a
broadband as well as high power amplifier.
Basic theory and traditional PA nonlinearity measurements are discussed in
chapter 2, and nonlinearity as well as memory effects are discussed in chapter 3.
Quasi-memoryless amplifier models and amplifier models with memory are
extensively studied in chapters 4. In chapters 5, it is shown that predistortion
method is able to reduce intermodulation distortion in PA without memory
effects while it cannot do the same for PA with memory. Moreover, it is shown
that the improved predistorter with memory is suitable to linearize PAs which
exhibit memory effects.
Measurement setup for nonlinearity and memory effects analysis for PAs is
presented in chapter 6. The application of this setup is demonstrated for GaN
HEMT power devices.
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Zusammenfassung
Mit zunehmender Bedeutung des spektralen Wirkungsgrades steigen die
Anforderungen an die Linearität von Hochleistungsverstärkern, die im
Mobilfunk der dritten Generation (3G) wie z. B. Universal Mobile
Telecommunikation

System

(UMTS)

eingesetzt

werden.

Speziell

bei

Verwendung von Modulationsverfahren mit nicht-konstanter Einhüllenden
sind hierbei die Anforderungen an die Emissionsspektren, definiert durch den
Standard

International

Mobile

Telecommunication-2000

(IMT-2000)

einzuhalten [1].
Das Hauptziel dieser Dissertation ist die Untersuchung möglicher Methoden
zur Modellierung und Linearisierung von Hochleistungsverstärkern mit
Gedächtniseffekten. Die Gedächtniseffekte in einem Hochleistungsverstärker
sind Niederfrequenzphänomene, die die Symmetrie des Spektrums am
Verstärkerausgang

stören.

Solche

Phänomene

stellen

eine

starke

Herausforderung im Mobilfunk und entsprechenden Mikrowellenschaltungen
dar. So wird eine hohe Linearität der Leistungsverstärker erforderlich. Die
Gedächtniseffekte müssen meßtechnisch analysiert und modelliert werden, um
einen gegebenen breitbandigen Hochleistungsverstärker linearisieren zu
können.
Grundlegende Theorie und traditionelle nichtlineare Meßmethoden werden in
Kapitel 2 besprochen. Nichtlinearitäten sowie Gedächtniseffekte sind Themen
in Kapitel 3. Quasi-gedächtnisfreie Verstärkermodelle und Verstärkermodelle
mit Gedächtnis werden weitgehend in Kapitel 4 behandelt. In Kapitel 5 wird
gezeigt,

daß

die

Vorverzerrungsmethode

Intermodulationsverzerrungen
Gedächtniseffekte

zu

im

verringern,

in

der

Lage

Hochleistungsverstärker
während

die

Anwendbarkeit

ist,
ohne
auf

Leistungsfähigkeit für Hochleistungsverstärker mit Gedächtnis eingeschränkt
XXIII

ist. Außerdem wird gezeigt, daß der verbesserte Vorverzerrer mit Gedächtnis
verwendbar ist, gedächtnisbehaftete Hochleistungsverstärker zu linearisieren.
Eine Meßanordnung zur Analyse von Nichtlinearitäten und Gedächtniseffekten
an Hochleistungsverstärker wird in Kapitel 6 dargestellt. Die Anwendung dieser
Meßanordnung wird für GaN HEMT Leistungstransistoren demonstriert.
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Chapter 1
INTRODUCTION

The evolution in wireless technology from voice-only service known as a
second generation wireless (2G), to advanced data-centric third generation (3G)
requires increased system capability. Moreover, the next generation of
communication systems, IMT-2000, expected to provide high data rate
communication services such as Internet access (10-1000 kbits/s), e-mail (1-100
kbits/s), computer networking (100-10000 kbits/s), and video conferencing
(100-1000 kbits/s). However, these improvements will increase the required
bandwidth and power level in the cellular phones as well as mobile
communication base stations [1]-[4].
Furthermore, newer transmission formats, such as code division multiple access
(CDMA), wideband CDMA (WCDMA) and orthogonal frequency division
multiplexing (OFDM) with high peak to average power ratios (>10 dB [2]),
cause large variations in the signal envelope. In this case, the power amplifier
should produce a high output power level and it should be highly linear. For
example, according to 3rd generation partnership project (3GPP) specifications
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[1], the average output power of a WCDMA base station should be in the range
of 20 W [3] and the maximum adjacent channel leakage power ratio (ACLR)
should be ≥ 45 dBc for bandwidth up to 5 MHz and ≥ 50 dBc for 10 MHz
bandwidth [1]-[3].
Amplifying an input signal to required levels for reliable transmission using
currently available power amplifiers produce an amplitude and phase distortion.
In the case of narrowband applications, for example, global system for mobile
communications (GSM) [4]-[7], the nonlinearity of the PAs is usually expressed
by amplitude modulation to amplitude modulation (AM/AM conversion) and
amplitude modulation to phase modulation (AM/PM conversion) which are
only a function of the input signal level. Sometimes the conversion
characteristics are also dependent on the carrier frequency like in case of
travelling wave tube amplifier (TWTA) [8]-[10]. A power amplifier having such
characteristics is called quasi-memoryless amplifier and its output spectrum is
only a function of the instantaneous input signal and it has a symmetrical
intermodulation distortion (IMD) in the case of multi-tone input signals.
Similarly, we get a symmetrical spectral regrowth in the output spectrum when
the input of the amplifier is a digitally modulated signal. Conventional quasimemoryless amplifier models [8]-[16] and traditional linearization methods [17][55] can be used to model and linearize such amplifiers.
Beside that, as the bandwidth of the amplifier input signal increases (wideband
application e.g. UMTS [4], [7]), the AM/AM and AM/PM characteristics can
not fully describe amplifier nonlinearity, since memory effects are not described
in these characteristics.
Moreover, there are two main problems in the power amplifier with nonconstant input signal envelope, which has high peak to average power ratio:
• First, the power amplifier needs to be backed off which results in low
power added efficiency. In this case a lot of power is dissipated causing
2

self-heating effects in the active device, which creates variations in the
output spectrum. This phenomenon called thermal memory effect [6],
[22].
• The second one is that, when the period of the input signal envelope is
smaller or in the order of the circuit time constant in the amplifier, the
input signal envelope variation causes impedance variation mainly in the
bias network and results in a significant variation of the output spectrum.
This property is described as electrical memory effects [6], [56], [57].
Therefore, the power amplifier must be well characterized in order to measure,
model and compensate not only the nonlinearity but also the electrical and
thermal memory effects.
The first step to design or develop any linearization technique is to precisely
characterize and model the amplifier nonlinearity including memory effects.
Power amplifiers can be classified into three categories [10], [56] depending on
the existing memory level as: memoryless, quasi-memoryless and models with
memory. Modelling of a nonlinear power amplifier with memory is a current
research topic in broadband microwave and wireless communication systems
[57]-[73]. The broadband high power amplifier with memory effects should be
modelled in such a way that the output signal will depend not only on the input
signal amplitude and carrier frequency [8]-[16] but also reflect the influence of
its envelope frequency. As an example, a memory polynomial function [57] can
be used to model such broadband power amplifiers, and new linearization
methods or algorithms with memory effect compensation [74]-[86] should be
developed in order to linearize an amplifier with memory effects.
To design a linear broadband power amplifier, characterization, modelling and
linearization of the power amplifier must be carefully performed. However, a
final solution needs much more research in device technology, amplifier design
and final linearized system. Figure (1.1) shows the structure of this research
3

work, which comprises mainly two blocks namely: nonlinear amplifier
modelling including memory effects and linearization technique to achieve
enhanced linear amplification.

linear amplifier
input
signal

nonlinear
amplifier

linearization

linearizerd
signal

Figure 1. 1: Main topics of the dissertation.
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Chapter 2
CLASSIFICATION AND BASIC THEORY
OF NONLINEAR POWER AMPLIFIER

2.1 Classification of Electrical Systems with Respect to
Their Memory Properties
Based on linearity, the electrical systems can be classified into linear and
nonlinear systems. In practice, all systems are nonlinear even at low (voltage
and current) signal levels and become highly nonlinear for high signal levels.
However, based on existing memory in the system, electrical systems can be
divided into memoryless systems (time independent) and systems with memory
(time dependent).

2.1.1 Memoryless Linear Systems
Memoryless linear systems can be represented by linear equations. In
memoryless linear systems, the output signal is only a function of the
5

instantaneous input signal and is an amplified or attenuated copy of the input
signal. Such system can be theoretically a network consisting of linear resistors
[87], [88].

2.1.2 Memoryless Nonlinear Systems
Memoryless nonlinear systems can be represented by nonlinear equations such
as a polynomial function. In the memoryless nonlinear systems, the output
signal is only a function of the instantaneous (time independent) input signals
and is not an amplified or attenuated copy of the input signal. However, the
transfer function between input and output signals is nonlinear and such system
theoretically can be a network consisting of linear and nonlinear resistors [87],
[88].

2.1.3 Linear Systems with Memory
Linear systems with memory can be represented by linear differential equations.
The output signal is a function of both the instantaneous and previous input
signals. A network consisting of linear capacitances or/and inductances can be
taken as an example for linear systems with memory. This is because the
capacitive and the inductive elements have a time constant, that is, the time
interval during which they change from one state to another. This time
constant is the main cause of memory in the system [10], [87]. Moreover, all
electrical systems, which contain inductive and capacitive elements, have
memory.

2.1.4 Nonlinear System with Memory
Nonlinear systems with memory can be represented by nonlinear differential or
memory polynomial equations. In these systems the output signal is a function
of both the instantaneous and previous input signal. An example of such
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system is a network consisting of a nonlinear resistor and linear capacitance or a
single element representing either nonlinear capacitance or inductance [10],
[56], [87].

2.2 Classes of Amplifier Operation
The most significant problem in mobile communication transmitters, to meet
the spectrum requirements of IMT-2000 standard [1], is the power amplifier
nonlinearity. Moreover, maintaining higher linearity with acceptable efficiency is
very essential. Therefore, linearity and efficiency are the most important
characteristics of the power amplifier design for mobile communication
systems. Beside that, higher linearity results in poor efficiency and vice versa.
Therefore balance between efficiency and linearity is dependent on the
application and has to be considered for amplifier design [90], [91].
ID
I D (max)

Class-A
I D (max)
2

Class-B
Class-C
Class-AB
0

VGS (threshold)

VGS (pinch-off)

VGS

Figure 2. 1: Power amplifier classes (after [91]).

Depending on the linearity and efficiency requirements in the application, the
operation classes of amplifier can be divided into two groups [90]-[93]: The first
group covers high linear amplifiers such as PAs in mobile communication
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applications, and to the second group belong high efficient amplifiers such as
high PAs in satellite applications. The amplifier operation depends on the
selection of transistor operating point (figure 2.1) which greatly influences
linearity, power handling and efficiency.
Four operation classes are under the first group: class-A, class-B, class-AB and
class-C. These classes are intensively used in power amplifier design for
microwave and wireless mobile communication based on non-constant
envelope modulation which use multi-carrier signals. For this reason, such
systems demand highly linear amplification. Beside that class-D, class-E, classF, and others, also known as switched mode amplifiers [18], [90], belong to the
second group. These classes are intensively used in power amplifier design for
satellite applications in which very high power is required. Therefore, the
efficiency must be very high in order to avoid high power dissipation in the
active device (chapter 3).
In this chapter, we will consider only the first group (figure 2.1) which are
commonly used in mobile and microwave applications [92].

2.2.1 Class-A
In class-A amplifier, the transistor operation point is chosen in the center of the
linear region of its characteristic (figure 2.1.) and the input signal current should
be less than the amplitude of the dc biasing current. Therefore, the output
current ( ID ) can flow in the drain for the complete input cycle duration, which
means the conduction angle is 360 degrees (figure 2.2). In class-A, the dc power
consumption is constant and independent of the output signal level even if
there is no input signal [92]. The output current waveform for a class-A
amplifier is shown in figure 2.2.
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Class-A
conduction angle

360

ID

O

I D (max)

t

2

I gs output waveform

Class-A

I D (max)

VGS
0

VGS (pinch-off)

VGS (threshold)

t
V gs input waveform

Figure 2. 2: Output current waveform in class-A amplifier (after [91], [92]).

Class-A amplifier has a good linearity especially for low output power. The
nonlinear effect occurs only when the drain current exceeds its saturation point
and/or comes into sub-threshold region (cut-off). The theoretical maximum
efficiency is 50%; however, in practice, the efficiency is typically around 30%
[92].

2.2.2 Class-B
In class-B amplifier, the transistor operation point is chosen close to the
threshold voltage as shown in figure (2.1), so the dc biasing current is set to
zero. Therefore the output current ( ID ) can flow in the drain for one-half
duration of the input cycle, which means the conduction angle is 180 degrees
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(figure 2.3). Unlike in class-A amplifier, in class-B amplifier there is no power
consumption when the input signal is zero and the peak current is a function of
the output power and efficiency. The output current waveform for a class-B
amplifier is shown in figure 2.3.

Class-B
conduction angle
ID

180

O

I D (max)

2

Class-B
t

I gs output waveform

I D (max)

VGS
0

VGS (threshold)

V GS (pinch-off)

t
Vgs input waveform

Figure 2. 3: Output current waveform in class-B amplifier (after [91], [92]).

Class-B amplifier is more nonlinear as compared with class-A amplifier, but the
theoretical maximum efficiency is 75% which means it is greater than class-A
and it is proportional to the output signal level [91], [92].

2.2.3 Class-AB
According to its name, the class-AB amplifier is an in-between class-A and
class-B amplifier that means, it can be a flexible solution for a trade-off between
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linearity and efficiency. In class-AB amplifier, the transistor operation point has
to be chosen between A and B operation points and the input signal current
should be much larger than the dc biasing current amplitude (unlike class-A
amplifier). Beside that, the dc biasing current should be nonzero (unlike class-B
amplifier). Therefore, the conduction angle is less than 360 degree but greater
than 180 degree and output current waveform for a class-AB amplifier is
illustrated in figure 2.4.

Class-AB
conduction angle
O

>180, <360

ID

O

I D (max)

2

Class-AB
t

I gs output waveform

I D (max)

VGS
0

V GS (pinch-off)

VGS (threshold)

t
Vgs input waveform

Figure 2. 4: Output current waveform in class-AB amplifier (after [91], [92]).

Class-AB amplifier has better linearity than class-B amplifier and less linearity
than class-A amplifier. Consequently, the theoretical maximum efficiency in
class-AB amplifier is about 60%, which means greater than class-A amplifier
and less than class-B amplifier and it is proportional to the output signal level
[91], [92].
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2.2.4 Class-C
In class-C amplifier, the transistor operation point is chosen so that the output
current ( ID ) is zero for more than one-half duration of the input signal cycle
(figure 2.5) which means, the conduction angle is less than 180 degree resulting
in a good efficiency (theoretically it can reach up to 85%) but on the other hand
a poor linearity compared to the previous amplifier classes [18], [92].
Class-C
conduction angle

<180

ID

O

I D (max)
I gs output waveform

I D (max)
2

Class-C

VGS
0

VGS (threshold)

V GS (pinch-off)

t

t
Vgs input waveform

Figure 2. 5: Output current waveform in class-C amplifier (after [92]).

As explained before, the second group includes a number of very high efficient
(85-95%) nonlinear amplifiers with reduced conduction angle as seen in classD, class-E and class-F operation. However, these amplifier classes are not
considered in this thesis because they are not commonly used for applications,
which demand high linearity [18], [92].
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As conclusion, increasing the bias current for better linearity (closer to class-A
operation) results in lower efficiency and more heat dissipation. Conversely,
lowering the bias current to improve efficiency (closer to class-B operation)
results in reduced linearity. As soon as the envelope of the signal begins to vary,
the linearity of the amplifier becomes more important so that a more linear
amplifier than class-C must be used (figure 2.1). In this case, class-A or classAB operation is preferred. Although more linear than class-C, the output of
class-AB and class A amplifiers is still a distorted version of the input.
The efficiency for different amplifier classes described above is determined
using a continuous wave (CW) input signal, in which the peak power is equal to
the average power. Thus peak-to-average ratio (PAR) is equal to 0 dB. The
efficiency is different for different PAR, since the peak current in a device is
different for different operation classes [92]. This will be discussed in more
detail in section (2.3.3).

2.3 Characteristic Data of a Nonlinear Amplifier
Generally, the nonlinearity of an amplifier can be measured in different way.
Some standard measurements are used for characterization [89]. In this section
some of common nonlinearity measurements are presented.

2.3.1 1 dB Compression Point
As is known, all amplifiers have maximum output power capacity, which is
called saturated output power ( Psat , out ) (figure 2.6). At this power level the
amplifiers have poor linearity and good efficiency.
As shown in figure (2.6), the point where the difference between the amplifier
linear gain and actual nonlinear gain is equal to 1 dB is called 1 dB compression
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point ( P1 dB , CP ). In other words, P1 dB , CP is the output power level point at which
the gain is 1 dB compressed. In figure (2.6), as the distance between saturation
point and 1 dB compression point (CP) reduces, the nonlinear region decreases
resulting in the improvement of the linear properties of the amplifier [51].

saturation
point

sat, out

output power [dBm]

1dB

P1dB, CP

OBO
at PSat
Paverage
IBO
at PSat

sat, in

input power [dBm]

Figure 2. 6: Definition of saturation point, 1 dB compression point and back-off (after
[89], [94]).

In a linear amplifier (class-A), the input/output characteristic has a constant
linear gain value, approximately 6 to 10 dB below the 1 dB compression point
[51], [89]. The 1 dB compression point is normally measured using single-tone
CW with input power sweep (chapter 3).
The classical and expensive method to keep amplifier distortion at an
acceptable level for a given application is that the amplifier must be operated at
a reduced power level and this reduced power level is called back-off [51]. The
back-off is the distance between saturated point and average power level. The
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back-off values are dependent on the amplifier linearity and the signal peak-toaverage power ratio (section 2.3.3) and can be given either as an input back-off
(IBO) or output back-off (OBO) (figure 2.6).
The input and output back-off at saturated point in dB can be written as
IBO = Psat , in − Pavg , in

(2.1)

OBO = Psat , out − Pavg , out

(2.2)

where Psat , in and Psat , out are the input and output saturated power in dBm, and
Pavg ., in and Pavg ., out the average input and output power in dBm.

2.3.2 Intercept Point
The third order intercept point (IP3) is the theoretical point in which the
extrapolated linear power at third order intermodulation distortion (IMD3) is
equal to the extrapolated linear power at fundamental frequency. The
intermodulation distortion is a measure of the amount of unwanted modulation
energy created by the nonlinear amplifier (chapter 3). The extrapolation is made
from a point at which the amplifier gain is linear and where the IMD3 is of low
level ( < 10 dB below P1dB , CP [51], [89]). The intercept point can be given as an
input (IIP) or output (OIP) intercept point (figure 2.6).
The third order intercept point (IP3) is a figure of merit that is useful to
characterize the amplifier linearity. Typically it is given in dBm and for linear
class-A amplifier, it is located at ≈ 10 dB above 1 dB compression point [51],
[89]. Furthermore, the IP3 is normally calculated using a two-tone input signal
(chapter 3).

15

output power [dBm]

output
IP3

third intercept
point (IP3)

signal at
fundamental
frequency
1:1

3:1

signal at
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Figure 2. 7: Definition of third order intercept point (after [91], [94]).

In the weak nonlinearity case, the third order intermodulation distortion for any
given output power level can be calculated using IP3 value (normally it is given
in the amplifier specification) as [89]
IMD 3dBc = 2( Pout − OIP 3)

(2.3)

where the factor 2 is the change in the slope between the power at IMD3 and
the output power ( Pout ) at fundamental frequency. By 1 dB increase in the
output power at fundamental frequency, the signal at IMD3 is increased by 3
dB (figure 2.7) [89], [92], [94]. Consequently, this value is different for different
nonlinearity order. Moreover, the intercept point can be of 2nd, 3rd, and 4th order
depending on the order of nonlinear distortion.
Linearity figures of merit discussed above are not ideally suited for predicting all
information about nonlinearity in the amplifier.
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2.3.3 Peak to Average Power Ratio
The peak to average power ratio (PAR) is the ratio between the maximum value
of the instantaneous power and the average power of the signal [18], [92].
Power amplifiers have their specific peak-to-average ratio, which is very
important for amplifier nonlinearity characterization. When the input signal
peak level becomes greater than the linear amplification capability of the
amplifier, then the signal compression occurs. This causes distortion in the
output signal in form of intermodulation distortion or spectral regrowth [18].
Normally, the amplifiers are designed such that the signal peak is within their
peak power capability.
The total peak power of the multi-carrier signal can be calculated as [92],
2

Ppeak

⎛ N
⎞
⎜ ∑Vmax ⎟
⎜
⎟
2
N 2 ⋅ Vmax
⎝
⎠
=
=
= N 2 ⋅ Pmax
R
R

(2.4)

where N is the number of signal carriers, R is the channel resistance in ohm,
Vmax is the maximum signal voltage and Pmax is maximum power of the signal. It

is important to note that, in case of CDMA signal with N codes, the peak
power is similar to the peak power of N carriers [92].
The total envelope average power of the multi-carrier signal can be expressed as
a sum of voltage squares, that is
N

Paverage = ∑

2
2
Vrms
N ⋅Vrms
=
= N ⋅ Prms
R
R

(2.5)

where Vrms and Prms are the envelope average or root mean square value (r.m.s)
of the voltage and power, respectively. The envelope average voltage ( Vrms ) is
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equal to the instantaneous average value over one cycle (T) and can be
calculated as [18]
T

1
⋅ V 2 dt
T ∫0

Vrms =

(2.6)

where T is the period of the signal.
Consequently, the envelope peak to average power ratio (PAR) in dB can be
expressed as
⎛ Ppeak ⎞
⎟.
⎟
P
average
⎝
⎠

PAR = 10 log10 ⎜⎜

(2.7)

In the case of multi-tone signal, in which each carrier is represented as
unmodulated sinewave signal with constant envelope, the envelope PAR for N
carriers can be calculated in dB as
PAR = 10 log10 (N ).

