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Abstract

Power Amplifiers (PAs) are the key building blocks of the emerging wireless radios sys-
tems. They dominate the power consumption and sources of distortion, especially when
driven with modulated signals. Several approaches have been devised to characterize the
nonlinearity of a PA. Among these approaches, dynamic amplitude (AM/AM) and phase
(AM/PM) distortion characteristics are widely used to characterize the PA nonlinearity
and its effects on the output signal in power, frequency or time domains, when driven
with realistic modulated signals. The inherent nonlinear behaviour of PAs generally yield
output signals with an unacceptable quality, an undesirable level of out-of-band emission,
high Error Vector Magnitudes (EVMs) and low Adjacent Channel Power Ratios (ACPRs),
which usually fail to meet the established performance standards.

Traditionally, PAs are forced to operate deeply in their back-off region, far from their
power capacity, in order to pass the mandatory spectrum mask (ACPR requirement) and
to achieve acceptable EVM. Despite its simplicity, this solution is increasingly discarded,
as it leads to cost and power inefficient radios. Alternatively, several linearization tech-
niques, such as feedback, feed-forward and predistortion, have been devised to tackle PA
nonlinearity and, consequently, improve the achievable the linearity versus power efficiency
trade-off.

Among these linearization techniques, the Digital Pre-Distortion (DPD) technique con-
sists of incorporating an extra nonlinear function before the PA, in order to preprocess
the input signal to the PA, so that the overall cascaded systems behave linearly. The
overall linearity of the cascaded system (DPD plus PA) relies primarily on the ability of
the DPD function to produce nonlinearities that are equal in magnitude and out-of-phase
to those generated by the PA. Hence, a good understanding and accurate modeling of PA
distortions is a crucial step in the construction of an adequate DPD function.

This thesis explores DPD through techniques based on Artificial Neural Networks (ANNs).
The choice of ANN as a modeling tool was motivated by its proven strength in modeling
dynamic nonlinear systems. This thesis starts by providing a summary of the PA nonlin-
earity problem background, as well as an overview of the most well-known linearization
techniques, with a special focus on DPD techniques. The thesis then discusses ANN struc-
tures and the learning parameters. Finally, a novel Two Hidden Layers ANN (2HLANN)
model is suggested to predict the dynamic nonlinear behaviour of wideband PAs. An ex-
tensive validation of the 2HLANN model demonstrates its excellent modeling accuracy and
linearization capability.
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Chapter 1

Introduction

State of the Art and Background

In the past decade, mobile and telecommunication services have seen enormous devel-
opment with a significant shift from simple voice-only communication to multimedia type
applications (Internet, video, TV streaming, etc.). In addition, consumer requirements
increased the demand for low cost, low consumption and signal integrity equipments.
Consequently, wireless design systems have become more challenging demanding wider
bandwidths and stringent operational and technical requirements to meet these consumer
requirements. This result in a non-primitive requirement for the hardware.

Indeed, the design of these systems has become more sensitive to linear and nonlinear
distortions exhibited by the radio chain. Radio Frequency (RF) Power Amplifiers (PAs)
remain the key building blocks of these emerging wireless radios systems, because they
dominate the overall performance of linearity and efficiency; therefore, significant attention
should be focused on these RF front ends. In fact, PAs dominate the radio systems’
power consumption and are the main sources of distortions, especially when driven with
modulated signals. These distortions are manifested both in-band and out-of-band of the
signal bandwidth. Consequently, they engender undesirable degradation of the Bit Error
Rate (BER) and spectral regrowth, creating adjacent channel interference and violating
the emission requirements mandated by regulatory bodies. Thus, a lot of interest in the
literature have been sought for PA linearity and efficiency.

Two areas of improvement in PA linearity and efficiency have been sought. In the first
one, advanced power amplification techniques, such as Doherty PAs [26] and envelope-
tracking approaches [32], were devised for the enhancement of the power efficiency in

1



the back-off region. In the second area, a number of linearization techniques, such as
feed-forward, feedback and Digital Pre-Distortion (DPD) methods, have been suggested to
extend the linear range of the PA by reducing the necessary power back-off and meeting the
linearity requirements. Despite their development challenges, when properly combined, the
two previously mentioned areas of improvement allow for tremendous advances in power
efficiency and linearity technologies. In fact, without linearization techniques, the PA
would have to be backed off to operate within the linear portion of its operating curve.

In addition, newer transmission formats, such as Wideband Code Division Multiple Ac-
cess (WCDMA), Long Term Evolution (LTE) and Orthogonal Frequency-Division Multi-
plexing (OFDM), have large variations in their signal envelopes, i.e. high Peak-to-Average
Power Ratio (PAPR). Thus, the PA should be backed off very far from its saturation point,
which results in a very low average efficiency, typically less than 10%, and more than 90%
of the Direct Current (DC) power turns into heat. Therefore, improving PA efficiency is
needed to reduce the cost of electricity consumption and the cost of cooling systems; and, to
improve the PA efficiency without compromising its linearity, PA linearization techniques
is essential.

Among all the linearization techniques, DPD is one of the most cost-effective techniques,
due to its excellent linearization capability and relatively limited extra power consump-
tion. The principle of DPD is based on intentionally introducing a nonlinear function in
the base-band part of the transmitter to generate additional distortions that are comple-
mentary to those introduced by the PA, thus leading to a linear cascade. With a digital
predistorter, the PA can operate up to its saturation point, while maintaining excellent
linearity. Nevertheless, successful deployment of a digital predistorter requires the proper
choice of the predistortion function and accurate modeling of the PA behaviour.

In literature, nonlinear PA behavioural models can be classified in two categories: mem-
oryless nonlinear models and memory nonlinear capable models. For memoryless nonlin-
earity, the amplitude and phase distortions of the PA output are typically defined as a
function of the amplitude of its current input signal strength. This instantaneous nonlin-
earity is characterized by the amplitude dependent amplitude distortion (AM/AM) and
amplitude dependent phase distortion (AM/PM) responses of the PA.

Different PA model schemes have been suggested in the past to deal with static non-
linearity, namely the Saleh model [59], the memoryless polynomial model [64] and the
Look-Up Table (LUT) model [7]. On the other hand, when the signal bandwidth gets
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wider, such as with WCDMA, LTE or OFDM, the PA begins to exhibit significant Mem-
ory Effects (MEs); and, memoryless models and predistorters are no longer sufficient for
good modeling or linearization capabilities. MEs are generally attributed to the biasing
and matching network frequency-dependent behaviours and require more comprehensive
behavioural modeling schemes [68]. Therefore, the current output of the PA is no longer
a function of only the current input, but also of past input and output values. In other
terms, the PA becomes a dynamic nonlinear system; and, PA models and predistorters
should be memory capable.

Volterra series [58, 68, 73, 74] is a comprehensive nonlinear modeling scheme that can
account for MEs. Despite its comprehensiveness, the Volterra model has always been crit-
icized for its prohibitive complexity and restricted applicability to high nonlinear PAs [68].
A number of Volterra series derivations and approximations have been developed to re-
duce the implementation burden, namely the Memory Polynomial (MP) model [31] and the
Hammerstein-Wiener model [17, 41, 47, 48, 72]. Alternatively, the excellent capability of
Artificial Neural Networks (ANN) to accurately approximate dynamic nonlinear functions
[11, 14, 19, 20, 28] has been successfully utilized in the modeling of RF and microwave
devices/circuits [1, 5, 9, 12, 23, 40, 45, 46, 49, 51, 62, 63, 70, 71].

Another way to classify PA behavioural models and/or DPD linearizers is the selection
of the model structure. One class of these models is empirical, also called black-box
models, where the model structure and parameters are done without any a priori knowledge
about the device operation. In fact, the identification of the model is totally based on
measurement data and no a priori information about the system being measured is used for
the structure selection or for the identification. Although this model type demonstrated
good performance in the literature, there is no justification about the optimality of the
model.

Conversely, physical models are based on circuit-level structure and device operation.
These models are powerful, because their structure is influenced by the device itself, which
make them very accurate. However, they usually end up as very complicated models that
are very difficult to identify [67].

In this thesis, the objective is the combination of the physical knowledge of PA operation
with the simplicity of black-box models to develop an optimized model that accurately
models the PA response and, consequently, leads to robust and effective linearizers.
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Objectives and Outline

The objective of this thesis is the development of a behaviour model to predict the
response of RF PAs with MEs and/or construct the corresponding DPD. Unlike previous
works, the proposed model structure is developed using a priori knowledge about the PA.

This thesis focuses on three areas:

– Survey of previous techniques used to address the PA nonlinearity problem.

– A comprehensive analysis of ANNs.

– A novel behaviour model with memory, based on ANNs, is discussed and validated.

This thesis is organized as follows:

– Chapter 1 serves as an introduction to the problem tackled in this thesis.

– In Chapter 2, the PA nonlinearity problem is discussed, and essential characteristics
are defined.

– Chapter 3 starts with an overview of linearization techniques with a special focus on
DPD. Afterwards, various DPD linearizers, namely memoryless models and memory
capable models, are examined.

– Chapter 4 is dedicated to a comprehensive study of ANNs, namely structures and
learning parameters.

– In Chapter 5, the novel Two Hidden Layers Artificial Neural Network (2HLANN)
[45, 46, 49] model is proposed to predict the dynamic nonlinear behaviour of wideband
PAs. An extensive validation of the 2HLANN model is conducted to demonstrate its
modeling and linearization capabilities.

– Finally, a summary of the work is presented along with a discussion of the major
contributions of the proposed model and potential future research directions.
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Chapter 2

RF Power Amplifier Characteristics

Power Amplifiers (PAs) are the most challenging building blocks of modern wireless
communication radio systems (handset and base stations). They dominate by large the
energy consumption of theses radios and consequently dominate their power efficiency. In
addition, PAs are also responsible for the main nonlinear effects in the transmitter chain.

The first generation of mobile radio systems, e.g. Nordic Mobile Telephone (NMT), em-
ployed continuous envelope modulation that did not impose major linearity requirements.
Consequently, highly nonlinear and efficient PAs were utilized. The second generation of
mobile radio systems, e.g. Global System for Mobile Communication (GSM), involved Time
Division Multiple Access (TDMA) and constant envelope signals, but the change of power
level from a time slot to another yielded some constraints on linearity. The third genera-
tion of mobile radios systems, e.g. Wideband Code Division Multiple Access (WCDMA),
enabled higher data throughputs. However, due to the limited spectrum availability, efforts
were made to transmit the maximum amount of data within the smallest bandwidth possi-
ble. Thus, sophisticated modulation techniques were introduced, yielding wide bandwidth
and dynamic range signals and resulting in stringent requirements on the PA linearity.

It is possible to achieve a highly linear PA; unfortunately, it comes at the cost of the
efficiency, which is very undesirable. This solution is widely criticized, because the efficiency
of the PA is more critical and has a much greater influence on the overall efficiency of the
radio, compared to a second generation radio, as the operation time of the PA is much
higher due to continuous transmission. On the other hand, the design of a highly efficient
PA results in poor linearity and vice versa. Since inefficiency translates into loss of dollars
in utility costs (electricity and cooling), space, racks, heat sinks, fans, etc., designers of
PAs have no choice, but to design highly efficient PA, which will be followed later by some
linearization techniques to meet linearity requirements.
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In the remainder of this chapter, PA efficiency and linearity are explained with figures
of merit, in order to serve as an introduction to the next chapter.

2.1 RF Power Amplifier Power Efficiency

PA efficiency can be evaluated using two figure of merits:

– The Drain Efficiency (DE), η, of a PA characterizes the ratio of the output RF power
to the DC supplied power, expressed as follows:

η =
Pout
PDC

(2.1)

where Pout and PDC designate the RF power at the output of the PA and the supplied
DC power, respectively.

– The Power Added Efficiency (PAE), given in Equation 2.2, takes into account the
input power of the PA to provide a more complete figure of merit.

PAE =
Pout − Pin
PDC

= η(1− 1

G
) (2.2)

where Pin is the RF input power feed to the PA and G is the gain.