(2.8)

As shown in section (2.2), the maximum power added efficiency of class-A
amplifier is equal to 0.5 at maximum output power. Moreover, if the input
signal has 10-dB peak to average power ratio, the efficiency will be equal to 5%,
which means, to transmit a 1 Watt average power the amplifier should be able
to pass 10 Watt peak power [92]. Therefore, both efficiency and linearity of all
amplifier classes are dependent on PAR.
In general, by using digital modulation signals the efficiency of the signal
bandwidth is improved. However the peak power level changes continuously
and randomly with the digital data transmitted. In table 2.1, some examples are
given to compare the PAR for different signal types [106]. The different PAR
are provided due to change in signal peak power which is dependent on
18

different factors such as modulation schemes type, baseband filtering and
number of carriers (chapter 3)[18], [92].

Table 2. 1: Different PAR values for different signal types [106].

signal type

modulation method

PAR in dB

single-tone

FM

0

two-tone

AM

3

GSM

GMSK

1.5

TDMA

π / 4 DQPSK

3.5

CDMA

QPSK/DSSS

10-12

WCDMA

QPSK/DSSS

8-9
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Chapter 3
AMPLIFIER NONLINEARITY AND
MEMORY EFFECT ANALYSIS

3.1 Introduction
The power amplifier is the major contributor of nonlinearity distortion in a
microwave transmitter. To overcome the nonlinearity problem, the amplifier
should be operated in the linear region with large back-off [51]. Nevertheless,
the large back-off solution reduces the power efficiency and increases the heat
dissipation and power consumption in the amplifier [90]. Another approach to
reduce nonlinear distortion is by performing amplifier linearization [18]. Some
common forms of linearization methods will be described in chapter 5. The
linearization methods are based on the precise characterization of the amplifier
nonlinearity, in order to generate the reverse of nonlinearity for distortion
cancellation. Consequently, more precise nonlinearity characterization results in
more accurate linearizer [93].
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In this chapter common nonlinear effects produced in the power amplifier such
as harmonic distortion, AM/AM and AM/PM conversions, intermodulation
distortion, adjacent channel interference (spectral regrowth) and memory
effects, will be explained in more detail. It will be shown how these nonlinear
effects are dependent on the different stimulated signal.

3.2 Baseband and Bandpass Signal Definition
In the communication system, the baseband signal is up-converted to the
bandpass signal by amplitude, phase or frequency modulation in order to
transmit it. The amplitude and phase modulated bandpass input signal can be
described as,
S in (t ) = A(t ) ⋅ cos[ωc t + θ(t )]

(3.1)

where ωc = 2π f c is the angular carrier frequency, A(t ) and θ (t ) are the
amplitude and phase modulation.
The signal described in equation (3.1) has envelope bandwidth much lower
than the carrier frequency and is called a bandpass signal with center frequency
ωc . Using trigonometric identities, this signal can be re-written as
S in (t ) = I (t ) ⋅ cos(ωc t ) − Q (t ) ⋅ sin(ωc t )

(3.2)

where I (t ) denotes the in-phase component and Q(t ) the quadrature
component [8], [9], [11],
I (t ) = A(t ) ⋅ cos[θ (t )]

(3.3a)

Q (t ) = A(t ) ⋅ sin[θ (t )].

(3.3b)
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Consequently, equation (3.2) can be re-written in complex form as
Sin (t ) = A(t ) ⋅ cos[θ(t )] ⋅ cos(ωc t ) − A(t ) ⋅ sin[θ(t )] ⋅ sin(ωc t )

[

= A(t ) ⋅ cos[ωc t + θ(t )] = Re A(t ) ⋅ e jθ( t ) ⋅ e jωc t

[

= Re V (t ) ⋅ e jωc t

]

(3.4)

]

where V (t ) is the baseband signal and can be represented as
V (t ) = I (t ) + j Q (t )

(3.5)
= A(t ) ⋅ e jθ (t ) .

The baseband signal V (t ) can be obtained from the bandpass signal S out (t )
through demodulation process, 2e − jω t , in figure 3.1) [76], [96].
c
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Baseband
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S out (t )

LPF

PA

2e − jωct

e jω c t

Figure 3. 1: Baseband and bandpass signals in a communication system (after [76]).
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3.3 Nonlinear Effects in the Power Amplifier under
Different Stimulus
Nonlinear systems commonly exhibit different form of nonlinear effects. These
effects are generally characterized by the relationship between the input and
output signals of the amplifier. The input-output relationship is denoted the
transfer function of the amplifier and needs precise measurement for the
characterization of the amplifier nonlinearity.
Generally, the occurrence of the amplifier nonlinearity is strongly dependent on
the stimulus signal that passes through the amplifier. The nonlinear behavior of
the amplifier becomes more intense as the input power is increased, since all
amplifiers are limited by their saturated output power. As this limit is
approached, the distortion increases faster with increasing the power than any
benefits gained. In this section different stimulus signals have been introduced
to characterize the nonlinear behavior of the amplifier.

3.3.1 PA Nonlinearity Analysis Using Single-Tone Stimulus
The linear amplifier can be described by a linear equation
Sout (t ) = GLin ⋅ Sin (t )

(3.6)

where S in (t ) and S out (t ) are the amplifier input and output signal waveform, and
GLin is a time independent amplifier linear gain. An ideal amplifier has constant

gain GLin across all input signal waveforms [89 chapter 4].
In practice, due to the nonlinearity of the active device, the amplifier output
signal saturates at some value as the input signal amplitude is increased.
Typically, such a nonlinear amplifier has non-constant gain and nonlinear phase
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as function of the input signal and are called quasi-memoryless amplifiers which
can be described mathematically in form of polynomial,
K

S out (t ) = ∑ a~k ⋅ S in (t ) k
k =0

(3.7)
= a~0 + a~1 ⋅ S in (t ) + a~2 ⋅ S in (t ) + L + a~K ⋅ S in (t )
2

K

where K is the maximum polynomial order or nonlinearity order, and
a~0 , a~1 , L a~K are complex polynomial coefficients, which determine the exact

shape of the input-output characteristics. Note that, in the memoryless case,
these polynomial coefficients are real values, which mean no phase nonlinearity.
More details about memory properties of the nonlinear amplifier will be treated
in chapter 4.
3.3.1.1 Single-Tone Unmodulated Input Signal

amplitude

time

power

S in (t )

time

S out (t )

non-linear PA
ω

compression

frequency

power

amplitude

voltage envelope

dc

ω 2ω 3ω 4ω frequency

Figure 3. 2: Harmonic distortion due to PA nonlinearity (after [92]).

Assume an input signal S in (t ) of the amplifier expressed by a sinewave, singletone unmodulated signal, (figure 3.2) as
Sin (t ) = Ain ⋅ cos(ωc t + θ )
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(3.8)

where Ain is the amplitude of the input signal, ωc = 2π f c is the angular carrier
frequency, and θ the arbitrary phase offset of the input signal.
The resulting bandpass output signal of the nonlinear quasi-memoryless
amplifier can be calculated by substituting equation (3.8) in equation (3.7),
K

S out (t ) = ∑ a~k ⋅ [ Ain ⋅ cos(ωc t + θ)]k .

(3.9)

k =0

Using common trigonometric formulas, the bandpass output signal S out (t ) of a
quasi-memoryless amplifier equation (3.9) will produce new frequency
components which are located at the harmonics ( 2ω, 3ω, L Kω ) of the input
signal (figure 3.2) [18], [92], [94].
3.3.1.2 Single-Tone Modulated Input Signal
Consider now an amplitude and phase modulated input signal S in (t ) with
carrier frequency ωc = 2π f c as
S in (t ) = Ain (t ) ⋅ cos[ωc t + θ(t )]

(3.10)
= Re[ Ain (t ) ⋅ e jθ( t ) ⋅ e jωct ]

where Ain (t ) and θ(t ) are the amplitude and phase modulation of the input
signal.
The resulting output signal of the nonlinear amplifier can be calculated by
substituting equation (3.10) in equation (3.7) as
K

Sout (t ) = ∑ a~k ⋅ {Ain (t ) ⋅ cos[ωc t + θ(t )]} .
k

(3.11)

k =0

Practically, all broadband power amplifiers have a time constant (memorized
time) which causes the output signal to be a function of the instantaneous and
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previous input signal [56], [87] [99]. When the time constant of the amplifier is
very small compared to the period of the amplitude Ain (t ) and phase θ(t )
variation of the input signal such as in narrowband application (< 1.2 MHz for
mobile communication [7]), this amplitude and phase variation can be
approximately neglected and assumed as constant. Therefore equation (3.11) is
compatible with equation (3.9), Ain (t ) = Ain and θ(t ) = θ .
The amplifier with such characteristic is called a quasi-memoryless amplifier.
Thus a single-tone unmodulated sinewave input signal can be used to
characterize the amplifier nonlinearity and equation (3.7) can be used to model
the amplifier [8]-[16].
When the time constant (memorized time) of the amplifier is in the order of the
period of the amplitude Ain (t ) and phase θ(t ) variation of the input signal such
as in wideband application (> 1.2 MHz in mobile communication [7]), this
amplitude and phase variation cannot be neglected any longer, and in this case
the amplifier exhibits memory effects. Origin and location of such effects will
be discussed later in this chapter.
In wideband application, a single-tone sinewave unmodulated input signal
cannot be used for amplifier characterization, because this does not give full
information about amplifier nonlinearity, especially memory effects [56], [57].
Therefore, different input signals, rather than single sinewave signal, should be
used to characterize nonlinearity of the amplifier. In the next sections different
input signals such as two-tone and digitally modulated signals will be used to
characterize the amplifier nonlinearity.
3.3.1.3 AM/AM and AM/PM Conversion
In narrowband applications, the nonlinearity of the PAs is usually expressed by
AM/AM and AM/PM conversions. AM/AM conversion is due to the
amplitude nonlinearity of the amplifier. It relates the amplitude modulation
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present in the input signal(s) to the modified amplitude modulation present in
the output signal. The other effect, AM/PM conversion, is the conversion from
the amplitude modulation of the input signal to phase modulation of the output
signal. Usually, AM/AM and AM/PM conversions are measured by sweeping
the power of single-tone sinewave input signal of the amplifier (equation 3.8)
[94].
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Figure 3. 3: AM/AM and AM/PM conversion of the amplifier.

Referring to equation (3.11), the changes in the amplitude and phase of the
output signal as function of the input signal amplitude can be expressed as
S out (t ) = Aout ( Ain ) ⋅ cos[ωc t + θ + φout ( Ain ) ]

(3.12)

whose complex envelope will be
Vout (t ) = Aout ( Ain ) ⋅ e j [ θ+ φout ( Ain )]

(3 .13)

where Aout ( Ain ) and φout ( Ain ) are the amplitude and phase of the output signal at
fundamental frequency respectively and represent the AM/AM and AM/PM

28

conversions (figure 3.3). From equation (3.12) it can be seen that the AM/AM
and AM/PM conversions depend only on the amplitude Ain of the input signal.
As shown in figure (3.3) the AM/AM conversion is obtained by the variation of
the output signal amplitude ( Aout ) at fundamental frequency across different
input amplitudes ( Ain ) at the same frequency. Consequently the AM/PM
conversion is another interesting property of nonlinear amplifiers and is defined
as a change in the phase of the output signal ( φout ) at fundamental frequency
across different amplitude of the input signal ( Ain ) at the same frequency.
The AM/AM conversion enables the evaluation of an important figure of merit
called the 1-dB compression point (see section 2.3.1). It has been noted that,
AM/AM and AM/PM conversions are only function of the input signal level
and independent of its envelope frequency (figure 3.3). These characteristics are
generated from quasi-memoryless amplifier, which means that the amplifier
output signal is the only function of the instantaneous input signal. These
characteristics will cause symmetrical output spectrum when the amplifier input
signal is multi-tone [18], [57], [93]. Similarly, we get a symmetrical spectral
regrowth in the output spectrum when input to the amplifier is a digitally
modulated signal.

3.3.2 PA Nonlinearity Analysis Using Two-Tone Stimulus
Signal
Analysis of multi-tone spectra can become very complicated. So it is common
to limit the analysis to two-tone input signals which are widely used in power
series expansion (equation 3.7) for PA nonlinearity characterization and
modelling [57], [58], [13].
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The nonlinear amplifier is stimulated by bandpass two-tone input signal of
equal amplitude ( Ain ) and having angular carrier frequencies ω1 and ω2 ,
respectively, as follows
S in (t ) = Ain cos ω1t + Ain cos ω2 t
⎛ ω + ω1 ⎞
⎛ ω − ω1 ⎞
t ⎟ ⋅ cos ⎜ 2
t⎟
= 2 Ain cos ⎜ 2
⎠
⎠
⎝ 2
⎝ 2

(3.14)

= 2 Ain cos ωm t ⋅ cos ωcenter t

where ω1 < ω2 , ω m = (ω 2 − ω1 ) / 2 = ∆ω / 2 is the modulation frequency, which is
equal to half of the frequency spacing between the two tones ( ∆ω ), and
ωcenter = ( ω1 + ω2 ) / 2 is the RF center frequency.

compression
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amplitude

voltage envelope

time

S in (t )

S out (t )
∆ω
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2 ω1- ω2
power

power

non-linear PA

ω 1 ω2
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2 ω2- ω1
3 ω2- 2 ω1

ω 1 ω2 frequency

frequency

Figure 3. 4: In-band intermodulation distortion due to PA nonlinearity (after [92]).

From this equation it can be seen that the two-tone input signal is recognizable
as a double sideband, suppressed carrier, amplitude modulated signal (DSB-SC
AM) [104], having a carrier frequency of ωcenter and modulating signal of
30

frequency ωm [92], [93]. The time- and frequency-domain representation of this
signal are shown in figure (3.4).
Now, if such a two-tone signal is applied to a quasi-memoryless amplifier,
which can be modelled by a power series equation (3.7), the output signal can
be expressed as
K

S out (t ) = ∑ a~k ⋅ S in (t ) k
k =0

(3.15)
K

= ∑ a~k ⋅[Ain cos ω1t + Ain cos ω 2 t ] k .
k =0

Expanding equation (3.15) and using trigonometric identities, the output signal
S out (t ) of a quasi-memoryless amplifier will have new frequency components

due to the nonlinearity in the active device. These new frequency components
are called intermodulation distortion (IMD) and will appear as discrete
frequencies in the amplifier output spectrum, figure (3.5). In microwave and
wireless communication system, these IMD’s become an important factor for
nonlinearity characterization, modelling and linearization of a power amplifier

output power (dBm)

[18], [90], [92], [94].
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Figure 3. 5: Two-tone output spectral components in frequency domain (after [18]).
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These new frequency components ( ωi ) are produced in the output spectrum of
the amplifier. In the case of two-tone input signal, they can be computed as
ω i = ± c ⋅ ω1 ± d ⋅ ω 2

(3.16)

where i = 1, 2, 3, ..., c and d are positive integers including zero such that
c + d = k denotes the order of the IMD.

For example, if a two-tone input signal as described by equation (3.14) passes
through a third order quasi-memoryless nonlinear amplifier, new frequency
components of the second order ( c + d = 2 ) and third order ( c + d = 3 ) will be
generated (figure 3.5). Mathematically, ω2 − 2 ω1 and ω1 − 2 ω2 intermodulation
product calculation could result in a ‘negative’ frequency. However, since the
absolute value of ω1 − 2 ω2 is the same as the absolute value of 2 ω2 − ω1 , the
later value is considered for calculations [18].
As we can see from figure (3.5), the odd order IMD products are close to the
fundamental frequency components in many application, they are located in the
amplifier bandwidth and called in-band IMDs. These in-band IMDs appear as
sidebands to the two-tone fundamental components and are located at the
same frequency spacing of the two-tone signal (figure 3.5)
kω1 − ( k − 1)ω2 and kω2 − ( k − 1)ω1 ( k = 2, L K )

(3.17)

where K is maximum nonlinearity order.
The in-band IMD cannot be easily filtered out unlike the other IMD products,
which are located far away from the fundamental frequency components (out
of band) and can be easily filtered out. The most commonly used measure of
IMD is the ratio of the largest IMD (almost third order IMD [18]) to the one of
the two-tone [18], [90], [92], [94].
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For more complex input signals such as digitally modulated signal, the
nonlinearity appears over a continuous band of frequencies and is often
referred to as spectral regrowth. More detail about digital modulated signal will
be presented in section (3.4).
3.3.2.1 IMD Performance of Different Transistor Technology
As explained before, the amplifier nonlinearity level depends on different
factors such as input power level, operation frequency, stimulus signal,
amplifier class, and transistor technology.
class-AB
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and MOSFET
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-60
-30

P1dB
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-15
-10
-5
power below compression (dB)

0

Figure 3. 6: IMD performance for class-A and class-AB amplifier (after [92]).

In general, it is difficult to have good linearity performance in the active device
at high power and high frequency bandwidth, since some nonlinear effects
become more significant [92]. Nonlinear effects, due to self-heating, trapping
effect and parasitic capacitance in the active device, can strongly influence the
linearity performance. Different transistor technologies produce different
nonlinearity properties due to their operating temperature, feature sizes,
electron mobility, and supply voltage. All these factors lead to the fact that no
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single technology has optimum performance such as high output power, high
operation frequency and linearity property [92].
In this section, a comparison of IMD performance is done for three transistor
technologies which are commonly used in microwave and wireless mobile
communication systems. These are silicon bipolar transistors, metal oxide
semiconductor field effect transistors (MOSFETs) and gallium arsenide metal
semiconductor field effect transistors (GaAs MESFETs).
As can be seen from figure (3.6), in class-A operation the third order
intermodulation level is the same for all three transistor technologies. However,
increasing 10 dB in the input power below compression point caused an
increase in the third order IMD level from -60 to -30 dBc [92].
For class-AB, different transistor technologies have different IMD performance
(figure 3.6). In the case of MOSFET transistors, for 4 dB back-off at
compression point the third order IMD dropped to -40 dBc which is not
obtained by GaAs MESFET and Si-Bipolar transistors. Moreover, the IMD
performance for MOSFET transistors is 10 dB better than GaAs MESFET and
bipolar transistors [92].
Since the transistor is the active component in the amplifier, which mainly
causes the nonlinearity problem, new transistor technologies are still under
development. However, to overcome the nonlinearity and memory effect
problems, high electron mobility transistors (HEMT) with new semiconductor
materials such as gallium nitride (GaN) and silicon carbide (SiC) are the target
of many researchers [7], [95], [101], [102], [103]. This is because, these
semiconductor materials have wide bandgap, high operating voltage, high
output impedance and high operating temperature. Thus such materials seem to
be good candidate for processing of broadband and high power HEMT
transistors [95].
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3.4 Digital Modulation Techniques
Digital modulation is the process by which digital data are transformed into
waveforms. By increasing the spectral efficiency of third generation mobile
communication, the digital modulation becomes more and more significant.
This is because the digital modulation provides more information capacity,
compatibility with digital data services, higher data security, and better
communication quality. Besides that, such digital modulation make the system
more complicated and increases its cost due to the strong requirements of high
linear, high power and sufficient amplification [1], [104], [105], [106].
Depending on the envelope variation, the digital modulation can be divided
into constant and non-constant envelope modulation schemes. For example,
frequency shift keying (FSK) and phase shift keying (PSK) are classified as
modulation with constant envelope, while amplitude modulation (AM) is
classified as modulation with non-constant envelope. However, the nonconstant envelope modulation is more sensitive to the power amplifier
nonlinearity [3], [92], [105].
Many communication channels, including digital cellular radio channels, satellite
and microwave channels, and military communications, use digital modulation.
Digital information signals can be transmitted through the channels using a
sinusoidal RF carrier that can be modulated in frequency, amplitude, phase, or a
combination of the amplitude and phase.

3.4.1 Phase Shift Keying
In PSK systems, the phase of a constant amplitude carrier is modulated
according to the information stream. In binary PSK (BPSK) the carrier phase is
changed between 0 and 180 degrees (figure 3.7(a)). The theoretical bandwidth
efficiency (section 3.4.3) of BPSK system is 1 bit/s/Hz (for data rate of 1 bit
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per second we need 1 Hz bandwidth), however greater bandwidth efficiency
can be achieved using more complex modulation schemes (table 3.1) such as
quadrature PSK (QPSK) [3], [105].

BPSK

Q

1 bit per
symbol state

QPSK

Q

2 bits per
symbol state

8-PSK

00

011

01

Q
001
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symbol state
000

Vm

Vm

Vm

100

010

I

I
11

I

10

101

110
111

(a)

(b)

(c)

Figure 3. 7: Different M-PSK signal constellations.

Table 3. 1: Different modulation techniques with constant envelope are used for different
cellular standard [3].

cellular
family

standard

digital modulation

GSM-CSD (normal)
HSCSD
GSM
GPRS
EDGE
FDD
UMTS
TDD
IS-95A
CDMA one
IS-95B

GMSK
GMSK
GMSK
8-PSK
QPSK
QPSK
QPSK
QPSK

CDMA
2000

1X
1X-EV
1X-EVDO

QPSK
QPSK
QPSK

TDMA

CSD

π / 4 DQPSK

In QPSK, quadrature means that the signal is shifted between phase states
which are separated by 90 degrees, and there are four phase states ( M = 2 2 ): 45,
135, -45 or -135 degrees, (figure 3.7(b)). The theoretical bandwidth efficiency of
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QPSK system is 2 bit/s/Hz. More information regarding the bandwidth
efficiency will be given in section (3.4.3).
PSK variations include minimum shift keying (MSK) and

π

differential

4

quadrature phase shift keying ( π 4 DQPSK). Gaussian MSK modulation
scheme is used in the european digital cellular system GSM, while

π

4

DQPSK

is used by north american digital cellular system (NADC) and japanese digital
cellular system (JDC) [1], [3], [4], [105], [106]. QPSK digital modulation scheme
has been used extensively in applications including CDMA cellular service as
well as wireless local loop.

3.4.2 Quadrature Amplitude Modulation
Generally, in quadrature amplitude modulation (QAM), the carrier experiences
amplitude as well as phase modulation. QAM is used in wide applications
including microwave digital radio, digital video broadcasting-cable (DVB-C)
and modems. Different application for different M-QAM formats is shown in
table (3.2). Some examples of M-QAM signal constellations are shown in
figure (3.8) [3], [105], [107].

16 QAM

Q

4 bits per
symbol state

32 QAM

Q

5 bits per
symbol state

I

(a)

64 QAM

Q

I

(b)
Figure 3. 8: Different M-QAM signal constellations.
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6 bits per
symbol state

I

(c)

As an example, for a given average signal power, the spacing between 16-QAM
signal states is 1.47 times that of a 16-PSK system [3]. This improved signal
separation gives M-QAM systems high bandwidth efficiency compared with MPSK counterparts (table 3.3). However this power efficiency advantage increase
the transceiver complexity. As an example, the power amplifier used in such
systems must be highly linear, because M-QAM produces a large peak to
average power ratio and a large dynamic range amplitude variation of the
modulated signal.