Figure 2.1 illustrates the typical DE and output power curves versus the input power of
the PA. It is clear from the figure that the efficiency decreases rapidly, as the input power
back-off increases. However, at the high input power region, where the efficiency is high,
the output power drifts from the ideal linear one, as a consequence of the PA nonlinearity.
Thus, improving the efficiency of a PA comes at the expense of its linearity. In the next
subsections, the origin and effects of nonlinearity are discussed in more detail.

2.2 RF Power Amplifier Nonlinearity

2.2.1 One Tone Nonlinear Characterization

PA nonlinearity can be characterized under Continuous Wave (CW) stimulus.
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Figure 2.1: Power Amplifier Efficiency versus Linearity

Amplitude Distortion

An ideal PA amplifies the input signal with a constant factor:

Voutput(t) = G1Vinput(t) (2.3)

where Voutput, Vinput, and G1 are the output voltage, input voltage and gain of the PA,
respectively. The output signal characteristic of the PA is identical to that of the input
with the only difference in the scaling of the amplitude.

A simple amplitude distortion can be expressed when inserting a second-order term, G2,
to the transfer function of the PA.

Voutput(t) = G1Vinput(t) +G2V
2
input(t) (2.4)

Figure 2.2 shows the effect of the PA nonlinearity in the time and frequency domains
for a CW, where G1 and G2 were set to 10 and 3, respectively. According to Figure 2.2, a
second-order harmonic appeared as a consequence of the introduction of the second-order
term in the PA transfer function.

An inspection of the amplitude of the second harmonic component shows that it increases
with respect to the square of the input signal and the constant G2. However, the amplitude
of the fundamental frequency component varies only with respect to the input signal and
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Figure 2.2: Effect on a Sinusoid in the Time Domain and Frequency Domain of a Second-
Order Nonlinear Power Amplifier

the constant G1. Therefore the second harmonic increases at a higher speed than the
fundamental frequency.

The desired output, fundamental component and second harmonic become equal in
amplitude at a point that is known as Second-Order Intercept Point (IP2) and is illustrated
in Figure 2.3. IP2 describes the degree of nonlinearity of a second-order nonlinear PA. Note
that the second-order distortion did not affect the signal close to the input signal carrier
frequency.

Figure 2.3: Illustration of the Second-Order Intercept Point of a Nonlinear Power Amplifier
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Another type of distortion in nonlinear PAs occurs when a third-order term is added to
the transfer function of the PA, as illustrated in Equation 2.5:

Voutput(t) = G1Vinput(t) +G3V
3
input(t) (2.5)

Figure 2.4 shows the effect on the time and frequency domain of a CW, where G1 and G3

were set to 10 and −3, respectively. Note that here the signal shape is now symmetrical
around the horizontal axis, which was not the case in Figure 2.2; however, the output
signal peak of the sinusoidal signal is distorted, unlike the second-order distortion.

Figure 2.4: Effect on a Sinusoid in the Time Domain and Frequency Domain of a Third-
Order Nonlinear Power Amplifier

A more detailed explanation about the signal shape and the third harmonic that can be
observe in Figure 2.4 is given by rewriting the transfer function in Equation 2.5 as follows:

Voutput(t) = G1Vinput(t) +G3V
3
input(t) (2.6)

= 10A sin(wt)− 3(A sin(wt))3 (2.7)

= 10A sin(wt)− 9

4
A3 sin(wt) +

3

4
sin(3wt) (2.8)

where the input signal is set to A sin(wt), A and w represent the amplitude and the
frequency of the input signal, respectively.

The first term in Equation 2.8 characterizes the linear amplification of the fundamental
frequency, and the third term points out the emergence of the third harmonic in the
frequency domain, as observed in Figure 2.4. On the other hand, the distortion in the
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signal shape of the output signal is explained by the middle term, which occurs at the
same frequency as the fundamental frequency. Note that this second term is proportional
to the cube of the input signal amplitude and, therefore, can significantly affect the output
level at the fundamental frequency, i.e. the desired signal.

Two interesting points can be deduced from the third-order distortion, as illustrated in
Figure 2.5:

– the 1dB Compression Point (1dB) refers to the output level where the deviation from
the linear response drops by 1dB. 1dB characterizes the degree of nonlinearity of the
PA.

– The Third-Order Intercept Point (IP3), which is similar in definition to IP2, refers to
the theoretical point where the linear response of the PA and the third order become
equal in amplitude. IP3 describes the degree of distortion of the fundamental signal
of a third-order nonlinear PA.

Figure 2.5: Illustration of the Third-Order Intercept Point and the 1dB Compression Point
of a Nonlinear Power Amplifier

The amplitude distortion is usually expressed as a change of the output amplitude power
level as a function of the input amplitude power level: this is referred to as the AM/AM
characteristic:

rout(t) = g (rin(t)) (2.9)
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where rin and rout are the input and output amplitude signals of the PA, respectively, and
g(.) represents a nonlinear function. Figure 2.6 illustrates a typical AM/AM, depending
on the input amplitude power of a typical nonlinear PA. The nonlinear PA exhibits linear
output amplitude variation at back-off power; however, at high input power, the output
amplitude component drifts from the linear response and results in a nonlinear amplitude
change.

Figure 2.6: AM/AM Distortion in a Nonlinear Power Amplifier

Phase Distortion

The distortion of the output amplitude in a nonlinear PA, i.e. AM/AM, is usually ac-
companied by phase distortion, i.e. AM/PM. The AM/PM corresponds to a non-constant
phase shift of the RF signal at the output of the PA when the envelope signal at the input
of the PA changes. In other words, AM/PM is expressed as a change of the phase com-
ponent of the output signal according to the envelope of the input signal, as expressed in
Equation 2.10

φout = φin + f (r(t)) (2.10)

where φin, φout and r(t) are the input and output phases and the input amplitude signals
of the PA, respectively, and f(.) represents a nonlinear function.

Figure 2.7 illustrates a typical AM/PM, depending on the input amplitude power of a
typical nonlinear PA. Similar to the case of the AM/AM, the PA exhibits constant phase
variation at back-off power; however, at high input power, the phase component drifts from
the linear response and results in a nonlinear phase change.
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Figure 2.7: AM/PM Distortion in a nonlinear Power Amplifier

2.2.2 Two-Tone Test

In the previous subsection, the nonlinear characterization of the PA was conducted using
a CW. A more sophisticated characterization can be done using a two-tone test. The two-
tone test provides a good illustration of the amplitude and phase distortion discussed above.
The test consists of a simulation of a nonlinear PA excited with two sinusoids at different
frequencies, f1 and f2. Note that the two-tone test assumes that the frequency separation
|f2 − f1| is negligible compared to f1 and f2. The two-tone test representation allows for
a good understanding of the in-band, out-of-band, intermodulation, amplitude and phase
distortions; however, it is not sufficient for a complete modeling and explanation of the
source and effects of the nonlinear behaviour of modulated signals.

An example of a two-tone test is the representation of PA by a third-degree polynomial,
as shown in Equation 2.11.

y = a1x+ a2x
2 + a3x

3 (2.11)

where x and y represent the input and output of the PA, respectively; a1 describes the
linear Small Signal Gain (SSG); and, a2 and a3 are the quadratic and cubic nonlinearities
coefficients, respectively. For the purpose of simplicity, the coefficients in Equation 2.11
are considered real valued; and, the PA is considered memoryless with no phase distortion.
The more general case of complex coefficients is discussed when introducing the memory
polynomial model in the next chapter.

Let consider that the two tones used for the test are:

v1(t) = A sin(w1t) (2.12)

v2(t) = A sin(w2t) (2.13)
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where A is the amplitude of the two tones. The resulting output of the PA represented by
the transfer function in Equation 2.11 is as follows:

y(t) = a1

(
A sin (w1t) + A sin (w2t)

)
+a2

(
A sin (w1t) + A sin (w2t)

)2

+a3

(
A sin (w1t) + A sin (w2t)

)3

(2.14)

⇒ y(t) = a2A
2

(
1 + cos

(
(w1 − w2) t

))
+a1A

(
sin (w1t) + sin (w2t)

)
+

9

4
a3A

3
(

sin (w1t) + sin (w2t)
)

+
3

4
a3A

3

(
sin
(

(2w1 − w2) t
)

+ sin
(

(2w2 − w1) t
))

−1

2
a2A

2
(

cos (2w1t)− cos (2w2t)
)

−a2A
2 cos

(
(w1 + w2) t

)
−1

4
a3A

3
(

sin (3w1)− sin (3w2)
)

−3

4
a3A

3

(
sin
(

(2w1 + w2) t
)
− sin

(
(2w1 + w2) t

))
(2.15)

From Equation 2.15 and as illustrated in the frequency domain in Figure 2.8, one can
conclude that the first linear term in Equation 2.11, i.e. a1x, amplifies the fundamental
tones. On the other hand, the quadratic term, a2x

2, downconverts the RF signal to the DC
band and generates the second harmonic band. However, the cubic term, a3x

3, generates
intermodulation, known as third-order frequency terms (IM3) around the fundamental
frequency and is also responsible for the third harmonic band. Note that the second and
third harmonic bands can be easily filtered out by a passband filter around the fundamental
frequency; therefore, their significance is minor.

On the other hand, when examining the second- and third-order distortions, it comes
to mind that, if only the quadratic term generates significant signals around the carrier
frequency, and the cubic term does not, this fact can be generalized for all odd and even
terms [44]. This is true, because the PA is assumed to have a narrow fractional band-
width compared to the carrier frequency; therefore, all even-order term are harmonics and,
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consequently, do not interfere with the fundamental frequency. In fact, when applying a
two-tone test to a nonlinear PA, a number of harmonics and intermodulation products are
generated; and, these are all given by the general expression of Equation 2.16 [68]:

fim = mf1 ± nf2 (2.16)

where fim are the new generated frequencies, m and n are positive integers (including zero)
and m+ n is equal to the order of the PA nonlinearity.

Figure 2.8: Spectral Regrowth of a Two-Tone Signal

For example, in the case of third-order nonlinearity, the new generated frequencies are:

fim1 = 0 fim2 = f2 − f1

fim3 = 2w1 − w2 fim4 = 2w2 − w1

fim5 = 2w1 fim6 = 2w2 fim7 = w1 + w2

fim8 = 3w1 fim9 = 3w2 fim10 = 2w1 + w2 fim11 = w1 + 2w2

(2.17)

InterModulation Distortion (IMD) products are generated by the nonlinearity of the PA
through a mixture of the input signal frequency components. These intermodulations are
very critical, unlike harmonics, because they cannot be easily filtered out. For example,
for a nonlinear PA with a transfer function as in Equation 2.18 with a two-tone input
as in Equations 2.12 and 2.13, results in different IMDs around the carrier frequency, as
illustrated in Figure 2.9. The IMD products are usually expressed as InterModulation
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distortion Ratio (IMR) which is equal to the power ratio of these mixing products to that
of the fundamental tones.

y = a1x+ a2x
2 + a3x

3 + a4x
4 + a5x

5 + a6x
6 + a7x

7 (2.18)

Figure 2.9: InterModulation Distortion for a Nonlinear Power Amplifier

2.3 RF Power Amplifier Nonlinearity Characteriza-

tions using Modulated Signals

For simple nonlinearity, the one- and two-tone tests are good and simple tools to charac-
terize PA nonlinearity. However, under modulated signals, the PA does not present simple
nonlinearity, and other criteria are needed to determine the degree of the unwanted signal
engendered by the nonlinear PA. Two established measures exist for this purpose, namely
the Adjacent Channel Power Ratio (ACPR) and the Error Vector Magnitude (EVM) mea-
sures.

2.3.1 Adjacent Channel Power Ratio

The ACPR, which is also called the Adjacent Channel Leakage Ratio (ACLR), is the
ratio between the total power of the neighbouring channels to the signal power in the main
channel. The ACPR describes the degree of the signal regrowth into adjacent channels. The
ACPR is a major criterion for the standards of regulatory bodies, because it characterizes
the radio system interference with other adjacent radios. The ACPR can be measured as
the power contained in a defined bandwidth, B1, at a defined offset, f0, from the centre
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frequency, fc, of the main channel by the power in a defined bandwidth, B2, around fc.
This concept is illustrated in Figure 2.10 and Equation 2.19.