Table 3. 2: Different modulation techniques with non-constant envelope are used for
different applications [3].

applications

digital modulation

microwave digital radio, modems,
DVB-C, DVB-T

16 QAM

terrestrial microwave, DVB-T

32 QAM

DVB-C, modems, broadband set top boxes,
MMDS

64 QAM

modems, DVB-C (Europe), digital video (USA)

256 QAM

3.4.3 Bandwidth Efficiency and Baseband Filtering
Bandwidth efficiency is the ratio of information bit rate (in bits/s) to the
channel bandwidth (in Hz) and measured in bit/s/Hz. The theoretical
bandwidth efficiency of some PSK and QAM modulation schemes is calculated
using equation (3.18) [3], [105].
It can be seen from table (3.3) that different M-QAM digital modulation
schemes provide higher bandwidth efficiency than M-PSK, but beside that,
using digital modulation schemes with non-constant envelope like M-QAM will
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increase the nonlinearity during the amplification with nonlinear power
amplifier.
Table 3. 3: Theoretical bandwidth efficiencies [3].

modulation format

theoretical bandwidth
efficiency limits

MSK
BPSK
QPSK
8-PSK
16-QAM
32-QAM
64-QAM
256-QAM

1 bit/s/Hz
1 bit/s/Hz
2 bits/s/Hz
3 bits/s/Hz
4 bits/s/Hz
5 bits/s/Hz
6 bits/s/Hz
8 bits/s/Hz

Furthermore, M-PSK modulated signal may have a non-constant envelope
although no information is transmitted in the signal amplitude. This is due the
bandwidth effect of the filter which is used for signal baseband filtering [3]. In
general, baseband filtering allows the reduction of the transmitted bandwidth
without losing the transmitted digital data. There are many different varieties of
baseband filtering which are used in mobile communication signals like raised
cosine (one class of Nyquist filter), square-root raised cosine and Gaussian
filters [3].

(a)

(b)

(c)

Figure 3. 9: Effect of the roll-off factor on the signal trajectories of π / 4 DQPSK (a)
α = 1 , (b) α = 0.5 , (c) α = 0.25 [108].
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Different filter bandwidths show different amplitude variations of the signal
and these are shown in the transition between points in the signal trajectory
diagram (figure 3.9). To minimize the envelope variations in the signal
trajectory diagram, a baseband filter with large roll-off factor should be used.
However, this will increase the required bandwidth for transmitting signals
[105], [107], [108].
In the baseband filter, the bandwidth parameter or roll-off factor ( α ) gives a
direct measure of the signal occupied bandwidth ( BW ) and can be calculated
after [3] as
⎛ BW
⎞
α=⎜
− 1⎟
⎜V
⎟
⎝ symbol
⎠

(3.18)

where V symbol is the signal symbol rate and is equal to the bite rate divided by the
transmitted bit number for each symbol.
In practice, it is possible to implement a filter with roll-off factor α < 0.2 but
the typical values range from 0.22 to 0.5. For example, in digital cellular system
GSM α = 0.3 , where as α = 0.2 in UMTS [1], [3], [4].

3.4.4 Adjacent Channel Leakage Power Ratio
Adjacent channel leakage power ratio (ACLR) or adjacent channel main power
ratio is defined as the measured power in an adjacent communication channel
relative to the power in the main channel of specified bandwidth (figure 3.10).
ACLR is often used as a measure of linearity in the nonlinear system when
complex digital modulated signal is applied as an input signal. It can be
measured using a spectrum analyzer.
Today, in most advanced communication systems [18], [105] which use multicarrier signals with digital modulation formats, the ACLR has become one of
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the important power amplifier linearity requirements. For example, the
maximum ACLR requirement given in third generation partnership project
(3GPP) should be ≥ 45 dBc for bandwidth up to 5 MHz and ≥ 50 dBc for 10
MHz bandwidth [4].

main
channel

output power

adjacent
channel

frequency

Figure 3. 10: Adjacent channel leakage power in the output spectrum of the amplifier.

3.5 Memory Effects in Power Amplifier
As discussed in chapter 1, nonlinear amplifiers can be divided into memoryless
amplifiers and amplifiers with memory. Since all amplifiers contain capacitive
and inductive networks, the proportion of memory effects in the amplifiers are
dependent on several factors such as power handling capability, used transistor
technology, stimulus signal, envelope frequency bandwidth, design quality of
the bias network and matching network [56], [87], [109].

3.5.1 Definition and Identification of Memory Effects
As explained before, the quasi-memoryless nonlinear amplifier can be modelled
by power series equation (3.7). The circuit time constants in a quasi-memoryless
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nonlinear amplifier are much smaller than the period of the envelope
frequencies [56]. Single-tone unmodulated sinewave with input power sweep
characterization technique can be used to obtain the AM/AM and AM/PM
nonlinear characteristic curves (figure 3.3).
As the envelope frequency of the input signal varies and/or the amplifier
temperature varies due to dynamic heating [110] the memory effects in the
amplifier will cause a distortion in the AM/AM and AM/PM conversions.
Figure (3.11) shows the simulated gain and AM/PM characteristics for a classAB amplifier which is available in ADS® software and in this figure it can be
seen clearly that, these characteristics become a function of envelope frequency
in the nonlinear region.
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Figure 3. 11: Simulated gain (a) and phase shift between the input and output signal (b) for
various power level and frequency spacing between two tones.

Since AM/AM and AM/PM conversions are measured at fundamental
frequency, these characteristics are practically less sensitive to memory effects
compared to the signal at IMD [87]. In practice, it is difficult to indicate and
measure the memory effect in the amplifiers at fundamental frequency, because
this effect is < 0.5 dB of output power variation as function of the input signal
envelope frequency [87].
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In many publications [57], [87], [111]-[117] these effects are described as IMDs
envelope frequency dependence, since these signals are more sensitive in
recognizing the memory effects. These effects can be defined as a non-constant
amplitude and phase distortion variation as function of input signal envelope
frequency. Moreover, other forms of such effects occur as a asymmetry
between the signals at lower and upper frequency components in the output
spectrum [57], [94], [115], [116]. Figure (3.12), shows an example of the
measured envelope frequency dependent nonlinear effect of GaN HEMT
power device, which manifests itself in the following observation:
a) The lower and upper IMDs are functions of envelope frequency.
b) Lower and upper IMDs behave asymmetric.
c) Lower and upper IMDs versus envelope frequency vary in opposite
direction with respect to the memoryless case.
d) Occurrence of some resonance effect in the lower- and/or upper-IMD

curve.
In general, any amplitude modulated input signal can be used to analyze and
measure the memory effects. In this case, two-tone input signals with various
power levels and two-tone spacing (envelope frequency) are generally used [95].
Conventional quasi-memoryless linearization methods assume that, the IMD
components are envelope frequency independent and the amplitude of 3rd and
5th IMD components are increased exactly to the 3rd and 5th power of the input
signal amplitude respectively [18], [87]. However this is not the case when the
amplifier possesses memory effect. Therefore, the quasi-memoryless
linearization methods are not capable to linearize such amplifiers (chapter 5).
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Figure 3. 12: Measured lower and upper IMD3.

Consequently, linearization methods must be developed to compensate both
nonlinearity and memory effects. Linearization of broadband and high power
amplifiers, such as amplifier used in UMTS application, is a great challenge in
the linearization research area [93]. Some quasi-memoryless linearization
methods and linearization methods with memory effects compensation will be
discussed in chapter 5.
In order to linearize an amplifier, which exhibits memory effects, the following
steps have to be considered:
1. Understanding the cause of memory effects, so they can be characterized
precisely.
2. Accurate measurement of amplifier memory effects to localize their
sources.
3. Complete power amplifier modelling by including both nonlinearity and
memory effects.
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4. Developing linearization methods or algorithms to compensate the
memory effects in an amplifier on the basis of developed amplifier
models.

3.5.2 Sources of Memory Effects
In some references [74], [87], memory effects are categorized as electrical and
thermal. The main source of electrical memory effects is given by bias network
impedance variation. Self-heating effect in the active device is the main source
of thermal memory effects [87], [95] [101].
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Figure 3. 13: Typical location of memory effects in power amplifier.

Practically, there are many other additional reasons, which contribute to the
memory effect problem such as dispersion and trapping effects in the power
active device (figure 3.13). All these effects are intensively analyzed in the
literature for different transistor technology, indicating that at low frequency
from 10 kHz to several MHz the internal device components show dispersion
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and thermal effects which are low frequency dependent phenomena [101],
[118]-[123].
Moreover, mixing all these effects: self-heating, dispersion and trapping effects
as well as amplifier nonlinearity with additional mismatching, impedance
variations and decoupling effects in the external circuits around amplifier like
input- and output-matching networks, bias networks and power supply results
in that the amplifier output signal is not only a function of instantaneous input
signal value but also a function of previous values.
3.5.2.1 Self-Heating of Active Power Device
The dissipated power in active devices is the main source of thermal memory
effect since the temperature changes due the dissipated power do not occur
instantaneously [6], [101]. As an example, let us consider the dissipated power
in a field effect transistor (FET)
PDISS = VDS ⋅ I D

(3.19)

where VDS and I D are the drain-source voltage and drain current respectively.
The heat flow from the chip, packaging and the heat sink to the surrounding
environment can be modelled as shown in figure (3.14). For a FET on silicon
substrate, the silicon surface reacts to the dissipated power quickly. This results
in chip temperature fluctuation up to several degrees over an input signal
bandwidth of several hundreds of kHz. Hence the chip temperature is low
frequency dependent and it can be expressed as [6]
T j = Tamb + RTH ⋅ PDISS ( dc ) + Z TH ( ω 2 − ω1 ) ⋅ PDISS ( ω 2 − ω1 )

(3.20)

where Tamb is ambient temperature, RTH is thermal resistance resulting in the
average temperature rise caused by self-heating and Z TH is thermal impedance
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of the chip at envelope frequency. Z TH is the main cause of the thermal
memory effects in the active devices.

j
Chip

C TH

Package
PDISS
Heat sink
+
-

R TH

Tamb

Figure 3. 14: Electrical circuit model of the heat flow from active device (after [6]).

Since some of the transistor parameters, such as drain-source current, output
conductance and capacitance are temperature dependent [87], these dynamic
self-heating causes distortions. Therefore, theoretically all power transistors
exhibit thermal memory effects. Although, the dissipated power at high
frequencies (> 1 MHz) is too fast to influence the instantaneous temperature of
the silicon chip and the packaging [6], [110], the thermal memory effects can be
neglected in low power amplifiers. But this is not the case for the power
amplifiers that are used in the base stations for mobile communications.
3.5.2.2 Bias Network Construction
Generally, the bias networks are required to provide the supply voltage and
current to a desired value for the active device and keep them constant without
disturbing the RF path. In other words, as additional function of the bias
networks is, isolating the RF signal to feed into the bias supply and avoiding
active device instability [18], [93].
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In traditional bias network design, the bias circuit is usually designed to provide
relatively high impedance at RF frequency as compared to the impedances of
the input and output of the device and the matching circuits.
In the case of the input signal with non-constant envelope, the envelope
frequency variations cause variation in the impedance of the bias network
which causes nonlinearity variation as a function of envelope frequency
(memory effects).
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Figure 3. 15: Measured impedance of a MESFET amplifier at (a) fundamental frequency,
(b) second harmonic frequency, (c) envelope frequency [87].

Vuolevi and Rahkonen [87] have measured the bias networks impedance
variation of a MESFET amplifier as a function of envelope fundamental and
second harmonic frequencies (figure 3.15). This measurement results show that
while the fundamental and second harmonic impedances are almost constant in
the operating band, the envelope impedances varies rapidly. As the baseband
impedance changes with frequency significantly, the level of IMDs will also
change with the envelope frequency. This variable distortion is termed as low
frequency electrical memory effect [87]. Therefore, for this specific MESFET,
the memory effect at carrier frequencies can be ignored.
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Bösch & Gatti [56] have demonstrated that the electrical memory effects can be
changed by varying the values of the energy storing elements such as
capacitances and inductances in the biasing networks of a PA. This results in an
improved quasi-memoryless power amplifier where the envelope frequency
dependence of distortion has been reduced. Figure (3.16) shows the locations
of these elements in a typical bias network used for bipolar and FET amplifier.

VDS

DC

bipolar

RF
output

RF
output

RF
input

FET

electrical
memory
effect

RF
input

bipolar

VGS

Figure 3. 16: Typical location of the memory effects in the bias network of bipolar and
FET amplifier (after [56]).

In an ideal case, to avoid envelope frequency dependent bias network, the
impedance should be a short circuit at envelope frequency and an open circuit
at RF frequency to isolate the RF signal from the bias supply [100], [109], [110].
Practically, it is difficult to realize such an impedance, which has two
requirements that tend to conflict with each other. Moreover, it is very difficult
to realize short impedance at broad envelope frequency bandwidth such as
required in broadband applications (e.g. 60 MHz in UMTS base station for
multi-carrier operation [7]).
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3.5.2.3 Power Supply Properties
In general, the amplifier power supplies are applied to the gate and the drain
sides in order to provide the necessary dc voltage or current for active device
operation. Moreover, as described in (chapter 2), different amplifier operation
classes give different output current waveforms with different conduction
angles [18], [90], [93], [95].
class A
class AB
class B
t

supply
current
supply
voltage

t

VGS

VDS
t

bias
network

bias
network
D

input
matching
source

output
matching

G
S

load

Figure 3. 17: Memory effects due to power supply variations (after [18], [93]).

Particularly, in the case of the input signal with a non-constant envelope, a
current variation drew from the dc power supply causes dc voltage variations
[18], [90], [93]. These voltage variations however cause an additional amplitude
modulation of the RF signal (re-modulation) as illustrated in figure (3.17).
Moreover, when the impedance of the bias network is reactive (not short [100],
[109]), the additional amplitude modulation will be out of phase compared to
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the original RF signal resulting in memory effects or envelope frequency
dependent and asymmetrical of the output signal.
In an ideal case, the amplifier power supply should provide bias current to the
active device with minimal voltage variation at varying envelope frequency. To
reduce the power supply variation effect in the amplifier, the bias networks
should be carefully designed in order to isolate the current variations drawn
from the dc power supply. Imperfections in the design can increase the
variation in the dc voltage and consequently the memory effects will appear
[18], [109].
In the last few years, many bias networks design strategy have been intensively
investigated and analysed [100], [109], [110]. Theoretically, they conclude that
an ideal bias network should have short circuit impedance at envelope
frequency and an open circuit at fundamental frequency. However it is very
difficult to realize such impedance, which has two requirements tend to conflict
each other. Therefore, actually in practice, the bias network design strategies are
still under development and more research works have to be done.
3.5.2.4 Mismatching of Even Harmonics
Generally, in the amplifier design, the input/output matching networks are
designed to overcome the mismatching between active nonlinear device
(transistor) and input/output termination (almost 50-ohm) at fundamental
frequency. Theoretically, any signal reflected from the active device at any
frequency should be absorbed in the matching networks but practically; this is
not the case in common matching networks [18], because they are designed at
RF amplifier bandwidth (fundamental frequencies) which means band limited.
Consequently, in the two-tone input signal case, the signals at harmonic zone 0,
zone 2, zone 3, … zone K (figure 3.18) generated from the active device due to
its nonlinearity (first mixing process) are reflected back to the input side rather
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than absorbed by the input matching network resulting. These reflected signals
are mixed again in the active device with the two-tone input signal (second
mixing process) and generates an additional nonlinearity in the output signal as
modification of the output spectrum (figure 3.18) [18], [87], [95].
In the second mixing process, it is important to note that, the active device
two-tone input signal is mixed with the reflected signal at even harmonic zones
resulting in a modification of the odd order IMD (zone 2 in figure 3.18) and
besides that, mixing the two-tone input signal with the reflected signal at odd
harmonic zones will not result in a modification of the odd order IMD.
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Figure 3. 18: Memory effects due to mismatching of even harmonics (after [18], [87]).

As shown in figure (3.18), the resultant 3rd order IMD is a vector sum of the
signals at IMD produced from the 3rd order nonlinearity (first mixing process)
and the signals at IMD produced from the second order nonlinearity (second
mixing process) in the active device. The mixing process has been limited to 3rd
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order nonlinearity, since at higher order; the mixing process becomes very
complicated [87], [95].
As an example, let us consider in-band 3rd order IMD lower, which results as a
vector sum of
• Third order lower IMD ( 2ω1 − ω2 ) generated from the 3rd order
nonlinearity (first mixing process).
• Mixing product of the signal at second fundamental frequency ( ω2 ) with
the signal at 2nd order nonlinearity at 2ω1 (second mixing process).
• Mixing product of the signal at first fundamental frequency ( ω1 ) with the
signal at 2nd order nonlinearity at ω1 − ω2 (second mixing process).
As a conclusion, the magnitude and phase of the vector sum depend on both
fundamental and 2nd order frequencies. That means, in order to avoid
mismatching problems at 2nd order frequencies, the input/output matching
networks should be designed not only at RF amplifier statistic bandwidth but
also at 2nd harmonic frequency band and at envelope frequency band (dynamic
bandwidth).
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Chapter 4
MODELLING OF NONLINEAR
EFFECTS IN POWER AMPLIFIER

4.1 Introduction
Characterization and modelling of the nonlinear power amplifier is the most
important step in the design of communication systems. System level amplifier
modelling allows the design and simulation of more complicated structures like
transmitter and/or linearizer with different complex modulated signal. The first
step in designing or developing any linearization techniques is to precisely
characterize and model the nonlinearity of the amplifier.
A single-tone amplitude sweep method, which is used for AM/AM and
AM/PM characterization, is the classical method for amplifier characterization
[94]. In this case, the input signal is an unmodulated, continuous wave (CW),
with peak-to-average ratio equal to unity, which means constant signal
envelope. For many years, this characterization method has been used as
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common characterization method for nonlinear amplifier modelling [8], [10]
and the designed amplifier models are quasi-memoryless. However, many new
amplifier models including memory effects are still under development.
Furthermore, existing amplifier models cannot be used for broadband
linearization techniques, because they do not give full information about
amplifier nonlinearity. In the last few years, many amplifier models have been
intensively analysed and developed. Theoretically, the black-box amplifier
models based on the AM/AM and AM/PM measured characteristics describe
the IMD behaviour as function of input power level and are called behavioural
amplifier models [12], [13]. Quasi-memoryless amplifier models such as
polynomial behavioural model [93] and Abuelma’atti model [9] are analysed and
documented in section (4.4).
An important amount of research work has been undertaken to introduce and
model the amplifier, which include memory effects. It has become a current
research topic in the last few years [57]-[73]. The difficulties in the modelling of
the nonlinear amplifier with memory effects originate not only from the
nonlinearity as function of the input power level such as AM/AM and
AM/PM, but also from the nonlinearity as function of the envelope frequency
[56], [93] [99]. The modelling of an amplifier, which includes memory effects,
needs dynamic measurements on the basis of signal envelope variation [57].
Such amplifier models with memory are described in section (4.5).

4.2 Amplifier Models and Memory Properties
Nonlinear amplifier models can be divided into three types: memoryless, quasimemoryless and model with memory [56]. Theoretically, a memoryless
amplifier model does not have any phase distortion (section 4.3). Practically,
such amplifier does not exist. Therefore, the last two types of amplifier models
are of main interest. The amplifier models developed and described in this
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work are summarized in table (4.1) and will be described in more detail in this
chapter.
Table 4. 1: Developed power amplifier models

memory
properties

amplifier model

modelling
method

required
measurement
data

Abulma’atti

Bessel function

AM/AM & AM/PM

behavioural
polynomial

complex
polynomial

AM/AM & AM/PM
or
IMDs

extension of
Abulma’atti model

Bessel function

AM/AM & AM/PM
and
IMDs

memory
polynomial
function

two-tone data in time
domain (discrete data)

quasimemoryless
amplifier
models

amplifier
models
with memory

unity memory
polynomial
non-uniform
memory polynomial

Usually, the first harmonic zone of the output spectrum is of interest, because
this zone is covered by the amplifier bandwidth (figure 3.5). The higher
harmonic zone of the output spectrum can easily be filtered out and may be
neglected in the amplifier model [18].
For power amplifier modelling, the following conditions have to be considered:
• There are two kinds of amplifier frequency bandwidth: namely static and
dynamic bandwidth [51]. Static bandwidth denotes the RF bandwidth
and the dynamic bandwidth is related to the envelope frequency
bandwidth.
• The AM/AM and AM/PM conversions can be used to develop the
quasi-memoryless amplifier models. These models are limited to
narrowband applications because they are envelope frequency
independent [57].
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• AM/AM and AM/PM measurement data are required to extract the
parameters of various models. However some models require additional
measurement data like IMDs, which are envelope frequency dependent.
To obtain such dynamic measurement data, new measurement setup
(chapter 6) are required [56], [93], [95], [97].
• The amplifier model should be carrier frequency dependent in order to
model the amplifier gain flatness in the static bandwidth [8], [9].
• The memory effect in the power amplifier is modelled by developing an
envelope frequency dependent model (dynamic model) [57].

4.3 Memoryless Amplifier Model
In memoryless amplifier models the output signal is assumed to be a nonlinear
function of the instantaneous input signal only. The memoryless amplifier
model has only amplitude but not phase distortion. This memoryless amplifier
model can be represented by its AM/AM transfer function as shown in figure
(4.1) and can be modelled using polynomial equation (3.7) in which the
polynomial coefficients a0 , a0 , L a K are real values (not complex).

AM/AM
input signal

AM/PM
output signal

Figure 4. 1: Memoryless amplifier model.
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4.4 Quasi-Memoryless Amplifier Model
As mentioned before, quasi-memoryless models (figure 4.2) require
narrowband operation which means that the envelope frequency of the input
signal is much smaller than the envelope bandwidth of the amplifier [56].
Consequently, the amount of amplitude and phase distortion depends only on
the input signal level at the corresponding respective time instant. Quasimemoryless models are represented in polar and quadrature versions.

AM/AM

AM/PM

input signal

output signal

Figure 4. 2: Quasi-memoryless amplifier model.