ACPR =
PB1

PB2

(2.19)

where PB1 is the power contained in the adjacent bandwidth, B1, and PB2 is the power
contained in the main bandwidth, B2.

Figure 2.10: Adjacent Channel Power Ratio

The spectral regrowth happens as a result of the presence of intermodulation nd leads to
the generation of an out-of-band signal, which causes harsh adjacent channel interference.
The spectrum regrowth is shown in Figure 2.11.

Figure 2.11: Spectrum Regrowth

16



2.3.2 Error Vector Magnitude

The EVM is a measure that quantifies the performance of both the transmitter and the
receiver. The EVM characterizes the imperfection of the constellation, which is distorted
due to the nonlinearity in the PA. The EVM measures the quality of the output signal and
its effects in the in-band signal. The EVM is illustrated in Figure 2.12, where v is the ideal
symbol vector, w is the measured symbol vector, e is the magnitude error, θ is the phase
error, and w − v is the EVM.

Figure 2.12: Error Vector Magnitude

For a sequence of lengthN , the EVM is defined in Equation 2.20. The EVM is normalized
here by |vmax| to eliminate the dependency on the symbol being transmitted.

EVM =

√
1
N

∑N
j=1

[
(Ij − Ĩj)2 + (Qj − Q̃j)2

]
|vmax|

(2.20)

where Ij and Qj are the in-phase and quadrature components of the desired signal and Ĩj
and Q̃j are their transmitted counterparts.

The EVM can also be defined as a percentage, as in Equation 2.21, where Perror is the
Root Mean Square (RMS) power of the error vector and Preference is the RMS power of
ideal transmitted signal.

EVM(%) = 100%

√
Perror

Preference
(2.21)
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The EVM can also be defined in decibels (dB) as in Equation 2.22.

EVM(dB) = 10 log10

(
Perror

Preference

)
(2.22)

The EVM characterizes the in-band distortion and causes a deformation of the con-
stellation, which leads to distortion of the signal being transmitted. This constellation
deformation consists of an InterSymbol Interference (ISI) and a warping effect. The ISI is
responsible for spreading the constellation point in small clusters, a phenomenon known
as a clustering effect. On the other hand, the warping effect results from the memoryless
nonlinear behaviour of the PA and manifests in the form of a drift of the constellation
from the original lattice arrangement. The clustering and warping effects are illustrated in
Figure 2.13.

Figure 2.13: Warping and Clustering Effects

An alternative to the EVM measure for the characterization of the in-band distortion is
the Noise Power Ratio (NPR). The NPR can be deduced by eliminating a portion of the
input signal, using a notch filter, and examining the level of distortion, i.e. filling in the
space, within the resulting gap due to the nonlinear behaviour of the PA. Thus, the NPR
is defined as the ratio between the noise Power Spectral Density (PSD) when the filter
is applied, to the noise PSD without the notch filter, when the PA is driven at the same
power level.

2.4 Memory Effects in the Power Amplifier

In the previous section, only distortions caused by changes of the current input amplitude
were discussed, i.e. static distortions. However, as the bandwidth of the input signal gets
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wider, new sources of distortion happen, which are known as Memory Effects (MEs). These
MEs happen when the amplitude and phase of the output distorted components vary as
functions of modulation frequency, e.g. the tone spacing in a two-tone signal. Unlike
static nonlinearity, MEs do not generate new spectral components, but rather change the
shapes of the existing signal components. Indeed, this can be explained by the fact that
the output of the PA with MEs is no longer a function of only the current input values,
but also a function of the previous input and output values. MEs are classified in two
categories: Short-Term Memory (STM) and Long-Term Memory (LTM) effects. Since the
PA is considered with a quasi-static response, the LTM effects are negligible compared to
STM; and, only STM effects are discussed in the following paragraphs.

For a typical nonlinear PA with MEs, its transistor can be approximated as a quasi-
memoryless nonlinear device, assuming that the signal bandwidth (few MHz) is negligible
compared to the carrier frequency (few GHz). On the other hand, the PA output matching
and biasing networks are subject to the transistor distorted output, as shown in Figure
2.14. These previous networks are designed to operate at a specific range of frequencies
and are characterized by constant reflection coefficients over that range. However, since
the transistor generates IMD due to static nonlinearity the reflection coefficients of the
biasing and the matching networks can no longer be considered constant, especially when
the bandwidth is getting wider. Therefore, these reflection coefficients depend on the range
of frequencies seen at the output of the transistor, which include the signal bandwidth and
its corresponding IMD.

Figure 2.14: Physical Dominant Sources of Short-Term Memory Effects in a Power Am-
plifier

When the PA is excited with a modulated signal, the static transistor generates certain
IMD, as shown earlier for the case of the two-tone test in Figure 2.9. These IMDs are seen
at the input of the biasing and matching networks and the non-ideal reflection, initiating
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STM effects. The matching network reflects several frequency components present at its
input back into the transistor, due to the non-constant reflection over a large range of
frequencies. These reflected components are recombined with the next input signal and
also excite the static nonlinear transistor. The biasing network also contributes to this
input mixture with previous transistor output signals by reflecting the lower range of
frequencies. These reflected components remix with the carrier band frequencies and fall
within this carrier band.

When adding the reflection effects from both the matching and biasing networks, the
resulting reflected components generate new IMDs around the carrier. However, the new
IMDs occur at the same IMDs of those caused by static nonlinearity, since no new frequency
components are added, but rather remixed the already existing frequencies. Therefore,
MEs do not introduce new components, but alter the already existing ones, as illustrated
in Figure 2.15.

Figure 2.15: InterModulation Distortion for a Nonlinear Power Amplifier with Memory

2.5 Linear and Nonlinear Power Amplifiers

2.5.1 Power Amplifiers Mode of Operations

A linear PA is a continuously driven linear device. Classes A, AB, and B are the three
main classes of linear PAs. This category of PAs achieves low efficiency, due to the large
dissipation of the DC source power resulting from the continuous operation of the PA, even
under unexcited input power. Figure 2.16 illustrates efficiency for classes A, AB and B.
Class A achieves a peak efficiency of 50%, while class B attains a maximum of 78%. For
the two latter classes, the efficiency falls rapidly, as the back-off increases. Class B remains
linear, while improving its efficiency, compared to class A, but inherently has lower gain
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compared to class A. Class AB is a class between class A and class B and is achieved by
saturating class A to attain the maximum efficiency or by reducing the bias of class B to
improve its gain.

Figure 2.16: Classes A, AB and B Power Amplifier Efficiency Performance

2.5.2 Nonlinear Power Amplifiers

Nonlinear PAs are devices with high efficiency and high gain. The main nonlinear classes
are C, D, E, F, G and S. Classes D and E are very nonlinear PAs and are used only
when the distortion requirement in the radio system is flexible, or when the input signal
has a constant envelope. Classes E, D and S are highly efficient switching PA, where
the switching time, i.e. operation time of the PA, becomes comparable to the duty time,
i.e. when necessary for transmission. Classes C, F and G are voltage controlled source
PAs. Nonlinear PAs achieve higher efficiency compared to linear PAs; however, they are
inherently nonlinear. Hence, linearization schemes are required to extend the linear region
of the PA, allowing for a more efficient and linear PA.

2.5.3 Doherty Power Amplifier

The Doherty PA consists of a two PAs, as shown in Figure 2.17, with a class AB main
stage and a class C auxiliary stage, also called a peaking stage. The input signal in the
Doherty PA is split between the two PAs and combined at the output with a correction
for the phase differences between the two PAs. For low input power, only the main PA
operates and amplifies the signal efficiently, while the auxiliary PA remains ’OFF’ and
consumes no power.
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Figure 2.17: Doherty Power Amplifier Diagram

When the main PA saturates at a predetermined input power threshold, the auxiliary
PA kicks in and compensates the saturation of the main PA, thus improving the overall
linearity, as shown in Figure 2.18. Figure 2.19 shows the typical improvement in efficiency
that the Doherty PA brings compared to a regular class AB PA.

Figure 2.18: Doherty Power Amplifier Basic Operation Characteristic

2.6 Conclusion

Linearity and efficiency are the two major criteria for PAs. Many techniques have been
tried to enhance the linearity versus efficiency trade-off. Improving the linearity of the PA
by only changing its mode of operation comes at the expense of its efficiency. On the other
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Figure 2.19: Improved Efficiency of the Doherty Power Amplifier over Class AB

hand, improving the efficiency at the back-off power, as in the case of the Doherty PA, is
still not sufficient for accurate transmission for wideband and high varying envelope signals
(large PAPR), because of the large back-off needed. Therefore, a number of linearization
techniques have been suggested in the literature to extend the linear range of the PA,
thereby reducing the necessary power back-off to meet the linearity requirement. The next
chapter introduces and discusses the main linearization techniques with a focus on digital
predistortion schemes.
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Chapter 3

Behavioural Modeling and
Linearization of RF Power Amplifier

3.1 Linearization Technique

As discussed in the last chapter, efficiency and linearity are two critical design factors
that cannot be satisfied simultaneously. Indeed, poor efficiency, i.e. when a large back-off
is required in order to be in the linear region, significantly escalates the power dissipation.
Consequently, PA designers aim first to achieve peak efficiency with less constraints on
linearity. Subsequently, a linearization technique is applied to enhance the linearity in the
efficient region. Several linearization techniques are reported in the literature that deal with
the nonlinearity in PAs, namely feedback [2, 13, 25, 55, 69], feed-forward [27, 29, 33, 36, 61],
and DPD [24, 53] linearizers. In the next subsections, a detailed discussion is dedicated to
these techniques with a focus on DPD, since it is the subject of this thesis.

3.1.1 Feedback Linearization

The feedback approach is a method based on algebraic transformation of nonlinear sys-
tems into linear ones [52], so that linear control techniques can be applied. Feedback is
achieved by selecting different state representations of the system, in order to end up with
an equivalent linear system. The feedback linearization principle consists of compensation
for the output signal of the nonlinear system by the implementation of a feedback loop, so
that the current output signal is used to adjust future inputs. This is achieved by com-
paring the output signal to a desired output, then deducing an error signal that will be
substituted from the next input signal. The block diagram of a typical feedback linearizer
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is shown in Figure 3.1, and its transfer function is given in Equation 3.1:

y (t) =
G

1 +GA
x (t) (3.1)

where x(t) and y(t) represent the input and the output of the feedback system, respectively,
and G and A are the transfer function of the PA and the feedback loop, respectively.

Figure 3.1: Block Diagram of Feedback Linearization

Feedback linearization, although reasonably simple to implement, suffers from many
drawbacks when applied to RF PA systems. The major problem with the feedback lin-
earizer gains importance when it is applied to high-frequency and wideband systems. In-
deed, the feedback linearizer reduces the gain of the linear PA and suffers from serious
potential instability. In fact, the penalty for better linearity when using the feedback lin-
earizer is that the gain of the feedback system is reduced by the factor 1

1+AG
, as shown in

Equation 3.1. On the other hand, when applying wideband signals, it is generally difficult
to preserve the stability of the feedback system. In fact, the stability of the system is
determined by the manner in which the feedback loop gain, AG, varies with frequency,
and this is difficult to control over a wide bandwidth signal.

3.1.2 Feed-Forward Linearization

Figure 3.2 illustrates the feed-forward linearizer. The principle of feed-forward lineariza-
tion is based on the generation of an error signal, e(t), that is intended to represent the
additive distortion products that are present at an attenuated version of PA output signal,
yPA1(t). This error, after being scaled up to its original magnitude using an Error Power
Amplifier (EPA), is then subtracted from the PA output, yPA2(t). The theoretical result

25



is a linear PA, and there is no bandwidth limitation that is directly attributed to the lin-
earization effort. Note that, because of the phase shifts introduced in the carrier by the
PA and EPA, two delay blocks, PA Equal Delay and EPA Equal Delay, are introduced to
compensate for the propagation delays in the two previous mentioned PAs.