4.4.1 Polar and Quadrature Model Topologies
Polar and quadrature topologies of amplifier models were mainly used for
travelling wave tube (TWT) amplifier modelling [8]-[11]. It takes into account
the amplitude-to-amplitude (AM/AM) and amplitude-to-phase (AM/PM)
conversion. Let a narrowband input signal of the amplifier model be described
as
Sin (t )

= Ain (t ) ⋅ cos[ωc t + θ(t )]

[

= Re Ain (t ) ⋅ e jωct ⋅ e jθ( t )

[

= Re Vin (t ) ⋅ e jωct

59

]

]

(4.1)

where Ain (t ) , ωc , and θ (t ) are the amplitude, carrier frequency and phase of the
narrowband input signal respectively, Vin (t ) is the complex envelope of the
bandpass input signal. The output signal of the amplifier can be described
either in polar form (amplitude and phase) or in quadrature form (real and
imaginary) as discussed below.
4.4.1.1 Polar Topology

Ain (t ) cos[ωc t + θ(t )]
S in (t )

Aout [Ain (t )]cos{ωc t + θ(t ) + φout [Ain (t )]}
AM/AM
Aout [Ain (t )]

AM/PM
φout [Ain (t )]

S out (t )

Aout [Ain (t )]cos{ωc t + θ(t )}
Figure 4. 3: Polar (amplitude-phase) configuration of the amplifier model.

The output signal representation of an amplifier model in polar form at
fundamental frequency can be written as [10]
S out (t ) = Aout [ Ain (t )] ⋅ cos { ωc t + θ(t ) + φout [Ain (t )] }

{

= Re Aout [Ain (t )]⋅ e jωct ⋅ e jθ( t ) ⋅ e jφout [ Ain ( t ) ]

[

= Re Vout (t ) ⋅ e jωct

}

(4.2)

]

where Vout (t ) is the complex envelope of the output signal and Aout [Ain (t )] and
φout [Ain (t )] are the AM/AM and AM/PM conversions respectively. These

transfer characteristics are only functions of the input signal amplitude. This
model is valid under the assumption that the time varying amplitude, Ain (t ) ,
and phase θ(t ) of the input signal have a very small bandwidth as compared to
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the bandwidth of the amplifier. Consequently, this model cannot describe PA
nonlinearity when the input signal bandwidth becomes larger (wideband
application). A block diagram of the polar nonlinear amplifier model is shown
in figure (4.3).
4.4.1.2 Quadrature Topology

In-phase

I [Ain (t )] ⋅ cos [ωc t + θ(t )]

I [Ain (t )]

Σ

S in (t )

S out (t )

Quadrature
90

0

Q[Ain (t )]

− Q[Ain (t )] ⋅ sin [ω c t + θ (t )]

Figure 4. 4: Quadrature configuration of the amplifier model.

The output signal of an amplifier model in quadrature form at fundamental
frequency can be written as
S out (t ) = Aout [Ain (t )] ⋅ cos φout [Ain (t )] ⋅ cos [ωc t + θ(t )] −
Aout [Ain (t )] ⋅ sin φout [Ain (t )] ⋅ sin [ωc t + θ(t )]

(4.3)

= I [Ain (t )] ⋅ cos [ωc t + θ(t )] − Q[Ain (t )] ⋅ sin [ωc t + θ(t )]

where
I [Ain (t )] = Aout [Ain (t )] ⋅ cos φout [Ain (t )]

and
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(4.4a)

Q[Ain (t )] = Aout [Ain (t )] ⋅ sin φ out [Ain (t )].

(4.4b)

These equations can, therefore, be modelled as shown in figure (4.4) where
both the in-phase and quadrature nonlinearities are depending on the
amplitude, Ain (t ) , of the input signal.
AM/AM and AM/PM conversions can be obtained experimentally and used in
a table form to build a complete amplifier model. A common method is,
however, to use computationally efficient analytical expressions. There are
different forms of analytical functions used for curve fitting to the measured
AM/AM and AM/PM conversions using minimum mean-square-error. Taylor
power series is one of the most commonly used methods.
Many other modelling functions have been used in the polar and/or quadrature
amplifier models such as:
• Simple two-parameter function presented by Saleh [8] to fit the in-phase
measured data and other two-parameter function to fit the quadrature
data.
• The quadrature amplifier models, which are developed by Kaya [11] and
Abuelma’atti [9], used Bessel function to fit the in-phase and quadrature
measurement data. Abuelma’atti model will be described in the next
section. In order to include memory effects, an extension of this model
is described in section (4.5.1).
The main disadvantage of quasi-memoryless amplifier models based on the
single-tone AM/AM and AM/PM measured characteristics is that, these
nonlinear characteristics are measured at fundamental frequency. Consequently,
it is difficult to extract correctly the nonlinearity at other frequency components
like IMD. This is because the output signal at the fundamental frequency is less
sensitive to the nonlinearity compared to the signals at IMD. Hence, the
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analysis and measurement of the memory effects at IMD components is more
effective than the signal at the fundamental frequency [87].

4.4.2 Quasi-Memoryless Abuelma’atti Model
Many amplifier models were developed using Bessel functions [9], [11]. In these
quasi-memoryless amplifier models, the quadrature model was developed using
a sum of Bessel functions to fit in-phase and quadrature measured data in the
form of
S
⎛ s ⋅ π ⋅ Ain ⎞
I ( Ain ) = ∑ α s ⋅ J 1 ⎜
⎟
D ⎠
⎝
s =1

S
⎛ s ⋅ π ⋅ Ain ⎞
Q ( Ain ) = ∑ β s ⋅ J 1 ⎜
⎟
D ⎠
⎝
s =1

(4.5a)

(4.5b)

where J1 is the Bessel function of first order, α s and β s are coefficients
calculated using last mean-square-error method to fit the in-phase and
quadrature measurement data respectively. S is the number of the fitting
parameters and D is the dynamic range of the input signal and is calculated as
D = 2 Ain , max .

Referring to equations (4.3), (4.5a) and (4.5b), the quasi-memoryless amplifier
model can be represented as
Sout (t ) = I ( Ain ) ⋅ cos (ωct + θ ) − Q( Ain ) ⋅ sin(ωct + θ ) .

(4.6)

The quasi-memoryless amplifier model should simulate the amplifier response
at any carrier frequency in the amplifier bandwidth. To realize a carrier
frequency dependent quasi-memoryless amplifier model, the AM/AM and
AM/PM characteristics should be obtained from single-tone measurement at
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different carrier frequencies ( ωc ), since the quadrature model in equations (4.5a)
and (4.5b) can be derived for different carrier frequency.
For carrier frequency dependent characteristics, the in-phase α s and quadrature
β s fitting coefficients in equations (4.5b and 4.5b) can be written as

α s (ωc ) = α 0, s ⋅ γ I , s (ωc )

(4.7a)

β s ( ωc ) = β 0 ,s ⋅ γ Q ,s ( ωc )

(4.7b)

where α 0, s and β 0, s are in-phase and quadrature coefficients calculated by fitting
the in-phase and quadrature data obtained from AM/AM and AM/PM
conversions which are measured at center frequency of the amplifier
bandwidth. γ I , s (ωc ) and γ Q ,s (ωc ) are in-phase and quadrature frequency
dependent coefficients obtained by fitting in-phase and quadrature measured
data for different carrier frequencies.
As a result, the carrier frequency independent quadrature model in equations
(4.5a) and (4.5b) can be modified to a carrier frequency dependent model as
shown in figure (4.5), by substituting (4.7a) and (4.7b) in (4.5a) and (4.5b)
respectively as
S
⎛ s ⋅ π ⋅ Ain ⎞
I ( Ain , ω c ) = ∑ α 0, s ⋅ J 1 ⎜
⎟ ⋅ γ I , s (ω c )
D
⎝
⎠
s =1

S
⎛ s ⋅ π ⋅ Ain ⎞
Q ( Ain , ω c ) = ∑ β 0, s ⋅ J 1 ⎜
⎟ ⋅ γ Q , s (ω c ).
D
⎝
⎠
s =1

(4.8a)

(4.8b)

As explained before in chapter 3, in the case of two-tone input signal, new
frequency components will be generated at the output spectrum, due to
amplifier nonlinearity and can be calculated from equation (3.16). Abuelma’atti
[9] had extended the carrier frequency dependent quadrature model presented
by Kaya [11] to develop a multi-tone quadrature model which can simulate
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IMD components. This amplifier model, known as Abuelma’atti model, has
been used to model TWT amplifiers for satellite communications.

α 0,1 J 1 (1 ⋅ π ⋅ Ain / D )

γ I , 1 ( ωc )

α 0, 2 J 1 ( 2 ⋅ π ⋅ Ain / D )

γ I , 2 ( ωc )

α 0, S J 1 ( S ⋅ π ⋅ Ain / D )

γ I , S ( ωc )

In-phase

Σ

S in (t )

Σ
900

β 0,1 J 1 (1 ⋅ π ⋅ Ain / D )

γ Q , 1 ( ωc )

β 0, 2 J 1 ( 2 ⋅ π ⋅ Ain / D )

γ Q , 2 (ωc )

β 0, S J 1 ( S ⋅ π ⋅ Ain / D )

γ Q , S ( ωc )

S out (t )

Quadrature

Σ

Figure 4. 5: Frequency dependent quadrature nonlinear amplifier model (after [9]).

In this quadrature model [9], the equations (4.8a) and (4.8b) can be rewritten
for the two-tone quadrature model:
S ⎧
⎡
⎛ s ⋅ π ⋅ Ain
⎛ s ⋅ π ⋅ Ain ⎞
I ( Ain , ω ) = ∑ ⎨ ⎢α 0,s ⋅ J c ⎜
⎟ ⋅ Jd ⎜
D
D
⎝
⎠
⎝
s =1 ⎩ ⎣

⎫
⎞⎤
⎟ ⎥ ⋅ γ I , s (cω1 ± d ω 2 )⎬
⎠⎦
⎭

(4.9a)

S ⎧
⎫
⎡
⎛ s ⋅ π ⋅ Ain ⎞
⎛ s ⋅ π ⋅ Ain ⎞ ⎤
Q ( Ain , ω ) = ∑ ⎨ ⎢ β 0 , s ⋅ J c ⎜
⎟ ⋅ Jd ⎜
⎟ ⎥ ⋅γ Q , s (cω1 ± d ω2 )⎬ .
D ⎠⎦
D ⎠
⎝
⎝
s =1 ⎩ ⎣
⎭

(4.9b)

Since, the odd order output signal frequency components are of interest, for
simplicity, only third order components will be considered below:
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• Fundamental output signal components (in equation (3.16) c + d = 1 )
are S Fund . 1 ( Ain ) and S Fund . 2 ( Ain ) at fundamental frequency components ω1
and ω 2 respectively.
• Third order in-band output signal components or third order IMD (in
equation (3.16) c + d = 3 ) are S IMD 3, L ( Ain ) and S IMD 3, U ( Ain ) at lower and
upper third order IMD frequency components 2ω1 − ω2 and 2ω2 − ω1
respectively.
The in-phase and quadrature components of fundamental signals are calculated
using equations (4.9a) and (4.9b) respectively as follows:
S ⎧
⎫
⎡
⎛ s ⋅ π ⋅ Ain ⎞ ⎤
⎛ s ⋅ π ⋅ Ain ⎞
I Fund .1( 2 ) ( Ain ) = ∑ ⎨ ⎢α 0,s ⋅ J 1( 0 ) ⎜
⎟ ⎥ ⋅ γ I , s (ω1( 2 ) ) ⎬
⎟ ⋅ J 0 (1) ⎜
D
D
⎠⎦
⎝
⎠
⎝
s =1 ⎩ ⎣
⎭

S
⎧⎡
⎛ s ⋅ π ⋅ Ain ⎞
⎛ s ⋅ π ⋅ Ain ⎞
QFund .1( 2 ) ( Ain ) = ∑ ⎨ ⎢ β 0, s ⋅ J1( 0 ) ⎜
⎟ ⋅ J 0 (1) ⎜
⎟
D ⎠
D ⎠
⎝
⎝
s =1 ⎩ ⎣

⎫
⎤
⎥ ⋅γ Q , s (ω1( 2 ) ) ⎬
⎦
⎭

(4.10a)

(4.10b)

where J 0 and J1 are the Bessel function of zero and first order respectively.
Consequently, the in-phase and quadrature components of IMD3 lower and
upper signals are calculated using equations (4.9a) and (4.9b) as
S
⎧⎡
⎫
⎛ s ⋅ π ⋅ Ain ⎞
⎛ s ⋅ π ⋅ Ain ⎞⎤
I IMD 3, L (U ) ( Ain ) = ∑ ⎨ ⎢α 0,s ⋅ J 2 (1) ⎜
⎟ ⋅ J1( 2 ) ⎜
⎟⎥ ⋅ γ I , s (2ω1( 2 ) −ω2 (1) )⎬
⎝ D ⎠
⎝ D ⎠⎦
s =1 ⎩ ⎣
⎭

(4.11a)

S
⎧⎡
⎫
⎛ s ⋅ π ⋅ Ain ⎞
⎛ s ⋅ π ⋅ Ain ⎞ ⎤
QIMD3, L (U ) ( Ain ) = ∑ ⎨ ⎢β 0,s ⋅ J 2(1) ⎜
⎟ ⋅ J1( 2) ⎜
⎟ ⎥ ⋅ γ Q , s (2ω1( 2) −ω2(1) )⎬
⎝ D ⎠
⎝ D ⎠⎦
s =1 ⎩ ⎣
⎭

(4.11b)

where J 2 is the Bessel function of second order.
Referring to equations (4.3), the bandpass output signals at fundamentals and
third order IMD frequency can be represented as follows:
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S Fund .1( 2 ) ( Ain ) = I Fund .1( 2 ) ( Ain ) ⋅ cos ω1( 2 )t − QFund .1( 2 ) ( Ain ) ⋅ sin ω1( 2 )t

(4.12a)

S IMD 3, L (U ) ( Ain ) = I IMD 3, L (U ) ( Ain ) ⋅ cos( 2ω1( 2 ) − ω2 (1) )t −

(4.12b)
QIMD 3, L (U ) ( Ain ) ⋅ sin( 2ω1( 2 ) − ω2 (1) )t.

The amplifier output signal Sout (t ) is the sum of the signals at all frequency
components:
N

S out (t ) = ∑ S n ( Ain )
n =1

(4.13)

= S 1 ( Ain ) + S 3 ( Ain ) + L
= [ S Fund .1 ( Ain ) + S Fund . 2 ( Ain )] + [ S IMD 3, L ( Ain ) + S IMD 3,U ( Ain )] + L

where n is related to the nonlinearity order ( n = 1, 3, 5, L ).
Consequently, the complex envelope of the output signal in equation (4.13) can
be written as
N

Vout (t ) = ∑Vn ( Ain ) ⋅ e j nω m t
n =1

= V1 ( Ain ) ⋅ e j1ω m t + V3 ( Ain ) ⋅ e j 3ω m t + L

(4.14)
= VFund .1 ( Ain ) ⋅ e − jω m t + VFund . 2 ( Ain ) ⋅ e jω m t +
VIMD3, L ( Ain ) ⋅ e − j 3ω m t + VIMD3, U ( Ain ) ⋅ e j 3ω m t + L.

Introducing the nonlinear amplifier characteristic curves in sequences of Bessel
functions in the modelling process will easy enable you to model the IMD
behaviour as function of carrier frequency and envelope frequency as well as
input power (section 4.5.1).
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4.4.2.1 Modelling Results of Abulma’atti Model
Quasi-memoryless power amplifier models, such as Abulma’atti and polynomial
behavioural, were implemented using MATLAB® software based on the input
and output synthesized (measured) data which were obtained from the PA
design example available in ADS® software. In this work, this amplifier will be
termed as ADS® amplifier. This amplifier uses MOSFET power device model
“MRF9742“ from Motorola. 1dB compression point in this amplifier occurs at
input power level of about 16 dBm and output power of 25 dBm. The
AM/AM and AM/PM simulation results are shown in figure (3.3) for singletone input signal at 850 MHz.
In the case of RF frequency dependent Abulma’atti model, the simulated
single-tone AM/AM and AM/PM characteristics, at different carrier
frequencies ranging from 800 to 830 MHz, are used as measurement data.
In order to fit the carrier frequency dependent in-phase I ( Ain , ωc ) and
quadrature Q ( Ain , ωc ) data, obtained from measured AM/AM and AM/PM
characteristics (4.8a and 4.8b), the number of complex coefficients of the
amplifier model were chosen to be equal to fifteen ( S = 15 ). The in-phase α s (ω )
and quadrature β s (ω ) model parameters of the amplifier in equations (4.7a and
4.7b) were extracted using least-mean-square optimization method developed
in MATLAB® software. Using the amplifier model extracted parameters,
Abulma’atti model in figure (4.5), was developed up to fifth order IMD with
ADS® software.
For amplifier model verification and in order to avoid the memory effects in
ADS® amplifier, two-tone measured (synthesized) data with small frequency
spacing between two tones ( < 2 MHz for this amplifier) were used. The
modelling results are shown in figure (4.6) in which good agreement between
measured and modelled data was achieved. This is because, for small frequency
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spacing between two tones, the measured and modelled (4.11a and 4.11b) lower
and upper 3rd order IMDs are symmetric and coincide each other. However,
this is not the case for large frequency spacing between two tones.
In the case of two-tone input signals with large frequency spacing (up to 2 MHz
for this amplifier), the developed Abulma’atti quasi-memoryless model cannot
model the asymmetry in the amplifier nonlinearity. Figure (4.7) shows the
modelling results for two-tone input signal with frequency spacing of 4 MHz in
which asymmetry between lower and upper third order IMD is observed.
Moreover, this asymmetry has observed as being envelope frequency
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dependent (figure 4.13), which demonstrates the existence of memory effects.
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Figure 4. 6: Two-tone (a) AM/AM and AM/PM characteristics at f1 and (b) IMD3.
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Figure 4. 7: Two-tone measured and quasi-memoryless modelled data for PA with
memory ( ∆f =4 MHz).

4.4.3 Quasi-Memoryless Polynomial Behavioural Model
Polynomial function is one of the most frequently used function for power
amplifier modelling, since the generated output spectral components, due to the
amplifier nonlinearity, are calculated analytically using polynomial coefficients.
These coefficients are extracted based on the single-tone AM/AM and
AM/PM measured characteristics [57]. Thus, behavioural polynomial models
are widely used methods for amplifier nonlinearity modelling.
Considering a narrowband input signal, the amplifier output signal can be
expressed by equation (3.7) as
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K

S out (t ) = ∑ a~k ⋅ Sin (t ) k
k =0

(4.15)
N

= ∑ a~n ⋅S in (t ) n

( n = 1, 3, 5, L N )

n =1

where a~n are odd order complex polynomial coefficients. Only odd order terms
are considered since the even order terms do not produce intermodulation
distortion in the first harmonic zone.
Determination of polynomial order, amplitude and phase of the complex
coefficients based on a single-tone measured data will be discussed later in this
section. Mathematical expression is derived to calculate the signals at
fundamental and IMD frequency components for a two-tone input signal case.
Since the first harmonic zone of the output spectrum is located in the amplifier
band and the other components can be filtered out, the amplifier modelling will
be considered only in the first harmonic zone [18].
Now, if two-tone signal (equation 3.14) is applied to a RF amplifier model and
assuming a polynomial of Nth order (equation 4.15), the output signal of the
amplifier model can be represented as
N

S out (t ) = ∑ a~n ⋅ Sin (t ) n
n =1

= a~1 (2 Ain cos ωm t ⋅ cos ωcenter t
+ a~ (2 A cos ω t ⋅ cos ω
t
n

in

m

center

) + a~ 3 (2 Ain cos ωm t ⋅ cos ωcenter t )3 + ...
)n
(4.16)

= a~1 2 Ain cos ωm t ⋅ cos ωcenter t + a~ 3 2 Ain cos ωm t ⋅ cos ωcenter t + ...
n
n
+ a~ n (2 Ain ) (cos ωm t ⋅ cos ωcenter t )
3

= S1 + S 3 + ... + S n + ... + S N
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3

3

3

where S n is the output signal at nth order. For simplicity, the following equation
[93] can be applied

cos n ωm t =

⎤
⎛n⎞
1 ⎡
cos nωm t + n cos(n − 2)ω mt + ⎜⎜ ⎟⎟ cos (n − 2 L)ωm t ⎥
n −1 ⎢
2 ⎣
⎝ L⎠
⎦

(4.17)

where
1< L ≤

n −1
2

(4.18a)

and
⎛n ⎞
n!
⎜⎜ ⎟⎟ =
.
⎝ L ⎠ (n − L)!⋅ L!

(4.18b)

The contribution of the nth order output, Sn1 zone , to the first zone in (4.16) is

S n1 zone = a~n 2 n Ainn

⎤
⎛n⎞
1 ⎛n⎞ 1 ⎡
⎜ ⎟
cos nωmt + n cos(n − 2)ωmt + ⎜⎜ ⎟⎟ cos (n − 2 L)ωmt ⎥ ⋅
n −1 ⎜ n +1 ⎟ n −1 ⎢
2 ⎝ 2 ⎠2 ⎣
⎝ L⎠
⎦

(4.19)
cos ωcenter t.