Figure 3.2: Feed-Forward Diagram

As always, things are not so perfect in practice. In fact, the two delay blocks must be
very tightly tuned, in order to realize good performance. In addition, the gain of the EPA
must be very well matched to the gain of the PA, that good cancellation of the distortion
can be realized. Moreover, the EPA should be also linear to amplify the error signal, e(t),
with no additional distortions. Finally, the analogue delays and the EPA in the output
path of the PA must be extremely low-loss, in order for the whole linearization effort to be
worthwhile in terms of efficiency.

3.1.3 Digital Predistortion

The predistortion principle is based on intentionally introducing a nonlinear function in
the base-band part of the transmitter, commonly called digital predistorter, to generate
additional distortions that are complementary to those introduced by the PA, thereby
leading to a linear cascade. Note that it is also possible to introduce a postdistortion in
such a way that the complementary distortion element is placed after the PA. However,
postdistortion is undesirable, because it leads to processing the signal at a high power level,
which results on a high power consumption and decreases the overall efficiency.
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Figure 3.3: Digital Predistortion Followed by Power Amplifier

The linearity of the cascaded system (DPD plus PA) relies primarily on the ability of
the DPD function to produce nonlinearities that are complementary in magnitude and
out of phase to those generated by the PA. Hence, successful deployment of the digital
predistorter requires proper choice of the predistortion function and accurate modeling of
the PA behaviour to accurately predict and reproduce the PA distortions.

The DPD corrects the power level of a primary input signal, so that the output of the
corrected amplified input is a simple amplification of that primary input. The DPD concept
is shown in Figure 3.4, where the PA transfer function, the DPD transfer function, and
an ideal PA transfer function are illustrated. Note here that the gain of the PA is set to
1 for the simplicity of illustration; however, results remain true for any given gain. The
DPD principle works as follows: to achieve a power level at the output of the PA,VoutA ,
an adjustment of the input signal amplitude from VinA

to VinB
is required. This correction

can be deduced by projecting the input VinA
in the DPD transfer function, which provides

the VinB
level. The DPD is, therefore, responsible for the transformation from level VinA

to
level VinB

, in order to achieve the desired output level, VoutA . The DPD transformation can
be constructed by simply reversing the PA transfer function. Consequently, the resulting
DPD plus PA cascade results in a linear amplification of the input VinA

to the desired
output VoutA . The DPD plus PA cascade is illustrated in Figure 3.5.

Predistortion main attribute is the simplicity of its principle. In addition, due to the
open loop-scheme, the DPD is unconditionally stable and does not suffer from a bandwidth
limitation as the feedback linearizer does. (Note, however, that baseband predistortion is
bandwidth limited, because of the limitation of the analogue-to-digital converter in the
bandwidth). Moreover, due to the low power consumption of the DPD relative to the
PA, there is no significant degradation in the transmitters? power efficiency, as in the
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Figure 3.4: Digital Predistortion Principle 1

Figure 3.5: Digital Predistortion Principle 2

feed-forward linearizer. On the other hand, disadvantages of predistortion include the fact
that predistorters are normally optimized for specific PA conditions (output power level,
signal type, bandwidth, etc.); and, as these conditions change, a fixed predistorter tends
to become misaligned with the nonlinearity of the PA. Another drawback to the DPD is
its dependence on a good model of the PA. In fact, PAs are difficult to model, and DPDs
are based into this tricky issue.
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Performance Comparison of the Three Main Linearization Techniques

Table 3.1 presents a comparison of the typical performances of the three linearization
schemes previously discussed [42]. The feedback linearizer is narrowband and, therefore, is
not suitable for most multi-carrier applications. On the other hand, feed-forward linearizer
is usually inefficient compared to other linearizers because of the use of EPA that reduces
the overall efficiency. Alternatively, DPD shows good achievable efficiency thanks to the
limited extra power consumption along with its applicability to large bandwidth signal.

Table 3.1: Comparison of the Three Linearization Techniques

Linearization Cancellation
Bandwidth

Achievable
Complexity

Method Performance Efficiency
Feed-Back Good Narrow Medium Medium

Feed-Forward Good Widest Low Large
Predistortion Moderate Wide High Small

Thus, DPD was selected from among the linearization techniques to be the focus of this
thesis, since it offers the highest efficiency along with low complexity and great flexibility,
due to the use of advanced digital signal processing techniques.

Power Amplifier Digital Predistortion and Behavioural Modeling

As explained previously, the DPD principle relies on producing the inverse function of
the PA. To synthesize this function, a good understanding and accurate modeling of PA
distortion is essential, in order to generate the predistorter function. In fact, the DPD
construction is achieved through two steps:

1. Model the PA behaviour to identify the nonlinearity characteristics of the PA.

2. Construct the DPD function by modeling the inverse of the PA.

The problem of modeling the PA behaviour is not a trivial one, and different PA model
schemes have been suggested in the past. In the literature, nonlinear PA behavioural
models can be classified in two categories: memoryless models and memory capable models.
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With a memoryless model, the current output depends only on the current inputs
through a nonlinear mechanism. This instantaneous nonlinearity is refereed to as static
nonlinearity. The Saleh [59], memoryless polynomial [64] and the LUT [7] models were the
first models that aimed to fit this static nonlinearity of the PA.

As the signal bandwidth gets wider, however, such as with WCDMA signals, the PA
begins to exhibit MEs. Accordingly, the output of the PA no longer depends only on the
current input, but also on past input and output values. In other words, the PA becomes
a nonlinear system with memory. For such a PA, memoryless predistortion can achieve
only a very limited linearization performance. Therefore, DPD also needs to capture these
MEs, by introducing structures capable of modeling them. These models are refereed as
memory capable models.