Equation (4.19) gives the contribution of the nth order nonlinearity to IMD
components [93]. For example, for a fifth order term

S 51 zone = a~5 2 5 Ain5

1
24

⎛ 5⎞ 1
⎜⎜ ⎟⎟ 4
⎝ 3⎠ 2

⎤
⎡
⎛ 5⎞
⎢cos 5ω m t + 5 cos(5 − 2)ω m t + ⎜⎜ ⎟⎟ cos (5 − 2k )ω m t ⎥ ⋅
⎝ L⎠
⎦
⎣

(4.20)
cos ω center t ,

1< L ≤2

This equation gives the contribution of fifth order nonlinearity to IM5, IM3
and to fundamentals as follows (figure 4.8)
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S 51 zone =

+

+

5~ 5
a5 Ain cos 5ωm t ⋅ cos ωcenter t
4

IM5 component

25 ~ 3
a 3 Ain cos 3ωm t ⋅ cos ωcenter t
4

IM3 component

25 ~
a1 Ain cos ωm t ⋅ cos ωcenter t
2

Fundamental component

Further, the expansion of each term in equation (4.20) will give the upper and
lower sideband frequency components of the output spectrum as follows,
Lower and upper 5th order intermodulation distortion:
5~ 5
a 5 Ain cos 5ω m t ⋅ cos ω center t =
4

(4.21a)
5~ 5
5
a 5 Ain cos ( ω center − 5ω m )t + a~5 Ain5 cos ( ω center + 5ω m )t
8
8

Lower and upper 3rd order intermodulation distortion:
25 ~ 3
a 3 Ain cos 3ω m t ⋅ cos ω center t =
4

(4.21b)
25 ~ 3
25 ~ 3
a 3 Ain cos ( ω center − 3ω m )t +
a 3 Ain cos ( ω center + 3ω m )t
8
8

First and second fundamental frequency components:
25 ~
a1 Ain cos ω center t cos ω m t =
2

(4.21c)
25 ~
25 ~
a1 Ain cos ( ω center − ω m )t +
a1 Ain cos ( ω center + ω m )t
4
4
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Now the first harmonic zone output spectral components could be written as
follows,
First and second fundamental frequency components:
⎡
9
25
1
S Fund .1( 2 ) = ⎢a~1 Ain + a~3 Ain3 + a~5 Ain5 + ... + n−2
4
4
2
⎣

⎛ n ⎞⎛ n ⎞ ~ n ⎤
⎜⎜ n+1 ⎟⎟ ⎜⎜ n−1 ⎟⎟ an Ain ⎥ cos ω1( 2 ) t
⎝ 2 ⎠⎝ 2 ⎠
⎦

(4.22)

Lower and upper 3rd order intermodulation distortion:
⎡3
⎤
1 ⎛ n ⎞⎛ n ⎞
25
S IMD 3,L (U ) = ⎢ a~3 Ain3 + a~5 Ain5 + ... + n−2 ⎜⎜ n+1 ⎟⎟ ⎜⎜ n−3 ⎟⎟ a~n−2 Ainn−2 ⎥ cos (2ω1( 2 ) − ω2 (1) )t
2 ⎝ 2 ⎠⎝ 2 ⎠
8
⎣4
⎦

(4.23)

Lower and upper 5th order intermodulation distortion:
⎡5
245 ~ 7
1
S IMD 5, L (U ) = ⎢ a~5 Ain5 +
a 7 Ain + ... + n − 2
64
2
⎣8

⎤
⎛ n ⎞⎛ n ⎞ ~
⎜⎜ n +1 ⎟⎟ ⎜⎜ n −5 ⎟⎟ a n − 4 Ainn − 4 ⎥ cos (3ω1( 2 ) − 2ω 2(1) )t
⎝ 2 ⎠⎝ 2 ⎠
⎦

(4.24)

In general, signal at nth order intermodulation distortion lower and upper
(IMDnL and IMDnU) can be calculated as
⎡ 1
S IMD n , L (U ) = ⎢ n−2
⎣2

⎛ n ⎞ ~ n⎤
⎜⎜ n+1 ⎟⎟ an Ain ⎥ cos (k1ω1( 2 ) − k 2ω 2 (1) )t
⎝ 2 ⎠
⎦

(4.25)

where k1 = 2, 3, L N and k 2 = k1 − 1 (N is the maximum nonlinearity order,
k1 + k 2 = n and n is the order of IMD).

It has to be noted that, the output signal at upper and lower sideband frequency
components described in equation (4.25) and figure (4.8) are symmetric. This is
not the case when the amplifier exhibits memory effects [95], [100], [115], [116].
The polynomial coefficients of the quasi-memoryless behavioural model are
summarized in table (4.2) below for a seven order polynomial model of a PA.
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Table 4. 2: Seven order polynomial model coefficients [93].

n
lower and upper
fundamental
lower and upper
IM3
lower and upper
IM5
lower and upper
IM7

1

3

5

7

a~1 Ain

a~3 Ain3

a~5 Ain5

a~7 Ain7

1

9

-

3

-

-

5

-

-

-

output power

ωc ωm

25

4

25

4

1225

4

735

8

245

8

35

64

64
64

64

ωc ωm

ωc 3ωm

ωc 3ωm

ω c 5ω m

ωc 5ωm

ω

first-zone

output power

(a)
ωc ωm
ωc 3ωm

ωc ωm
ωc 3ωm

ωc 5ωm

fundamental
3rd order
5th order

ωc 5ωm

first-zone
(b)

ω

Figure 4. 8: (a) First zone spectral components of a polynomial model of order five for
two-tone input signal, (b) composition of the spectral components shown in (a) [93].

The in-band output spectrum of the fifth order polynomial model is shown in
figure (4.8b). In this figure, each spectral component is a vector sum of the
75

different orders of nonlinearities shown in table 4.2. Figure (4.8b) shows that,
each spectral component include all higher order spectral components (vector
addition) [87], [93]. For example, for fifth order polynomial model, the
fundamental spectral component is the vector sum of the fundamental, third
and fifth order IMD. Furthermore, the third order IMD is a vector sum of the
third and fifth order IMD figure (4.8b).
The main task in the polynomial amplifier modelling is to determine the
complex coefficients of the model. These complex coefficients, from which the
signal at fundamental and IMD frequency components are extracted, can be
obtained by fitting the single-tone AM/AM and AM/PM measured
characteristics using polynomial equation (4.15). Moreover, in order to
overcome the complex mathematical calculations, two-tone measurement data
including IMDs measurement, can be used to determine the coefficients of the
polynomial model. More details about it will be discussed in the next section
(4.4.3.1).
4.4.3.1 Polynomial Behavioural Model Based on Two-Tone Measured
Data
The complex polynomial coefficients of quasi-memoryless polynomial
behavioural model can be determined experimentally by measuring the
amplitude and phase of the signal at fundamental and IMD frequency
components based on two-tone excitation.
Here is the procedure outlined to determine the order and complex polynomial
coefficients of the behavioural polynomial model which include the memory
effects [93],
• Dependent on the amplifier application, determine the maximum order
of IMD in which the power level can be neglected. As an example, fifth
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order IMD components with power < -50 dBm is of minimum
relevance and can therefore be neglected.
• Assume that, the nonlinearity order (N) of the polynomial model is equal
to the highest IMD order.
• Make amplitude and phase measurements for all IMDs up to the
maximum determined IMD order.
• Obtain the polynomial coefficient of the maximum (Nth) nonlinearity
order from the measured maximum order IMD.
• Calculate the following lower order polynomial coefficients using
correspondent measured IMD and higher order polynomial coefficients
obtained in the previous point.
Consequently, each lower order polynomial coefficient is calculated from
corresponding measured IMD and the following higher order polynomial
coefficient (from smaller nonlinearity order to the higher one).
4.4.3.2 Modelling Results of Quasi-Memoryless Polynomial Model
The developed polynomial model is based on two-tone measured (synthesized)
data with small frequency spacing between two tones ( < 2 MHz for this
amplifier), these data are obtained through simulation of the ADS® amplifier. If
the two-tone output spectral components including IMDs are measured in
amplitude and phase, the complex polynomial coefficients of the polynomial
model can be acquired experimentally. The polynomial quasi-memoryless
model, based on two-tone simulated data, was developed using the 5th order
complex polynomial function (equation 4.15), which is applied to fit the
amplitude and phase at fundamentals ( ω1 and ω2 ), IMD3 ( 2ω1 − ω2 and
2ω2 − ω1 ) and IMD5 ( 3ω1 − 2ω2 and 3ω2 − 2ω1 ) frequencies.
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First, the complex polynomial coefficients were generated using ADS®
optimization to fit the measured data. Second, the amplifier model coefficients
were used to develop the polynomial behavioural model using ADS® software.
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Figure 4. 9: Two-tone measured and modelled ( ∆f =200 KHz) (a) AM/AM and AM/PM
characteristics at f1, (b) IMD3 lower.

The two-tone measured data used for quasi-memoryless polynomial model
should have small frequency spacing between two tones ( < 2 MHz for this
amplifier), in order to avoid the memory effects in the used amplifier. The
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measured and modelled results have been compared in figure (4.9) and show a
good agreement between them. However, comparing this result (figure 4.9)
with quasi-memoryless Abulma’atti model, presented in figure (4.6), it is evident
that the quasi-memoryless polynomial model based on the two-tone measured
data, give better modelling results especially in the more nonlinear region. This
is because, such modelling approach is based on the fitting of the measured
IMDs, but on the other hand, Abulma’atti model was based on the single-tone
measured data and IMDs were numerically calculated.
From both results, it is important to note that, the lower and upper 3rd order
IMD are symmetric and coincide with each other. However, in the case of twotone input signal with frequency spacing larger than 2 MHz for this amplifier,
both quasi-memoryless models described above cannot model the asymmetry
in the IMDs. Furthermore, both quasi-memoryless models always presented
symmetrical output spectrum (equations 4.12 and 4.25) and they are
independent of the envelope frequency.
The main drawback of quasi-memoryless modelling is the narrowband
assumption that, only the amplitude and not the envelope frequency of the
input signal, affects the nonlinearity. However, nonlinearity is always affected
by the bandwidth of the input signal. For broadband applications, a new power
amplifier model based on the dynamic measurement data for memory effects
modelling is needed. In section (4.5), an extension of the above discussed
Abuelma’atti quasi-memoryless model will be given. Furthermore, generalized
power series with memory is a more powerful method for amplifier modelling
with memory effects where input envelope frequency-dependence is included.
The developed amplifier model with memory effects using memory polynomial
function will be described in section (4.5.2).

79

4.5 PA Nonlinearity Modelling Including Memory
Effects
As explained before, quasi-memoryless amplifier models have been derived
based on single-tone measurement data, which are only dependent on the
carrier frequency and the envelope frequency dependence is neglected.

input signal

AM/AM

AM/PM

output signal

Figure 4. 10: Amplifier model with memory.

To develop new amplifier models, which include memory effects, the amplifier
should be characterized using dynamic measurement systems which are
described in chapter 6. The amplifier model including memory effects is
developed using the input and output measured data, that are input power,
carrier- and envelope- frequency dependent (figure 4.10). In this section two
functions are used to model the power amplifier including memory effects.
These are memory polynomial and Bessel functions.

4.5.1 Abulma’atti PA Model with Inherent Memory Effects
In the following, it is described how to extend quasi-memoryless Abuelma’atti
model (section 4.4.2) to include memory properties. In equations (4.7a) and
(4.7b), the in-phase and quadrature frequency correctors γ I (ω) and γ Q (ω) are
computed from single-tone measurements data as a function of carrier
frequency. Practically these parameters have a small correction effect, because
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the memory effect which is function of the carrier frequency (gain flatness) is
negligible compared to the envelope frequency.
Let us consider an amplifier which is dynamically characterized by sweeping the
input power and envelope frequency of the two-tone stimulus signal (chapter
6). If the output spectrum of this amplifier is measured at fundamental and
IMD frequency components, then these data can be used to correct the output
signal of quasi-memoryless Abuelma’atti model in order to include the memory
effects [9].
The two-tone output spectrum (equations 4.9a and 4.9b) computed from a
quasi-memoryless Abuelma’atti model described in section (4.4.2) is compared
with the two-tone measured output spectrum which include memory effects.
From this comparison, the coefficients for correcting quasi-memoryless
Abuelma’atti model are extracted. Thus, as shown in figure (4.11), the
correcting coefficients are used to add the memory effects in the quasimemoryless Abuelma’atti model described in figure (4.5).

S in (t )

quasi-memoryless S out (t )
PA model

ME
S out
(t )

memory extension
Vin (t )

envelope
detector

envelope signal
corrector

Vcorr . (t )

Figure 4.11: Quasi-memoryless amplifier model extension in order to include memory
effect (after [124]).
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The flow chart diagram for the amplifier nonlinearity modelling and the
measurements required to model the memory effects are shown in figure (4.12).
This figure shows how the quasi memoryless model and also memory effect
coefficients extraction are strongly dependent on measurement data. Moreover,
in the verification process, when the developed model cannot achieve the
expected accuracy, then more measurement data should be generated by
increasing the number of sweeps in the power, carrier- and envelope-frequency.

start
model specification
Measurements
quasi-memoryless PA model
parameters calculation
(Abulma’atti model)

No

single-tone
power & carrier
frequency sweeps

D f < 2 MHz

model verification
two-tone
power & envelope
frequency sweeps

Yes
memory effects
parameters calculation

No

single-tone
and/or
two-tone

model verification
Yes
end

Figure 4. 12: Flow chart of the amplifer modelling with memory effects.

For simplicity, suppose the amplifier has only third order nonlinearity, and twotone input signal (equation 3.14) is used for characterization. The output signal
equation (4.23) will contain the following signal components:
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• Signals at first and second carrier frequency components ( S Fund , 1 ( Ain ) and
S Fund , 2 ( Ain ) at frequencies ω1 and ω 2 respectively).

• Signals at lower and upper third-order IMD frequency components
( S IMD3, L ( Ain ) and S IMD 3,U ( Ain ) at frequencies ω IMD 3, L = 2ω1 − ω 2 and
ω IMD 3, U = 2ω 2 − ω1 respectively).
ME
(t ) with memory
As shown in figure (4.11), the modelled output signal S out

effects can be described as amplitude modulated output signal S out (t ) obtained
by quasi-memoryless Abuelma’atti model (figure 4.5 and equation 4.13). In this
modulation process, the modulating signal is the corrected envelope Vcorr (t ) of
the input signal. Thus, the modulated output signal including memory effects
can be expressed as follows [124]
ME
Sout
(t ) = Sout (t ) ⋅ [1 + Vcorr (t )]

= Vout (t ) ⋅ e jωct ⋅ [1 + Vcorr (t )]

(4.26)

ME
= Vout
(t ) ⋅ e jωct

where the complex envelope of the output signal with memory effects can be
written as
ME
Vout
(t ) = Vout (t ) ⋅ [1 + Vcorr (t )].

(4.27)

As a result, when there is no envelope variation at the input signal, the output
ME
ME
(t ) of the extended model has an envelope Vout
(t ) that corresponds
signal Sout

to the envelope Vout (t ) of the output signal S out (t ) which is obtained by quasimemoryless Abuelma’atti model, and the correcting envelope is zero
(VoutME (t ) = Vout (t ) ). Beside that, in the case of two-tone input signal (equation
3.14), the corrected envelope can be written after [124] as follows
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Vcorr (t ) = R( A, 2ωm ) + 2[ Ain cos(2ωm t )]2
= R ( Ain ,2ωm ) ⋅ 2 Ain2 ⋅ cos(2ωm t )

(4.28)
= 2 E ⋅ cos(2ωm t )
= E1 ⋅ e + j 2 ωmt + E 2 ⋅ e − j 2 ωmt

where R(⋅) are correction coefficients, which is a function of the amplitude and
frequency spacing between tons. These correction coefficients are equal to zero
when there is no variation in the envelope frequency of the input signal (singletone), which means there is no need to correct the envelope of the output
signal. E1 and E 2 are the transfer functions of the corrected envelope which are
function of the upper and lower sideband envelope frequency, these can be
written respectively as
E1 = R( Ain , 2ω m ) ⋅ Ain2

(4.29a)

E2 = R( Ain , − 2ωm ) ⋅ Ain2 .

(4.29b)

Consequently, from equations (4.14), (4.27) and (4.28), the output signal
complex envelope can be written as
ME
Vout
(t ) = Vout (t ) ⋅ [1 + Vcorr (t )]

(4.30)
N

= ∑Vn ( Ain ) ⋅ e− j ( n ω m t ) ⋅ ( E1 ⋅ e+ j 2ω m t + 1 + E2 ⋅ e− j 2ω m t ).
n =1

The expansion of each term in equation (4.30) will give the upper and lower
sideband frequency components of the output spectrum as follows
First and second fundamental frequency components:
− j 2ωmt
ME
VFund
+ VFund , 1 ( Ain ) + E1 ⋅ VFund , 2 ( Ain ) ⋅ e j 2ωmt ] ⋅ e − jωmt (4.31a)
, 1 (t ) = [ E2 ⋅ VIMD 3, L ( Ain ) ⋅ e
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− j 2ωmt
ME .
VFund
+ VFund , 2 ( Ain ) + E1 ⋅ VIMD3, U ( Ain ) ⋅ e j 2ωmt ] ⋅ e jωmt (4.31b)
, 2 (t ) = [ E2 ⋅ VFund , 1 ( Ain ) ⋅ e

Lower and upper 3rd order intermodulation distortion:
− j 2 ωmt
ME
VIMD
+ VIMD3, L ( Ain ) + E1 ⋅ VFund , 1 ( Ain ) ⋅ e j 2 ωmt ] ⋅ e− j 3ωmt (4.32a)
3, L (t ) = [ E2 ⋅ VIMD5, L ( Ain ) ⋅ e

− j 2 ωmt
ME
VIMD
+ VIMD3, U ( Ain ) + E1 ⋅VIMD5, U ( Ain ) ⋅ e j 2 ωmt ] ⋅ e j 3 ωmt (4.32b)
3, U (t ) = [ E2 ⋅ VFund , 2 ( Ain ) ⋅ e

By solving equations (4.31a), (4.31b), (4.32a) and (4.32b) using least-meansquare method, the correction coefficients, E1 and E2 can be obtained. These
coefficients are used for modelling the memory effect and asymmetry between
lower and upper frequency components in the output spectrum of the power
amplifier.
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Figure 4. 13: Lower upper and IMD3 as function of input power and frequency spacing
( ∆f ) of a two-tone input signal.

The extension of Abuelma’atti model was applied to model the ADS®
amplifier, which describes memory effects. The AM/AM and AM/PM
simulation results of this amplifier are shown in figure (3.3) for single-tone
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input signal at 850 MHz with power sweep. Under two-tone input signal with
center frequency equal to 850 MHz, the PA output spectrum lower and upper
IMD3 shows asymmetry form (figure 4.13). This IMD3 is function of both
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Figure 4. 14: Two-tone measured and modelled data for PA with memory ( ∆f =4 MHz).

In order to include memory effects in quasi-memoryless Abuelma’atti model
described in section (4.4.2), the measured (synthesized) 3rd order IMDs (figure
4.13) obtained from the simulation of ADS® amplifier, were compared with the
quasi-memoryless modelled data (figure 4.5 and equations 4.9a and 4.9b).
Figure (4.14) shows the modelling results for two-tone input signal with
frequency spacing of 4 MHz in which asymmetry between lower and upper
third order IMD is presented. This modelling result shows a good fitting
between the modelled and measured data compared to the modelling results
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illustrated in section (4.4.2.1), figure (4.7). Furthermore, the PA modelling
results of IMD as function of envelope frequency is presented in figure (4.15)
in which a very small error (< 10

–4

) between measured and modelled data is

observed.
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Figure 4. 15: Measured and modelled data of the carrier to IMD3 ratio.

4.5.2 Memory Polynomial Model
4.5.2.1 Introduction
The baseband memory polynomial (MP) model is now widely used to describe
nonlinear effects in a power amplifier with memory effects. Two methods of
baseband MP PA models will be discussed and compared in this section. These
are:
• Memory polynomial with unity time delay taps (MPUD).
• Memory polynomial with non-uniform time delay taps (MPNUD).
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Memory polynomial power amplifier modelling approaches are based on the
measured data in discrete time domain. Therefore, before discussing memory
polynomial modelling, it is important to give brief introduction to continuous
and discrete time domain signals.
For processing an analog signal, it is necessary to convert an analog signal to
the digital, which means, from continuous to discrete time signal. To convert a
signal from continuous to discrete, a process called sampling is used. The value
of the signal is measured at certain intervals of time. Each measured data is
referred to as a sample. Thus, if suppose Vin (t ) is the input signal to the
sampler, the sampler output is Vout ( x) = Vin ( x ⋅ T ) , where T is the sampling
period, f samples = 1 / T is the sampling frequency and x = 0, 1, L X , where X is
the total number of samples (figure 4.16).
Consequently, the complex envelope of the input, Vin (t ) , and output, Vout (t )
continuous-time signals presented by equations (4.1) and (4.2), can be rewritten
in discrete-time signals, respectively, as Vin ( x ) and Vout ( x ) .

Vout ( x) = Vin ( x ⋅ T )

Vin (t )

continuous-time
signal

discrete-time
signal

sampler

Vin (t )

Vout ( x)

Vin ( x ⋅ T )

x

t

0 T 2T 3T
T

Figure 4. 16: Periodic sampling of an analog signal.
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XT

4.5.2.2 Memory Polynomial with Unity Time Delay Taps (MPUD)
The general form of a baseband memory polynomial PA model can be written
as [59], [76], [113]
Q

K

Vout ( x ) = ∑∑ a~k q ⋅ Vin ( x − q ) 2 k −1

(4.33)

q = 0 k =1

where a~k q are complex memory polynomial coefficients that can be estimated
by a simple least-square method, k = 0, 1, 2, L K , an integer number, Vin ( x ) and
Vout ( x ) are the measured discrete input and output complex envelope signals of
x th sample, q = 0, 1, LQ is the memory interval and equal to sampling interval

T. Q and K are the maximum memory- and polynomial-order respectively.
Note that, equation (4.33) only contains odd order terms. This is because the
signals obtained from the even order terms are far from the carrier frequency.
Equation

(4.33)

can

also

be

rewritten

in

a

compact

form

if

Fk q ( x − q) = Vin ( x − q) so

Q

K

Vout ( x ) = ∑∑ a~k q Fk q ( x − q)
q =0 k =1

(4.34)
Q

= ∑ Fq ( x − q) = F0 + F1 + L + FQ
q =0

where
K

Fq = ∑ a~k q ⋅ Vin ( x − q) 2 k −1.

(4.35)

k =1

Figure 4.17 represents the block diagram of the memory polynomial with unity
time delay taps (MPUD) which is described in equation (4.33). In this figure, the
unity delay tap is denoted by the symbol Z −1 . When the unity delay tap ( Z −1 ) is
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applied to the sequence of discrete digital values, this unity tap gives the
previous value in the sequence. In effect, this consequently introduces a delay
of one sampling interval ( q ). Applying the operator Z −1 to an input value
Vin (x ) gives the previous input Vin ( x − 1)
Z −1 ⋅ Vin ( x) = Vin ( x − q) = Vin ( x − 1).

(4.36)

Referring to equation (4.34), the memory polynomial can be rewritten as [59],
[76], [113]
Q

K

Vout ( x ) = ∑∑ a~k q Fk q ( x − q )
q = 0 k =1

K

K

K

k =1

k =1

k =1

= ∑ a~k 0 Fk 0 ( x ) + ∑ a~k 1 Fk 1 ( x − 1) + L + ∑ a~k Q Fk Q ( x − Q )

(4.37)

= F0 + F1 + L + FQ

so that
Q

K

Vout ( x ) = ∑∑ a~k q Fk q ( x − q ) =
q = 0 k =1

a~10 F10 ( x ) + a~20 F20 ( x ) + L + a~K 0 FK 0 ( x ) +

(4.38)

a~11 F11 ( x − 1) + a~21 F21 ( x − 1) + L + a~K 1 FK 1 ( x − 1) + L
a~1Q F1Q ( x − Q ) + a~2Q F2Q ( x − Q ) + L + a~KQ FKQ ( x − Q ).

Equation (4.38) can be written in matrix form as [77], [86], [114]
Vout = F . A

where
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(4.39)

(4.40a)

Vout = [Vout (0), Vout (1), L , Vout ( X − 1)]T
A = [a~ 10 , a~20 ,L , a~K0 , a~11 , a~21 ,L , a~K1 ,L , a~1Q , a~2Q ,L , a~K Q ]T

(4.40b)

F = [ F10 , L , FK0 , F11 , L , FK1 ,L , F1Q , L , FK Q ]

(4.40c)

Fk q (x − q) = [ Fk q (-q) , Fk q (1 - q) ,L , Fk q (X - 1 - q)]T .

(4.41)

The least mean-square-error method can be used to find the complex
polynomial coefficients a~k q . The least-mean-square solution for equation (4.39)
is [86], [76], [113] reads
*T .

A= (F

F)

-1 .

*T .

F

(4.42)

Vout

where (.)*T denotes the conjugate transpose of the matrix F.
A block diagram of a memory polynomial PA model with unity delay taps is
shown in figure (4.17). In this figure, the unity delay tap is denoted by Z −1 .

Vin(x)

Z
Z

F0
-1
-1

Z

-1

Vin(x-1)

Vout (x)

F1

Vin(x-2)
F2
Vin(x-Q)

FQ

Figure 4. 17: Memory polynomial PA model with unity delay taps [57].
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4.5.2.3 Memory Polynomial with Non-Uniform Time Delay Taps
(MPNUD)
Memory polynomial with non-uniform time delay taps is an improvement on
the unity time delay taps described above. The main difference between these
two models is the choice of the delay tap indices for the MP. Ku and Kenney
[59] have reported that using optimum delay taps, obtained through
optimization process, better modelling results of the memory effects can be
obtained compared to the unit delay tap. Moreover, they indicated that memory
polynomial model using optimum delay taps could model accurately the
asymmetry in the output spectrum of the PA. However, they reported about
the difficulty to derive these optimal delay taps.
In this research work, it was supposed that optimal delay taps could be
analytically calculated using nonlinear function. Therefore, different nonlinear
functions have been tested to find the best function which can give better
modelling results for non-uniform spacing indices. Accordingly, it was found
that sinusoidal function (equation 4.43) gave best modelling results. The
optimum delay taps have non-uniform spacing and we observed that this
spacing follows a pattern similar to a sinusoidal function. Accordingly, the
following simple sinusoidal function is proposed to calculate the non-uniform
spacing indices [57]
p q = floor (W ⋅ sin ( q ) )

(4.43)

where W is the maximum memory index depth. The matlab function floor (X)
returns the nearest integer less than or equal to X. The calculated values of
non-uniform spacing indices ( p q ) are listed in table (4.3).
The modelling using these values give superior results for the PA modelling
with memory. It is supposed that, the reason could be that, since the memory
effect is nonlinear phenomena, the non-uniform spacing index can be described
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by an appropriate nonlinear function rather than a linear function like in the
unity time delay taps. Therefore, in the future work, this nonlinear function
should be analyzed well for different broadband modulated signals.
Table 4. 3: Calculated non-uniform spacing index for W=100 [57].

q

0

1

2

3

4

5

6

7

pq

0

84

90

14

75

95

27

65

For the memory polynomial with non-uniform time delay taps, equations (4.33)
and (4.34) now have respectively the following form
Q

K

Vout ( x ) = ∑∑ a~k q ⋅ Vin ( x − p q ) 2 k −1

(4.44)

q =0 k =1

Q

K

Vout ( x ) = ∑∑ a~k q ⋅ Fk q ( x − p q )
q = 0 k =1

(4.45)
Q

= ∑ Fq ( x − p q ) = F0 + F1 + L + FQ
q =0

where
K

Fq = ∑ a~k q ⋅ Vin ( x − pq ) 2 k −1.

(4.46)

k =1

As described in previous section, the minimum mean-square-error method can
be used to find the complex polynomial coefficients a~k q .
Figure (4.18) shows the improved memory polynomial with non-uniform time
delay taps. In this PA model the non-uniform delay taps Z − p are obtained
q

using non-uniform spacing indices ( pq ) , which are calculated from equation
(4.43).
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Figure 4. 18: Memory polynomial PA model with non-uniform delay taps [57].

4.5.2.4 Comparison of Memory Polynomial Modelling Results
In this section modelling results of two variant memory polynomial power
amplifier models, with unity and non-uniform time delay taps, are presented.
Both models were realized in MATLAB® software and have been developed to
model ADS® amplifier. The synthesized (measured) AM/AM, AM/PM and
third order IMDs of this amplifier are presented in figures (3.3) and (4.13).
The modelling error becomes progressively small (in the order of 10 −3 ) for both
developed memory polynomial models in which the maximum memory- and
polynomial-order were respectively equal five (Q = 5) and seven (K = 7). Both
models give very small error between measured and modelled data having
60000 samples. Therefore for comparison, the normalizing mean square error
(NMSE) equation [76] has been used to calculate the errors between the
measured and modelled data
2 ⎤
⎡ N mod
meas
⎢ ∑ Vout ( x) − Vout ( x) ⎥
⎥
NMSE (dB) = 10 log10 ⎢ n =1 N
2
⎢
⎥
mod
Vout ( x)
∑
⎢⎣
⎥⎦
n =1
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(4.47)

where Voutmeas (x ) and Voutmod (x ) are the x th sample of the measured and modelled
PA baseband output signals.
The calculated normalizing mean square errors were summarized in table (4.4)
for both memory polynomial PA models. In this table, two types of memory
polynomials: memory polynomial with unity time delay taps (MPUD) and
memory polynomial with non-uniform time delay taps (MPNUD) for PA
modelling with memory have been compared. Both PA models have been
developed for different power levels and different frequency spacing of the
stimulus two tones.
Table 4. 4: Normalizing mean square error for memory polynomial with unity and nonuniform time delay taps (Q=5 and K=7) [57].

→

Pin

∆f

in MHz

↓
0.2
0.8
1
3
5
10
15

16 dBm

18 dBm

20 dBm
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nonuniform

unity

nonuniform

unity

nonuniform

-59
-59
-59
-59
-59
-52
-52

-63
-66
-63
-66
-69
-62
-62

-57
-57
-57
-55
-53
-46
-43

-63
-63
-63
-61
-61
-58
-56

-47
-47
47
-46
-46
-42
-35

-51
-57
-51
-51
-53
-52
-46

The modelling results presented in table (4.4) show that both methods can be
used for modelling wideband PA which exhibit memory effects. Moreover,
these results show that the new memory polynomial model with non-uniform
time delay taps is superior as compared to the memory polynomial with
uniform time delay taps for the similar memory order (Q=5) and polynomial
order (K=7) and can fit the measurement data very well.
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Chapter 5
POWER AMPLIFIER LINEARIZATION

5.1 Introduction
Mobile communication is one of the most important commercial
communication services because the number of users is increasing rapidly day
by day. Significant power can be saved by using multi-carrier high PA instead of
single carrier PA in base stations architectures, as show in figure (5.1). To avoid
unacceptably high level IMD, the single high PA must be highly linear. This PA
is designed to handle multiple carrier signals, so that a high power combiner or
multiplexer in base station is not required [51].
Moreover, with the increasing of spectral efficiency in mobile communications,
linearity of the RF power amplifier has become a critical design issue especially
for digital modulation schemes with non-constant envelope. This issue is
particularly significant in spread spectrum application which employs CDMA
and WCDMA signals [1].
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Linearization enables the amplifier to generate more output power and to
operate at a higher efficiency level for the given input and distortion level.
Furthermore, it allows an increased PA’s capacity and efficiency during multicarrier and high digitally modulated data traffic handling [18].
amplifier 1

amplifier 2

output
MUX

amplifier 3

input
MUX

amplifier N

HPA
single amplifier

Figure 5. 1: Base station architecture using single carrier PAs and multi-carrier HPA (after
[51]).

Linearization is a systematic procedure that can be used to reduce the
amplifier’s distortion, and there are many different ways of amplifier linearizing.
Normally, extra components are added to the amplifier as a linearizer. Often,
the extra components are configured into a subassembly or box that is referred
to as a linearizer. Several linearization methods have been published in literature
[17]-[55].
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However, in modern communication systems, new transmission formats such
as CDMA, WCDMA and OFDM are vulnerable to amplifier nonlinearities, due
to their high peak-to-average ratio corresponding to large fluctuations in their
signal envelope. Furthermore, with increasing complexity of the signal travelling
through amplifier and with large signal bandwidths, the traditional, modelling
and linearization approaches are not capable of fully representing and
compensating the amplifier nonlinearity behaviour [93], [57], [58]. It means, for
wide bandwidth applications such as WCDMA and for higher power amplifier
as in UMTS, the new dynamic nonlinear behaviour of power amplifier like
memory effects can no longer be ignored.
In this chapter common and mostly applied linearization methods in
microwave and wireless communication systems are discussed. These are
feedback [38]-[44], feedforward [45]-[50], and predistortion [17]-[37]. Moreover,
newly developed predistortion linearization method with memory effects
compensation will be presented in section (5.5).

5.2 Feedback Linearization Method
Feedback is one of the oldest amplifier linearization techniques. However,
negative feedback is widely used in process control and it is a well-known
method for reducing the amplifier distortion [18].
As shown in figure (5.2), an attenuated version of the amplifier output signal is
fed back to the input in anti-phase and combined with the input signal
S fb (t ) = σ ⋅ S out (t ) , where σ is the feedback factor [92]. The main advantages of

negative feedback technique are reducing of nonlinear distortion and making
the amplifier gain less sensitive to the signal variations, which are caused by
circuit components especially due to memory effects [18].
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Feedback method is often used for low power amplifiers due to its stability
problems, and this method can be divided into RF feedback [39], modulation
feedback [18], envelope feedback [41] and cartesian feedback [40], [42]. The
important limitation of negative feedback technique is, that under certain
conditions the feedback becomes positive and causes oscillations in the system
[18], therefore, the bandwidth of negative feedback is limited.
S in (t )

+

S out (t )

Σ
-

non-linear PA

σ

S fb (t )

Figure 5. 2: Negative feedback (after [18]).

In general, this method is used for class-A and -AB amplifiers but not for classC, since in class-A and class-AB, the differential gain is approximately equal to
absolute gain and the phase difference is small over the operating frequency
range. Moreover as explained before, class-C amplifiers have a significant
distortion, which means that the feedback method cannot be used in class-C
operation [18], [92].
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5.3 Feedforward Linearization Method
Feedforward linearization method has been used extensively in the last few
years for mobile communication systems such as amplification of signal IS-95
carriers, GSM carriers in cellular or WCDMA signal [45], [92]. Feedforward
provides high linearity improvement, i.e. carrier-to-intermodulation (C/I) ratio
more than 50 dBc. and it is very useful in wideband application [51], [92]. Since
this method is applicable to wideband signals, it can be very attractive for
linearization of base-station amplifiers used in mobile communications such as
UMTS. However, the efficiency of this method is dependent of many factors
such as insertion loss in the couplers, loss in the delay lines, efficiency of both
main and error amplifiers and power consumption in the other components
like vector modulator and attenuator. This results in poor efficiency (5-10 %
[92]) and is the reason why other linearization methods such as predistortion
methods have been favored in preference to feedforward.
Apart from the low efficiency performance in the feedforward linearization
method, there are many other drawbacks like:
• It is complicated, since it is implemented using many components, which
cannot be easily combined with the main amplifier especially the auxiliary
amplifier.
• It is very sensitive to changes in amplifier characteristics, component
tolerances and instantaneous power fluctuations.
• The feedforward amplifier has large physical size and high cost.
Due to these problems, a short overview of the feedforward linearization
method and operating principle will be given and it will not analyzed in detail in
this research work. A very robust and useful linearization methods, such as
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baseband adaptive digital predistortion and RF analog predistorter will be
described in more detail the next section.

5.3.1 Operating Principle of the Feedforward Linearization
Method
Operating principle of the feedforward linearization method is simple and
comprises two main parts:
• First: Cancellation of the fundamental signal by subtracting the input
signal from the reduced output signal of the amplifier to leave only the
distortion generated by the amplifier nonlinearity (fundamental signal
cancellation).
• Second: Amplify this distortion with another amplifier and then subtract
it from the original output signal in order to cancel the distortion
generated by the amplifier nonlinearity and leave only the amplified
wanted signal (distortion signal cancellation).

main PA

a

ϕ

sampling
coupler

delay line

vector modulator

S in (t )

Loop 1
fundamental
cancellation

S out (t )

Loop 2

a

distortion
cancellation
error PA

a
delay line

ϕ

vector modulator

Figure 5. 3: Operation principle of feedforward linearization method (after [92], [46]).
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Therefore, the feedforward configuration as shown in figure (5.3), consists of
two circuits: first circuit for the fundamental signal cancellation and the second
one to cancel the signal distortion (error) [18], [45]-[48].
The RF input signal is divided into two parts. The main signal path which is
used as an input signal for the amplifier and the feedforward path as a reference
signal. The RF input signal is first applied to vector modulator in the main
signal path to make required power attenuation and phase shifting. After that
the RF signal is amplified by the main amplifier to generate the output signal
which includes generated undesirable distortion due to nonlinearity of the main
amplifier. The fundamental cancellation loop couples and attenuates the output
signal of the amplifier. This signal is combined with the reference signal on the
feedforward path to cancel the fundamental signal and to leave only the
distortion generated by the amplifier. The values of the coupler and fixed
attenuation are chosen to match the gain of the main amplifier.
In the distortion cancellation loop, the distortion signal is applied to a vector
modulator to get the required power attenuation and phase shifting and is
amplified with an auxiliary amplifier (error amplifier), which has a smaller
power rating with respect to the main amplifier. The error amplifier should be
highly linear to keep the signal trajectory undistorted. Furthermore, since the
overall efficiency of the feedforward method depends on the efficiency of the
error amplifier [92], the error amplifier should have high efficiency. Due to the
tradeoff between efficiency and linearity, design of error amplifier is therefore a
big challenge in feedforward linearization method. Moreover, in order to
suppress the distortion at the output signal of the amplifier, the error amplifier
gain is chosen to match the sum of the values of both couplers and fixed
attenuator so that the distortion signal is increased to approximately the same
level as the distortion generated by the amplifier.
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Since there is a time delay in vector modulators and amplifiers, delay lines are
used in both fundamental and distortion cancellation loops to compensate for
this delay and to make two subtracted signals 180 degree out of phase to cancel
each other.

5.4 Quasi-Memoryless Predistortion Techniques
This section provides an introduction to the operating principle of the
predistortion linearization methods. In general, predistortion is the most
commonly used linearization method in microwave and satellite applications,
since it can be applied with the amplifier module as an additional module in the
transmitter system. Moreover, the predistortion method provides an
improvement in linearity near saturation region unlike other linearization

Sin (t )

input power

phase shift

S out (t )

output power

methods [18].

non-linear PA

Predistorter

0

S PD (t )

S out (t )

output power

S PD (t )

input power

input power

non-linear PA

phase shift

PD

phase shift

Sin (t )

output power

input power

input power

input power

Figure 5. 4: Operating principle of predistortion linearization method.
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The working principle of the predistortion method is shown in figure (5.4). In
this method, a nonlinear module is inserted in front of the power amplifier in
order to generate the reverse nonlinear characteristic transfer function of the
amplifier by multiplying the input signal with the predistorter gain [52]. This
nonlinear characteristic transfer function is called predistorter function. The
predistorter function is passed through an amplifier to compensate the
nonlinearity generated by the amplifier.
Depending on the location of the predistorter in the transmitter, it can be
divided into baseband [20], [35], IF [33] and RF [32] predistorter. Categorically,
it can be divided into analog [31], [32], [74] and digital [17], [25] predistorter.
In the next sections detailed explanation of the two predistortion methods
namely baseband adaptive digital predistorter and RF analog predistorter will be
given. These two predistorters are intensively used in microwave and mobile
communications system [18], [24], [25], [32].

5.4.1 Baseband Adaptive Digital Predistorter
In baseband digital predistorter, the predistortion process is applied into the
baseband input signal and can be implemented using the digital signal
processors (DSPs) or any other suitable hardware like microprocessor with an
appropriate predistortion software algorithm. With the rapid development of
high-speed DSPs such as TMS320C67xx and TMS320C6000 manufactured by
Texas Instruments, the concept of digital predistortion has become a very
important issue for the power amplifiers linearization for mobile
communications.
Digital predistorter can provide a better IMD suppression compared with other
predistortion methods, because of its ability to generate accurate reverse
nonlinear transfer function of the amplifier.
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Figure (5.5) shows a block diagram of the adaptive baseband digital
predistortion circuit, which comprises the following main parts:
• Digital predistorter consisting of a complex gain adjuster (multiplier), a
look-up table (LUT) and an addressing function.
• Feedback branch to update the predistortion coefficients in the LUT.
The predistorter LUT contains the complex (amplitude and phase)
predistortion gain or also called predistortion coefficients, which is addressed in
the LUT by address function such as squared magnitude, • = xin (t ) , of the
2

input signal (figure 5.5).

Vin (t )

V PD (t )

delay

PA

S out (t )

GPD [xin (t )]

xin (t )
2

S PD (t )

4.345456 +j 2.4344

1 2.345245 +j 32445
3.015454 +j 34523
2.345435 +j 59954
3.345456 +j 45852
2.634545 +j 43455
2.345456 +j 59445
1.743456 +j 34344
0.334549 +j 05565
0.034546 +j 84756

V fb , Err (t )

V fb (t )

adaptation

Figure 5. 5: Baseband digital predistortion linearization method (after [27]).

It is also possible to use input magnitude address function, however, squared
magnitude addressing has better linearization performance because it assigns
higher number of LUT entries (predistortion coefficients) to higher power
levels where PAs exhibit their nonlinear behavior, hence, enhancing the LUT
resolution at power levels near to saturation [27].
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The addressed predistortion coefficients are multiplied with the original
baseband input signal, Vin (t ) , to generate the desired predistorted signal VPD (t ) ,
which is represented by the inverse characteristic of the amplifier nonlinearity.
The predistorted signal is passed through a digital-to-analog converter (D/A),
up-converted, and then to the amplifier.
The predistorter coefficients must adapt to the variations of the amplifier
characteristics. It means, that the predistorter coefficients in the look-up table
have to be updated continuously to keep the difference, V fb , Err (t ) , between the
input signal and the output signal sufficiently small. This is realized by using an
adaptation algorithm in the feedback branch.
5.4.1.1 Calculation of Predistortion Coefficients
The calculation of predistortion coefficients is based on measured AM/AM
and AM/PM characteristics for the given amplifier (figure 3.3). These quasimemoryless amplitude and phase characteristics are then used to compute the
appropriate predistortion coefficients for the desired amplifier input power
level.
Assume that the input signal to the amplifier is narrowband and described by
equation (3.10). As shown in figure (5.5), the input complex envelope of the
amplifier is the output complex envelope of predistorter, VPD (t ) , and the output
and input complex envelopes of quasi-memoryless amplifiers can be written as
Vout (t ) = VPD (t ) ⋅ GPA [ VPD (t )

]

(5.1)

and
VPD (t ) = Vin (t ) ⋅ GPD [ Vin (t )
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]

(5.2)

where Vin (t ) is the baseband input complex envelope. GPA [ VPD (t ) ] is the
complex gain of the power amplifier which can be obtained from measured
AM/AM and AM/PM characteristics, and GPD [ Vin (t ) ] is the complex gain of
the predistorter. Substituting equation (5.2) in (5.1), the complex output
envelope of quasi-memoryless amplifiers can be rewritten as [25]

{

Vout (t ) = Vin (t ) ⋅ GPD [ Vin (t ) ]⋅ GPA Vin (t ) ⋅ GPD [ Vin (t )

] }.

(5.3)

In equation (5.3) the complex gain of the power amplifier and predistorter are
function of baseband input signal magnitude Vin (t ) . However, using square
magnitude address function ( • in figure 5.5) of the LUT will provide a better
2

linearization performance, because it assigns a higher proportional number of
LUT coefficients (entries) to higher power levels where amplifiers exhibit their
nonlinear behavior [26], [29]. Therefore, the output and input complex
envelops of quasi-memoryless amplifiers in equations (5.1) and (5.2) can be
rewritten as a function of squared magnitude of the baseband input envelope
xin (t ) = Vin (t ) , respectively as
2

Vout (t ) = VPD (t ) ⋅ GPA [xin (t )]

(5.4)

VPD (t ) = Vin (t ) ⋅ GPD [xin (t )].

(5.5)

and

Combining (5.4) and (5.5), the complex gain of the predistorter can be obtained
from the output complex envelopes of quasi-memoryless amplifier as follows:

{

}

Vout (t ) = Vin (t ) ⋅ GPD [xin (t )] ⋅ GPA xin (t ) ⋅ GPD [ xin (t )] .
2
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(5.6)

In order to properly correct the AM/AM and AM/PM conversion the
following condition must be satisfied [26]

{

Vin (t ) ⋅ GLin = Vin (t ) ⋅ GPD [xin (t )] ⋅ GPA xin (t ) ⋅ GPD [ xin (t )]

2

}

(5.7a)

so that

{

GLin = GPD [xin (t )] ⋅ GPA xin (t ) ⋅ GPD [ xin (t )]

2

}

(5.7b)

where GLin is the constant linear complex gain of the amplifier.
The early versions of predistorters were called mapping predistorters. In these
predistorters two LUTs are required, each of them is two-dimentional (real and
imaginary) which result in very large number of LUT coefficients (entries) for a
complete amplifier characterization [37]. Later on it was observed that, the
phase of input signal does not have any effect on nonlinear behavior of the
amplifier. The complex gain predistorter which is addressed by squaring the
input magnitude, xin (t ) , has been extensively used (equation 5.7b) and can be
represented by one-dimensional complex LUT with very small number of
coefficients [25], [26] resulting in a high speed of convergence in the adaptation
algorithm. The developed complex gain predistorter presented in section
(5.4.1.4), has a LUT with 128 to 512 entries which is satisfactory to provide
good linearization results.
The LUT coefficients can be adaptively calculated using optimization
algorithms such as Secant method, Newton’s method, least-square-method
(LSM), polar and linear method [36] for error minimization between linear gain
( GLin ) and actual gain of the amplifier. The Secant method presented in the next
section is the most commonly used algorithms for adaptation of the digital
predistortion due to its implementation simplicity with DSP, fast and efficient
error reduction [25], [36], [37].
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5.4.1.2 Adaptation of the Predistortion Coefficients
The nonlinearity of the power amplifiers tend to drift with time, due to
temperature changes, components tolerances and drift, voltage variations,
aging, etc [25], [30]. Therefore, all linearization techniques should incorporate
some form of adaptation to compensate the variations in the nonlinearity of the
amplifiers with time.
The used adaptation approaches are applicable for narrowband applications in
which the nonlinear characteristics variations are minor. However, in the case
of wideband applications, the nonlinear distortion variations are so large, such
as the variations due to memory effects, that the adaptation cannot be achieved
in real time [22], [74]. The adaptation algorithms used is achieved by comparing
a portion of amplifier actual output complex envelope V fb (t ) with the amplifier
input signal envelope Vin (t ) . If we define the amount of coupling at the output
of amplifier with C, then the error between these two signals, V fb , Err (t ) , can be
obtained as
V fb (t ) = C ⋅ GLin ⋅ Vin (t ) + V fb , Err (t )

(5.8a)

V fb , Err (t ) = V fb (t ) − C ⋅ GLin ⋅ Vin (t ).

(5.8b)

so that

The adaptation algorithm tries to keep this error signal V fb , Err (t ) always close to
zero in the linearization region. Since the distortion increases drastically in the
region near to saturation point, it is difficult to linearize the amplifier close to
this point. Therefore, in practice the region of linearization is slight below
saturated point which means the maximum output power can be around 95-98
% of saturated output power Psat,out (figure 2.6) which is equal to 0.22-0.09 dB
output back-off [27].
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In the adaptation algorithm, only the LUT coefficients, addressed by the
squared magnitude of the input signal are modified at each iteration which
results in a effective adaptation speed. For any iteration, GPD [xin (t )] in equation
(5.7b) can be found by the successive substitutions method [27] as
GPD [xin (t ), j + 1] =

GLin

{

GPA xin (t ) ⋅ GPA [ xin (t ), j ]

2

}

(5.9)

where j ( j = 1, 2, L) denotes the iteration index.
Consequently, we can identify VPD (t ) with V fb (t ) and Vout (t ) . Substitution of
(5.4) and (5.5) into (5.9) yields
GPD [xin (t ), j + 1] = GPD [xin (t ), j ] ⋅

GLin ⋅ Vin ( j )
Vout ( j )

= GPD [xin (t ), j ] ⋅ Vout , Err ( j ).

(5.10)

In equation (5.10) the error between the amplifiers actual output complex
envelope, V out (t ) , with the desired (ideal) GLin ⋅ Vin (t ) amplifier output complex
envelope can be obtained as
Vout (t ) = GLin ⋅ Vin (t ) + Vout , Err (t )

(5.11a)

Vout , Err (t ) = Vout (t ) − GLin ⋅ Vin (t ).

(5.11b)

so that

To keep the error value Vout , Err ( j ) sufficiently small, the Secant method
algorithm for minimization can be used
GPD [xin (t ), j + 1] = GPD [xin (t ), j ] ⋅ Vout , Err {GPD [xin (t ), j ] }⋅ X
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(5.12)

where
X=

GPD [xin (t ), j ] − GPD [xin (t ), j − 1]

Vout , Err {GPD [xin (t ), j ]} − Vout , Err {GPD [xin (t ), j − 1]}

.

(5.13)

In this equation, GPD [xin (t ), j ] , GPD [xin (t ), j + 1] are the complex old ( j ) and new
( j + 1 ) predistorter coefficients before and after adaptation.
5.4.1.3 Convergence Time in the Adaptation Algorithms
Most common implementations of the adaptive digital predistortion have been
implemented using DSP hardware such as TMS320Cxx manufactured by Texas
Instruments with a word length of 16 or 32 bits which provides sufficient
accuracy for most narrowband applications [23]-[29]. This is because it is
possible to realize the predistortion function using LUT. Today with the
availability of high-speed new generation DSP hardware such as TMS320C67xx
and TMS320C6000, the digital predistortion linearization technique is the
favored approach for broadband applications.
The convergence time required to update LUT coefficients is the most
important factor to realize the real time processing. It depends on different
factors such as number of LUT coefficients ( N t entries), envelope signal
bandwidth and maximum considered IMD order. After [25] the time
convergence can be calculated as

Tc =

10 ⋅ N t
,
K ⋅ BW

Nt = 2 b

(5.14)

where b is the number of bits in the word length and N t is the number of
LUT coefficients.
For example, let us consider a signal having channel bandwidth of 200 kHz and
it is required to linearize the output signal of the amplifier up to 7th order IMD
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using digital predistorter with b =12. By using equation (5.14), the time
convergence, Tc , is found to be equal to 9 msecs, which is supposed to be
close to real-time processing. It is difficult to decide the real-time interval
theoretically because this interval is dependent on the applications and how
frequently the nonlinear characteristics change. Therefore, it can be only
experimentally found.
The signal bandwidth is proportional to the adjacent channel interface and can
be calculated as [25]
BW = ACI ⋅ f s ⋅ SNRdB

(5.15)

where f s is the sampling frequency and SNRdB the signal to noise ratio and
ACI is the adjacent channel interference of the signal.

From equations (5.14) and (5.15), the signal to noise ratio is proportional to the
table size ( N t ). It can be seen that the table size has inverse relationship with
ACI . However, J. K. Cavers [25] has found that each doubling of the table size

decreases the ACI by 6 dB up to N t =256, after that an additional increasing in
LUT entries will not reduce the ACI any more [126].
Moreover, in order to linearize the K th order IMD product, the bandwidth of
the predistorter should be K times of the original input signal bandwidth. As
an example, in a UMTS base station for single carrier operation of 5 MHz and
in the case of third order IMD, the predistorter should be operated with 15
MHz bandwidth. Similarly, for 4 carriers operation, 60 MHz predistorter
bandwidth is required. This requirement for linearizer bandwidth additional to
the memory effect problems, are the main challenge not only for digital
predistorter but also for any linearization method used in multi-carrier and
wideband applications.
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5.4.1.4 Linearization Results of Adaptive Digital Predistortion
Adaptive digital predistorter algorithm has been applied to a linearized four
Watt LDMOS power amplifier of type MHW19338 manufactured by Motorola
company. Linearization has been carried out for measured AM/AM and
AM/PM characteristics at 2 GHz carrier frequency which is obtained from
Motorola [140] (figure 5.6).
The measured amplitude and phase characteristics are used to compute the
appropriate predistortion coefficients for the desired PA input power level
(figure 5.6). These coefficients are then multiplied with the original input signal
to generate the desired predistorted baseband signal. The predistorted signal
passes through developed quasi-memoryless polynomial PA model for
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Figure 5. 6: Measured AM/AM and AM/PM characteristics of Motorola LDMOS PA
[140].

Figure (5.7) shows the simulation model used for adaptive digital predistortion
system analysis. The digital predistortion linearization procedure can be divided
into three steps:
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• Calculation of the look-up table (LUT) coefficients from the measured
AM/AM and AM/PM characteristics.
• Addressing and multiplication of predistorter parameters with the input
signal.
• Update and adapt the predistortion parameters continuously.
Usually, predistortion coefficients are first calculated using programming
software such as MATLAB, C/C++ or any other equivalent programming
software, before being applied to the LUT in the system simulation software
such as ADS®. Hence the predistortion coefficients in LUT cannot be updated
instantaneously when the PA nonlinear characteristics vary. In the new
developed digital predistorter, in order to update the predistortion coefficients
in the LUT instantaneously, ADS® and MATLAB software have been
simultaneously used [17].
Vin (t )

V PD (t )

address function
Abs

LUT
xin (t )

GPD [xin (t )]

Sqr
MATLAB

V fb , Err (t )

Delay

Delay
MATLAB

adaptation

V fb (t )

Figure 5. 7: Simulated adaptive digital predistorter linearization using ADS® and
MATLAB® simultaneously.
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The realization of the linearizer was carried out in the ADS® simulator
incorporating MATLAB components and functions (figure 5.7). An interface
between ADS® and MATLAB was established to calculate and adapt the
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predistorter coefficients simultaneously.
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Figure 5. 8: Measured and linearized (a) AM/AM and (b) AM/PM characteristics of
Motorola LDMOS PA [17].
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Figure (5.8) shows the AM/AM and AM/PM characteristics with linearization
results for a 4W LDMOS Motorola amplifier using adaptive digital predistorter
method in which the number of LUT coefficients, N t , was equal to 512
coefficients. The linearization result shows that, the developed adaptive
predistorter can achieve an excellent result for linearization of AM/AM and
AM/PM characteristics in which the envelope frequency of the signal is
constant (single-tone unmodulated signal).
For verification of the developed digital predistorter, different modulation
schemes with different bandwidths (up to 5 MHz) have been used. During the
verification process, the calculated predistorter coefficients, based on the
AM/AM and AM/PM measured characteristics, are unchanged.
As an example, QPSK modulated signal with channel bandwidth equal to 1.5
MHz was applied as an input signal to the linearized power amplifier and the
linearization results are show in figure (5.9). In this result, more than 30 dB
suppression of ACP was obtained for bandwidth up to 1.5 MHz and around 20
dB suppression for 3 MHz bandwidth. The linearization results for different
modulation schemes are summarized in table (5.1).
Table 5. 1: Simulated results of the adaptive digital predistortion linearization for different
modulation schemes.

peak input power
PAR
suppression_3rd
suppression_5th

two-tone

QPSK

16-QAM

CDMA

7 dBm
3 dB
33 dBc
20 dBc

7.9 dBm
3.7 dB
26 dBc
16 dBc

7.4 dBm
5 dB
25 dBc
17 dBc

7.6 dBm
5.2 dB
26 dBc
8 dBc

In the case of broadband input signal, > 5 MHz for this amplifier model, the
developed quasi-memoryless predistorter cannot gives satisfactory linearization
results. This is because, the measured AM/AM and AM/PM characteristics do
not have full information about nonlinearity in the amplifier especially envelope
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frequency dependent nonlinearity (figure 3.11). As shown in this figure, the
AM/AM and AM/PM characteristics are different for different envelope
frequency, which means, the predistorter coefficients should also be envelope
frequency dependent. Hence for each envelope frequency, the predistorter
coefficients should be calculated based on the corresponding measured data.
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Figure 5. 9: Distorted and linearized output power spectra (a), and constellation diagram
(b) for QPSK digital modulation [17].
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5.4.2 RF Analog Predistorter
Analog predistorter is realized using nonlinear analog device which is located in
front of a nonlinear amplifier in order to generate nonlinear distortion products
in anti-phase with the amplifier.

S in (t )

S out (t )

S PD (t )

PA

PD

F
x(t )

| |2

feedback
branch

FI , FQ

Figure 5. 10: Analog RF predistortion method using polynomial function (after [32]).

As shown in figure (5.10), the predistorter uses a complex adjuster (PD in
figure 5.10) to multiply the input signal with the predistorter functions. The
predistorter functions, FI (t ) and FQ (t ) , are the inverse of real and imaginary
nonlinearities of the amplifier obtained from the amplifier AM/AM and
AM/PM characteristics. These two functions are dependent on the squared
magnitude of the input signal, x(t ) = Sin (t ) and can be presented as polynomial
2

function [31], [32] as follows
K

FI (t ) = ∑ α 2 k −1 ⋅ x(t ) k −1

(5.16a)

k =1

K

FQ (t ) = ∑ β 2 k −1 ⋅ x (t ) k −1
k =1
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(5.16b)

where α and β are the polynomial coefficients for fitting real and imaginary
distortion data and K is considered as highest polynomial order ( k =1, 2, …
K ).

The polynomial coefficients ( α and β ) of the predistortion functions are
obtained through minimum mean-square-error method for minimum nonlinear
distortion at the output spectrum of the amplifier only odd-orders contribute to
in-band intermodulation distortion. The predistorted signal S PD (t ) is the
multiplication product of the input signal, S in (t ) , with these predistorter
functions as follows
⎛ K
S PD (t ) = Sin (t ) ⋅ ⎜ ∑ α 2 k −1 ⋅ Sin (t )
⎝ k =1

2 ( k −1)

K

+ ∑ β 2 k −1 ⋅ Sin (t )
k =1

2 ( k −1)

⎞
⎟
⎠

K
⎛ K
⎞
= Sin (t ) ⋅ ⎜ ∑ α 2 k −1 ⋅ x (t ) k −1 + ∑ β 2 k −1 ⋅ x(t ) k −1 ⎟
k =1
⎝ k =1
⎠

(5.17)

= Sin (t ) ⋅ (FI (t ) + jFQ (t ) )
= Sin (t ) ⋅ F (t ).

This equation shows that the predistorted signal S PD (t ) is an odd-order
polynomial function of the input signal S in (t ) .
This predistorter function, F (t ) , can be represented by complex polynomial
function as
S PD (t ) = Sin (t ) ⋅ F (t )
K

= Sin (t ) ⋅ ∑ γ 2 k −1 ⋅ x (t ) k −1

(5.18)

k =1

⎛ K
= Sin (t ) ⋅ ⎜ ∑ γ 2 k −1 ⋅ Sin (t )
⎝ k =1
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2 ( k −1)

⎞
⎟.
⎠

Also like in the adaptive digital predistorter, the predistortion function in this
linearizer must adapt to the variations of the amplifier nonlinear characteristics.
In general, a sample of the amplifier output signal is used by the DSP to
optimize the parameters of the predistortion function so that distortion at the
output of the amplifier is reduced to minimum [32]. In RF analog predistorter
technique, we do not consider an adaptation algorithm for predistortion
function optimization.
In narrowband applications such predistorter work well but this is not the case
in wideband applications [74].
5.4.2.1 Linearization Results of RF Analog Predistortion
RF analog predistorter has been applied to linearize ADS® designed amplifier.
The AM/AM and AM/PM simulation results of this amplifier were presented
in figure (3.3) for single-tone input signal at 850 MHz. Under two-tone
condition, the output spectrum is presented in figure (5.11a).
An RF analog predistorter linearization model has been developed using ADS®
simulation software. The coefficients of the predistortion function were
optimized for minimum 3rd, 5th and 7th IMD at the amplifier output spectrum.
Note that, the used predistorter function, (5.16a) and (5.16b), depends only on
the instantaneous magnitude of the input signal (figure 5.10) and does not
depend on the previous input signal. This means, there is no memory
information included in the predistortion functions.
A comparison of a two-tone output spectrum of a PA with and without 7th
order predistorter is shown in figure (5.11). It can be seen clearly, in the case of
7th order predistorter, that the IMD is highly suppressed (about 40 dB
improvement in IMD). Note that the linearization results are for two-tone
input signal with small frequency spacing ( ∆f = 2 MHz) in order to avoid
memory effects.
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However, for large frequency spacing, for example ∆f = 12 MHz for this
amplifier, the developed 7th order predistorter cannot suppress IMD
components adequately (figure 5.12b). This is due to the existence of memory
effects in the linearized circuit design amplifier model [22], [74].
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Figure 5. 11: Two-tone output spectrum ( ∆f = 2 MHz ) of a PA driven near its 1 dB
compression point (a) without a predistorter, (b) with 7th order polynomial predistorter.
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From the results presented in figure (5.12b), it can be clearly seen that the
developed quasi-memoryless RF predistorter cannot satisfactorily suppress all
IMD components simultaneously due to the existence of asymmetry in the
output spectrum of the amplifier (figure 5.12a). Therefore, new linearization
methods including memory effects compensation will be discussed in the next
section.
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Figure 5. 12: Two-tone output spectrum ( ∆f = 12 MHz ) of a PA driven near its 1 dB
compression point (a) without a predistorter, (b) with 7th order polynomial predistorter.
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5.5 PA Linearization with Compensation of Memory
Effects
As already mentioned before, quasi-memoryless linearization methods for PA
linearization cannot give satisfactory results when power amplifiers exhibit
memory effects. Memory effects in amplifier have been discussed in chapter 3,
section 3.5.

While the primary objective of this section, is to investigate

possible linearization methods for an amplifier with memory.
In this section two RF memory polynomial predistortion methods for PA
linearization will be discussed. These are memory polynomial predistorter
(MPPD) with unity delay tap and MPPD with non-uniform delay taps. The
main focus will be the comparison of the predistorter functions in these two
variants. In general all predistorter functions should have an exact inverse
nonlinear characteristics of the PA.

5.5.1 Memory Polynomial Predistorter
The memory polynomial predistorter (MPPD) with unity delay tap shown in
figure (5.13) is an extension of the conventional quasi-memoryless RF
predistorter method discussed in the section (5.4.2). In this new method the inphase and quadrature predistorter function described by equations (5.16a) and
(5.16a) will be dependent on both instantaneous and previous input signal. The
in-phase and quadrature components of the predistorter function can now be
rewritten as
K

FI , m (t ) = ∑ α 2 k −1, m ⋅ x (t − τ m ) k −1

(5.19a)

k =1

K

FQ , m (t ) = ∑ β 2 k −1, m ⋅ x (t − τ m ) k −1
k =1
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(5.19b)

where m is the memory order (m = 0,…, M), M is related to the memory length
of the PA and τ m is integer multiple of unit delay interval, τ , as
τ m = m ⋅τ

(5.20)

where the time interval of unit delay, τ , is calculated based on the envelope
frequency of the input signal and maximum order of IMD.
The predistorted signal S PD (t ) in figure (5.13) is now
M

S PD (t ) = S in (t ) ⋅ ∑ Fm
m =0

(5.21)
= S in (t ) ⋅ ∑ (FI m + jFQ m )
M

m =0

where τ M = M ⋅ τ is the maximum memory length in the memory polynomial
functions.

S in (t )

PD

| |2

S PD (t )

PA

S out (t )

F0

τ1

F1
feedback
branch

τM

FM

Figure 5. 13: Block diagram of memory polynomial PD method [74].

The new memory polynomial predistorter (MPPD) with non-uniform delay
taps is an improvement on the MPPD with unit delay tap described above. The
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main difference between these two methods is the choice of the delay taps ( τ m )
for predistorter in equation (5.20).
Similar to the power amplifier model with non-uniform delay taps, in this
predistorter method, the non-uniform spacing indices can be obtained from
simple sinusoidal function [74] as explained before in chapter 4.
Consequently, from equations (5.20) and (4.43), the non-uniform time delay
taps can be calculates as follows:
τ m = pm ⋅ τ

(5.22)

where pm is the non-uniform spacing index and is listed in table (4.2). The
linearization using these values in the memory polynomial predistorter gives
very good results for IMD suppression of PA with memory effects.

5.5.2 Linearization Results of Polynomial Predistorter
Figure (5.14) shows an example of the linearization results for the three
polynomial predistorter variants described in this thesis. All predistorters with
memory have a polynomial order of seven (K = 7) and a memory order of five
(M = 5). The time interval of unit delay tap, τ , is obtained based on the
maximum frequency spacing between two tones, ∆f = 12 MHz , and polynomial
order, K, in this case it was calculated as τ = 1 /( f env. × K × 1.28) = 0.186 ns.
In figure (5.14a), the result from the conventional memoryless predistorter has
failed to suppress IMD, whereas the memory polynomial predistorter with
unity delay tap (figure 5.14b) has improved IMD suppression by over 30 dBm.
Although, the best result was obtained using memory polynomial predistorter
with non-uniform delay taps (figure 5.14c) and IMD suppression has been
improved by more than 50 dBm, which is a substantial improvement [74].
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Figure 5. 14: Linearized output spectrum of the PA with quasi-memoryless predistorter
(a), MPPD with unity delay tap (b), and MPPD with non-uniform delay taps (c) [74].
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From the results presented in figure (5.14b), it can be seen that the memory
polynomial predistorter with unity delay tap cannot satisfactorily suppress IMD
components simultaneously due to the existence of the memory effects in the
power amplifier. However, linearization method using memory polynomial
predistorter with non-uniform delay tap can very well suppress an asymmetry in
the IMD components [74]. From these results it is clear that, the PA
linearization and memory effects compensation with very good IMD
suppression can be achieved using sine function for non-uniform delay taps.
To improve the memory polynomial in the predistortion techniques and also
the power amplifier modeling, it is important to understand the relationship
between the number of time delay taps needed, Q, and the amount of memory
in the device. Moreover, the nonlinear function for non-uniform delay taps
should be analyzed well for different broadband modulated signals.
Furthermore, different linearization approaches, which can compensate the
dynamic behavior in the PA, such as memory, should be analyzed and
developed in greater depth. This is because linearization of the PA using
analytical functions, such as polynomial, can have some limitations like [143],
difficulty to build a function which can follow dynamic form, the complexity of
the system can increase rapidly with the length of the memory and the order of
nonlinearity.
Therefore, new linearization approach should be developed which can
overcome the above stated limitations. As an example, the time delay neural
network (TDNN) can be used for linearization as well as modelling of the
amplifier, [143], [144]. Since it has a lot of advantages like, capability to learn
very complex nonlinear behavior, there is no need to understand the internal
mechanisms of the system, fast, accurate, and reliable model development [75],
[129], [143], [144].
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Chapter 6
MEASUREMENT OF NONLINEARITY
AND MEMORY EFFECTS

6.1 Introduction
As discussed before, for wideband and higher power applications, the new
dynamic behaviour of nonlinear system, like memory effects can no longer be
ignored. The first step to overcome this problem is to characterize the
nonlinear system dynamically. Therefore, a more complex dynamic
characterization approach is needed in order to analyse and extract more
information about nonlinearity in the broadband and high power nonlinear
system. This characterization approach should be applied in two levels namely:
active device level (transistor) and system level (amplifier).
1. Active device level characterization: This characterization is required to
optimise the technology processing of the active device in order to
eliminate or reduce the memory effects. One possible way to reduce the
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memory effects on the device level is the modelling of the active device so
that it includes these nonlinear effects. After that, the parameters of the
model equivalent circuit are optimised so that the developed model shows
minimum memory effects. As a result, the optimised values of the model
parameter should be taken into account by processing the active device.
This research topic should be intensively investigated in order to have an
active device with reduced memory effects.
2. System level characterization: This level characterization is required to
develop a new design strategy for quasi-memoryless broadband power
amplifier design for which simple quasi-memoryless linearization
techniques can be applied. In order to design quasi-memoryless power
amplifier, different design strategies for bias networks and matching
networks should be taken into account in amplifier design.
In this chapter, the main focus will be on the newly developed dynamic
measurement setup for memory effect analysis of active power device as well as
power amplifier [95], [144].

6.2 Measurement of Memory Effects
Thermal, electrical and trapping effects in the active power devices are great
challenges in current wireless communication systems especially in wideband
applications with modern digital modulation. All these effects are memory
specific phenomena, which means that, the output signal of the active device is
not only a function of the instantaneous input signal values but also a function
of previous input values. In the last few years, these effects were intensively
analysed in literature and were called memory effects [111]-[123]. As has be
discussed, memory effects depend on signal envelope frequency ranging from
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10 kHz to several MHz and can be presented as a small power variation, up to
1 dB, in the output signal at fundamental frequency [87].
In order to measure and analyse the memory effects in the active device as well
as power amplifier, the measurement setup [6], [56], [93], [95], [97], [144] should
have the following measurement capabilities:
• Envelope- and RF- frequency measurement to measure the signal in
both frequency bands for different modelling approaches.
• Vector measurement in order to measure both amplitude and phase of
the signal.
• High dynamic range to measure higher orders IMD.
• Large dynamic bandwidth to measure broadband signals at
fundamental and at IMDs.
• High power and frequency measurement accuracy to measure small
power variations (< 0.5 dB).
W. Bösch und G. Gatti [56] have suggested a measurement setup technique to
measure memory effects of power amplifiers. In this measurement setup, two
signal generators were used to generate a two-tone signal, which are
synchronized by an external reference oscillator. The two-tone input signal is
swept for different power level and frequency spacing. The complex input and
output signals of the PA are measured using two separate network analyzers,
which off course will increase the cost. Furthermore, it is difficult to generate
and synchronize a broadband two-tone input signal especially the phase
synchronization.
Further suggestion for suitable memory effect analysis in the power amplifier,
was presented by Y. Yang et al. [97]. Particularly, in this measurement setup, the
output signal of the amplifier is demodulated to an IF frequency and the
relative phase between this signal and reference signal is measured. The
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reference signal is obtained from external GaAs MESFET amplifier, which is
used as a nonlinearity reference. In order to overcome memory effects in the
nonlinear reference component, it should be operated at low power and low
frequency. This measurement setup requires many measurement instruments
and long measurement time due to the time consumption by the manually
amplitude and phase shifters sweeps.
J. Vuolevi et al. [6] have proposed another measurement setup to measure
memory effects in the IMDs. The key idea in this setup is, that the signal at the
3rd order IMD is applied together with a two-tone input signal in order to
cancel the 3rd order IMD in the output spectrum of the amplifier. Furthermore,
memory effects can be measured by sweeping the input power and envelope
frequency of the two-tone. However, this measurement setup has many
disadvantages such as: It does not measure IMD components at the output
spectrum. It requires more than two signal generators and two spectrum
analysers. For example, four signal generators are required in order to measure
the memory effects at lower and upper 3rd order IMD.
S. C. Cripps [93] has presented another method for measuring memory effects
in the envelope time domain. This setup is almost similar to the previously
discussed setups. In this measurement technique, the PA input and output
signals, after coupling, are applied to the digital scope through amplitude and
phase detector, which is used to measure the complex data. All measurement
setups discussed above cannot measure the output signal at IMD frequency
components.
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6.3 Description and Concept of Developed
Measurement Setup
The newly developed measurement setup for characterization of memory effect
can be used for measuring and analysing power amplifiers as well as active
power devices in a 50-ohm environment with maximum output power of 50 W
(CW). This measurement setup has high dynamic range of 70 dB. The RF
frequency bandwidth ranges from 36 MHz to 2.7 GHz and the envelope
frequency bandwidth is in the range from DC to 36 MHz. In the following
section, the newly developed measurement setup is described in more detail
[95], [144].

6.3.1 System Description
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DUT

pre-amplifier
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10 dB
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20 dB

vector signal
analyzer
trigger

PC
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Figure 6. 1: Schematic of the dynamic measurement setup for the analysis of memory
effects [95], [144].
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The measurement setup is shown in figure (6.1). The RF input signal from a
multi-tone signal generator is first pre-amplified, using linear power amplifier,
and then passed through an isolator, band pass filter and coupler to the input of
the device under test (DUT). The isolator and band pass filter are necessary to
isolate the DUT from the signal generator to avoid mismatching between the
DUT and the pre-amplifier. The RF input and output signals of the DUT after
coupling and attenuation are measured using the RF vector signal analyser
(VSA). The VSA measures the complex input and output spectrum
components of the DUT through a 50-ohm switch. In order to synchronize the
signal generator and VSA, 10 MHz reference output of the signal generator is
connected to the external reference input of the VSA. Moreover, for phase
measurement stability, the source trigger output of the signal generator is
connected to the external trigger input of the VSA.
The heart of the measurement setup is the RF VSA 89640A which consists of
four modules namely: E8491B controller, 89605B RF input, E2730B RF tuner
and E1439C analog to digital converter (ADC).
The controller module provides the link between the IEEE 1394 port on the
PC and the VSA and the RF input module which routes the analyzer input
signal to the RF tuner module or the ADC module. This module can be
configured to measure signals into two frequency ranges: from DC to 36 MHz
or from 36 to 2700 MHz.
When the RF input signal is located in the second frequency range (from 36 to
2700 MHz), the tuner module is used to down convert and routes it into the
ADC module. The most important module in this instrument is the ADC
module, which samples the analog input signal with sampling frequency of 95
MHz and converts it into a digitized waveform [142].
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6.3.2 Advantages and Capabilities of the Measurement Setup
The VSA used in the developed measurement setup employs digital signal
processor to provide additional measurement capabilities and allows to present
the measured data in different form compared to the other comparable
measurement instruments.
As an example, using a spectrum analyzer, the measurement results are
displayed not in real-time. This is because the spectrum analyzer employs a
mixing and filtering process to produce a spectrum on the display. Therefore,
the spectrum analyzer can show the amplitude of individual frequency
components and does not provide any phase information. Hence they cannot
evaluate and display an entire frequency spectrum simultaneously. In this case,
they are no real-time analyzers [142].
In contrast, the microwave transition analyzer (MTA) is a real-time analyzer. It
uses fast fourier transformation (FFT) to transform data from the time domain
to the frequency domain, so that all frequency components of the signal can be
displayed simultaneously. Such analyzer uses digital signal processing to sample
the real-time input signal and converts it to the frequency domain through FFT.
Hence it can measure both magnitude and phase, and can also present the
measurement results in time domain as well as in frequency domain.
In order to evaluate and measure the input signal more accurately, the FFT
analyzer samples should be fast enough ( f s ≥ 2 f signal after sampling theorem).
In the past, the limiting factor of FFT analyzers was the ADC sampling
frequency which is used to sample the input signal of the analyzer [142]. In
addition, digital signal processing (DSP) with FFT analyzers provided high
resolution spectrum and network analysis, but were limited to low signal
envelope frequencies due to the limits of ADC and signal processing
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technologies. Thus, for example, the MTA HP-70820A and HP-71500A have a
sampling frequency of 10 MHz.
Today’s wideband applications with modern non-constant digital modulation
format benefit greatly from the capabilities of FFT analysis and other DSP
techniques. The RF VSA 89640A, which has been used in the developed
measurement setup, combines technology with high speed ADC (95 MHz) and
new DSP technologies to offer fast high-resolution spectrum measurements,
demodulation, and advanced time-domain analysis [142].
A comparison between the discussed real-time analyzers, VSA 89640A and
MTA HP-71500A, available in our HFT department, are summarized in table
(6.1).
Table 6. 1: Relevant system properties of two real-time analyzers.

MTA HP-71500A

VSA 89640A

envelope bandwidth

10 MHz

36 MHz

sampling frequency

20 MHz

95 MHz

harmonic distortion ( ≥ 10
MHz)

-45 dBc

-55 dBc

not specified

-70 dBc

<-55 dBm
@ 2GHz

<-156 dBm/Hz
@ 1.2-2.4 GHz

3rd order IMD3
noise floor (without average)
/sensitivity

The VSA instrument consists of the measurement hardware and VSA software
that runs on a PC. The VSA software provides a windows-based graphical user
interface (GUI) for performing vector-signal analysis on data from VSA
hardware. It provides two applications, that of a spectrum analyser and a vector
signal analyser [142].
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1.

Spectrum analyser application: It is used to identify signals in a wide
bandwidth and to evaluate small signals very close to the noise floor. For
example, in evaluating an amplifier one can use this measurement setup
to identify spurs, harmonic, and intermodulation distortion products and
evaluate them with very narrow resolution bandwidths.

2.

Vector signal analyser application: It is used to quantify, analyse and
measure important signals with magnitude, phase and time data
capabilities and change between the frequency domain and time domain
representation. For vector measurements, the analyser uses the FFT to
convert the input signal from the time domain to the frequency domain.

Furthermore, this measurement setup analyses and presents the signal not only
in frequency domain but also in time- and modulation-domain (constellation
diagrams, eye diagrams, and signal trajectory). Hence, different characterization
approaches can be analyzed using traditional single-tone, multi-tone signal, or
digital modulated signal.

bias point
sweep

envelope
frequency
sweep

measurement
setup

number of
tons
(N)
tones

input power
sweep

Figure 6. 2: Measurement capabilities of the developed measurement setup.
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The measurement setup (figure 6.2) provides the following measurements
capabilities.
• Harmonics and IMDs.
• Single-tone AM/AM and AM/PM.
• Dynamic (envelope frequency dependent) measurements of AM/AM
and AM/PM characteristics as well as IMD (using multi-tone or
amplitude modulated input signal).
• Influence of the operating points of the output signal at fundamental
and IMD frequency components.

power

6.3.3 Controlling Software
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Figure 6. 3: Functionality of the developed control software.
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PC

The function of the developed control software is to provide complex
measurements

automatically.

For

accurate

measurements

of

device

nonlinearities and memory effects, the DUT measurements should be done for
different power levels and at both RF- and envelope-frequencies bands which
means the number of measured sweeping points are increasing and this could
consume a significant amount of time.
For full automatic control of the measurements setup and acquisition of the
measured data, new programs have been developed using Agilent VEE-pro
software (figure 6.3). Here are some details about the developed software:
• Signal generator is connected to the PC through a GPIB bus and has
been

automatically

controlled

using

SCPI-commands

(standard

commands for programming instructions). These commands have been
used for remote control of the signal generator for setting the signal type
(single-tone or/and two-tone), power level, carrier-frequency, and
envelope-frequency sweeps.
• Vector signal analyser hardware is connected to the PC through an
IEEE 1394 bus for maximum data transfer speed. The VSA software
has been controlled using component object model for application
programming interface (COM API) programming. The developed
programs for VSA software automatically controls the measurements
and saves the input and output signals of the DUT as complex values
which are:
- Single-tone: Static AM/AM and AM/PM characteristics as function
of the input power and carrier frequency sweep.
- Two-tone: Dynamic AM/AM and AM/PM characteristics at
fundamental frequencies f1 and f2 as function of the input power
and input signal envelop frequency sweep.
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- Two-tone: Third-order IMD lower and upper as function of the
input power and input signal envelop frequency sweep.
• Switch driver controls the coaxial switch which is used for automatic
selection of the input or output signal of the DUT. This switch driver is
connected to the PC through a GPIB bus and is automatically
controlled.
• MATLAB® software has been used to save the measured data
acquisition, processing and display.

6.3.4 System Calibration
The system calibration in this measurement setup is used to calculate the error
parameters of the input- and output-networks of the measurement setup. The
tracking error calibration software using thru calibration standard was developed
for the input- and output-network error correction.
Usually, at high power and broadband input signal, all components in the
measurement setup can influence the input and output measurement data. But
the most important components, which can strongly affect the measurement
data of the DUT, are the bias tees and the pre-amplifier (figure 6.1). In order to
overcome the influence of these components, the tracking error calibration was
developed which are not only RF frequency dependent but also envelope
frequency dependent. This is performed by two-tone input signal excitation in
which the frequency spacing between the two tones is swept. The vector-error
correction can account for all major sources of systematic error and the
memory effects error in these components and this is the future work of the
calibration process.
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6.3.5 Phase Measurement Inaccuracy
In order to measure relative phase between the input and output signal,
AM/PM conversion, the measurement instrument should have two channels
for measuring the input and output phases simultaneously and calculate the
difference between both. However, a single channel VSA is used in the
developed measurement setup making it impractical to measure the input and
output phases simultaneously. Therefore, absolute phases of the input and
output signals are measured in a sequence and the relative phase between them
are calculated.
In analyzing the relative phase measurement, it was observed that by repeating
the phase measurement of the input or output signal, there is phase uncertainty
of 4 to 5 degrees. This is a relatively large for error calibration or/and
measurement of the AM/PM characteristic. Using different trigger types and
averaging have improved the uncertainty in the measured phase improved by 12 degrees. However, there is still about 3 degrees phase uncertainty. Such
results are acceptable for the memory effect analysis in the active power device
and power amplifier. On the other hand, for power amplifier modelling
including memory effect, the phase measurement uncertainty should be about 1
degree. Therefore, a second channel is required in the VSA for better relative
phase measurement accuracy.
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6.4 Measured Results of Memory Effects in GaN Power
Device
The measured results of memory effect were carried out for 8x125 µm gate
width (1 mm) GaN HEMT power device: 3S0316R04, GaN-wafer N707-4
obtained from Ferdinand-Braun-Institut für Höchstfrequenztechnik (FBH),
Berlin.
Results show the functionality of the measurement setup in a 50-ohm
environment and they were done for class-A and class-AB operation. Operating
points were VDS = 24 V, IDS = 1/3 IDSS and VDS = 24 V, IDS = 1/9 IDSS.
Two-tone stimulus input signal with center frequency of 2.15 GHz was used.
The frequency spacing was varied between two tones from 100 kHz to 10 MHz
and input power sweep from 0 dBm to 22 dBm was considered.
As is shown in figures (6.4) and (6.5), the output signal at lower and upper
IMD3 shows nonlinear dynamic behavior as function of frequency spacing
between two tones. Figures (6.4) shows that, in both operation classes, the
output signal at IMD3 have a power variation as function of the envelope
frequency, which means that, this GaN device exhibits memory effects. ClassAB operation shows more memory effects compared to class-A. In fact, bias
points with lower IMD distortions and sweet spots are selected for linearity
improvement in power amplifier design [94].
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Figure 6. 4: Measured upper and lower IMD3 as function of input power and frequency
spacing ( ∆f ) of a two-tone input signal: (a) class-A, (b) class-AB.
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Figure 6. 5: Measured output signal at (a) fundamental frequencies, (b) upper and lower
IMD3 as function of frequency spacing ( ∆f ) of a two-tone input signal (input power =14
dBm).

144

Figure (6.5) shows the measured memory effects in GaN power device at
fundamental output powers and IMD3 for class-AB operation. Different forms
of memory effects can be indicated in these measurement results [95], [144]. In
summary:
• About 1 dB variation in the output power at fundamental frequencies.
• More than 5 dB variations in third order IMD.
• Resonance effect in the IMDs at lower and upper frequency
components. The resonance effect is located at frequency spacing of 7.5
MHz for all measured GaN power devices. The cause for this resonance
effects is known to be the bias networks. As discussed earlier, using
biasing circuit having minimum impedance at envelope frequencies can
reduce IMD variation. It is expected also to solve the resonance
problem. Such bias network design is under development [109].
• Asymmetry between lower and upper frequency components
(fundamental power and IMDs). This is because the output power at
each frequency is the vector sum of different order distortions having
different phases. The phases are function of envelope frequency.
Therefore, these vectors sum up to different values for upper and lower
frequency components resulting in asymmetry [87], [94].
Earlier works by other researchers have similar results. J. Vuolevi et al. [6] have
reported that power variation of third order IMD as a function of envelope
frequency is a non-negligible memory effect for standard linearization methods.
As pointed out earlier, one possible technique to reduce such variation is the
design of special bias circuits [109].
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The asymmetry problem described in figure 6.5 (at single power level) is more
clearly presented in figure (6.6). Obviously, distortions increase at high output
power levels where the device is more nonlinear and the IMDs are the product
of these generated distortions and the impedance presented to the device
output. Hence, as the baseband impedance usually increases with envelope
frequency, large IMD asymmetry is observed at higher envelope frequencies.
For the particular device under discussion, maximum asymmetry is when the
envelope frequency of the two-tone input signal is maximum (10 MHz) and
vice versa. Similarly, D. J. Williams et al. [100] have reported that asymmetry is
observed at output power level higher than critical drive level. Moreover, they
have found out that maximum asymmetry occurs when the envelope reflection
coefficient has either 90° or –90° phase angle while minimum symmetry is at
phase angle of either 180° or –180°.
The causes of the asymmetry between lower and upper IMD as function of the
envelope frequency is intensively analyzed and justified in the last few years
[18], [90], [100], [115], [116]. These research topics have become relevant in
today’s broadband and high power applications especially for quasi-memoryless
linear amplifier design.
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Figure 6. 6: Measured asymmetry between lower and upper IMD3 as function of input
power and frequency spacing ( ∆f ) of a two-tone input signal: (a) class-A, (b) class-AB.
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Chapter 7
CONCLUSION AND FUTURE WORK

In this work, power amplifier nonlinearity and memory effects have been
analyzed. A new measurement setup was developed in order to measure
nonlinearity and memory effects in PAs. This is accomplished using two-tone
stimulus signal with power and envelope frequency sweeps.
Three aspects of RF power amplifiers have been treated in this work. The first
is the modelling of both quasi-memoryless power amplifiers and amplifiers with
memory. Two quasi-memoryless PA models are discussed: conventional
polynomial and Abulma’atti models. In order to include the memory effects in
such amplifier models, an extension of Abulma’atti model and memory
polynomial model have been developed. The memory polynomial model is a
good compromise between simplicity and accuracy. This is particularly
important if a predistortion linearizer for PA with memory is implemented.
Two models of memory polynomials, memory polynomial with unity time delay
taps and memory polynomial with non-uniform time delay taps for PA
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modelling with memory, have been analyzed and compared. The modelling
results show that both methods can be used for modelling wideband PA which
exhibit memory effects. These results show that the memory polynomial PA
model with non-uniform time delay taps is superior as compared to the
memory polynomial with uniform time delay taps. The non-uniform time delay
taps of the improved memory polynomial model were obtained through a
simple sine function, however, this model can accurately fit the measured data
for PAs that exhibit memory effects [57], [143].
The second aspect is the linearization techniques of power amplifiers that can
compensate memory effects. The common linearization methods such as
feedforward, feedback, and predistorter are limited to narrowband applications.
The analog and adaptive digital predistortion techniques have been developed
and analyzed in more details where the linearization results exposed that, these
conventional linearization methods are applicable in the narrowband
applications but are not sufficient in the broadband applications case since the
amplifier exhibit memory effects. The calculations and adaptation algorithms
for determining the predistorter parameters were developed and explained in
details for the adaptive baseband digital predistorter [17].
Moreover, three analog polynomial predistorter linearization techniques, named
conventional polynomial, memory polynomial with unit delay tap and memory
polynomial with non-uniform delay taps for linearizing a PA with memory have
been developed and compared. The linearization results show that quasimemoryless predistorter cannot suppress IMD successfully when the input
signal to the PA has a large bandwidth (for over a few hundred kHz for the PA
model used in our study), memory polynomial predistorter with unity delay taps
could suppress IMD for a bandwidth of several MHz. The memory polynomial
predistorter with non-uniform delay taps shows superior results as compared to
both methods [74]. It can effectively suppress in-band distortion for wideband
PA that exhibit memory effects. The spacing indices of the non-uniform delay
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taps for PA modelling as well as linearization were obtained using simple sine
function.
The third aspect is memory effects characterization setup. In order to measure
memory effects, new measurement setup should be developed in which
stimulus signal with non-constant envelope are used. Two-tone stimulus signal
with power level and envelope frequency sweep have been used for memory
effect characterization in GaN HEMT power devices [143], [144]. The
measurement results of for these power devices were presented.
With respect to future work, memory effects in power amplifiers should be
analysed and localised not only on the system level of the amplifier but also on
the device level in order to develop new power amplifier design strategies. In
other words, the PA should be designed as a quasi-memoryless amplifier in
order to be able to linearize the power amplifier with traditional quasimemoryless linearization techniques; this will improve the efficiency and reduce
the cost and complexity of the system.
For quasi-memoryless amplifier design there are three locations in the amplifier
should be optimized; namely active power device, bias networks and matching
networks.
• The active power device can be optimized be using new materials such
as GaN or SiC which maybe have or optimized to have less trapping and
self-heating.
• New bias networks design strategy, which present a short circuit at
envelope frequencies and an open circuit at fundamental and higher
frequencies should be analyzed and developed.
• Termination of second order frequencies (second harmonics and
baseband) should be taken under account.
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In the modelling and linearization of the amplifier with nonlinearity and
memory effects, during this research work, a number of issues have arisen
where a better model of polynomial terms and the delay sequence selection
would be helpful to obtain a more accurate model for the power amplifier
system which exhibit memory effects.
There are a number of further improvements that can be made to the amplifier
models as well as predistortion linearizers:
• It is important to understand the relationship between the number of
time delay taps needed with its sequence and the memory amount in the
device.
• The required number of delay terms is assumed to be somehow related
to the envelope bandwidth of the input signal and also the maximum
required delay is dependent on the time constant of the PA circuit. It
would then be easier to determine the number of delay and the required
maximum delay.
• Modelling and linearization of power amplifiers using neural network
(NN) give the advantages of fast, accurate, and reliable model
development [143], [144].
• Using orthogonal polynomial instead of conventional polynomial to
solve the problem of computational instability caused by the matrix
inversion in least square solution [76], [96].
• Adaptation technique in the predistortion linearization method using
memory polynomials requires a deep research study. The speed of
convergence, stability, and computation load of a given adaptation
method may be checked for different cases.
• More practical and application oriented stimulus signals, such as digital
modulated signals with non-constant envelope, should be used for PA
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characterization and modelling, since these signals have larger PAR
compared to the two-tone signal and can extract more information about
nonlinearity from broadband power amplifier.
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