The Volterra series [58, 68, 73], due to its richness, is considered as a reference for model-
ing dynamic nonlinear systems. Nevertheless, the Volterra series has always been criticized
for its prohibitive complexity and restricted applicability to high nonlinear PAs. The MP
model [31] is currently the most popular derivation of the Volterra series that exclude cross
terms to alleviate complexity. However, the identification of the MP model parameters
using Least Square Error (LSE) algorithm is computationally demanding. Additionally,
two-box models [17, 22, 41, 47, 72], known as Wiener and Hammerstein models, employ
a cascade of a static nonlinear function and a linear filter to model dynamic nonlinear
systems. Alternatively, the excellent capability of ANNs to accurately approximate con-
tinuous functions [11, 14, 20] has been successfully exploited to model RF and microwave
devices/circuits [1, 5, 9, 12, 23, 40, 45, 46, 51, 62, 63, 70, 71].

In the next sections, detailed descriptions of the main behavioural models are presented.
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3.2 Memoryless Power Amplifier Behavioural Model-

ing and Digital Predistortion

3.2.1 Saleh Model

The Saleh model [59] consists of two parametric frequency-independent functions to fit
the AM/AM and AM/PM distortions as shown in Equations 3.3 and 3.3:

A(r) =
αar

1 + βrr2
(3.2)

Φ(r) =
αφr

1 + βφr2
(3.3)

where A(.) and Φ(.) represent the AM/AM and AM/PM distortions, respectively, and r
is the input amplitude of the PA.

To further illustrate the Saleh model, let’s consider the following input signal as in
Equation 3.4:

x (t) = r (t) cos
[
w0t+ θ (t)

]
(3.4)

where w0 is the carrier frequency, r(t) and θ(t) are respectively the envelope and the phase
components of the input signal. Therefore, the Saleh model applied to the above equation
is given in Equation 3.5:

y (t) = A [r (t)] cos
[
w0t+ θ (t) + Φ

(
r(t)

)]
(3.5)

Figure 3.6 is an example of the output of the Saleh model, when using the following set
of parameters [39]: {

αa = 2.1587 αφ = 4.033
βa = 1.1517 βφ = 9.1040

(3.6)

Different models have been derived from the Saleh model by proposing different shapes
for the AM/AM and the AM/PM characteristics [39]. Nevertheless, the simplicity of the
model and few parameters make these models poor in terms of modeling dynamic nonlinear
PAs.
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Figure 3.6: Saleh Function with the Parameters in Equation 3.6

3.2.2 Memoryless Polynomial Model

Polynomial models are broadly used to reproduce the nonlinear effect in PAs. Memo-
ryless polynomial models consist of a polynomial formulation between the baseband input
and the output signals of the PA. This relationship is denoted in Equation 3.7:

y (n) =
N∑
i=0

ai |x (n)|i−1 x (n) (3.7)

where x(n) and y(n) are the input and output of the PA, respectively, ai are the complex-
valued coefficients of the ith power; and, N is the highest order of the memoryless polyno-
mial model.

A well-known reduction of the polynomial model consists of the omission of the even
order in the polynomial function [44]. In fact, as discussed in the two-tone test (Section
2.2.2), the even-order terms in the polynomial model produce distortions that are far away
from the carrier frequency. Thus, they can be easily filtered out by a simple bandpass
filter around the carrier frequency. In the memoryless polynomial, therefore, even-order
coefficients can be eliminated. Equation 3.7 can be simplified to the Equation 3.8, where
2N + 1 is now the highest order of the memoryless polynomial model.

y (n) =
N−1∑
i=0

a2i+1 |x (n)|2i x (n) (3.8)
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The memoryless polynomial model is a very powerful model when the PA exhibits strong
nonlinearity, but fails when the PA exhibits some sources of MEs. The identification of
the memoryless model coefficients, ai, is performed using the LSE algorithm, since this
model coefficients can be written in a linear manner for a certain sequence of input/output
samples of the PA. In fact, if we consider the following sequence of the input and output
samples, X = [X(n) X(n− 1) · · · X(N − P )]T and Y = [y(n) y(n− 1) · · · y(N − P )]T ,
where M is the length of the chosen sequence, X(n) = [x(n) |x(n)|x(n) · · · |x(n)|N−1x(n)]
and [ ]T is the matrix transpose, the coefficients of the memoryless polynomial model can
be written as follow:

y(n) =
N∑
i=0

a2i+1|x(n)|2ix(n) (3.9)

⇒ y(n) =
[
x(n) |x(n)|x(n) · · · |x(n)|2Nx(n)

]
a1

a2
...

a2N+1

 (3.10)

⇒


y(n)

y(n− 1)
...

y(n− P )

 =


x(n) · · · |x(n)|2Nx(n)

x(n− 1) · · · |x(n− 1)|2Nx(n− 1)
...

. . .
...

x(n− P ) · · · |x(n− P )|2Nx(n− P )




a1

a2
...

a2N+1

 (3.11)

⇒ Y = X


a1

a2
...

a2N+1

 (3.12)

Therefore, using matrix pseudo-inversion, the coefficients of the memoryless polynomial
can be deduced, as in Equation 3.13:

a1

a2
...

a2N+1

 = pinv(X)Y (3.13)

where pinv of a matrix is the Moore Penrose pseudo-inverse [50, 54] of that matrix.

3.2.3 Look Up Table

When models represent a relative simple architecture along with few parameters, it is
often less expensive to process them off-line and save the characteristic model into a LUT.
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Therefore, there is no need for real-time computing and a simple memory access for each
processed value is enough. The LUT consists of the accumulation of the output values
of a specific model for the different possible input values. LUTs are not preferred when
adaptation is required, as they consist of static memory that needs to be replaced in the
case of any update. The main drawback of the LUT method is high memory occupation,
which grows exponentially with the number of precision bits in the input variable.

Two LUT approaches are described, i.e. the mapping predistorter and the gain-based
predistorter:

– In the mapping LUT, the input signal is represented by its Cartesian components,
i.e. in-phase xI and the phase-quadrature xQ. Two separate LUTs are used to map
the new constellation of Cartesian components, yI = xI + fI (xI , xQ) and yQ =
xQ + fQ (xI , xQ). The advantage of this method is its simplicity; however, is suffers
from a sensitivity to the signal to quantization noise ratio, which is proportional to
the number of table entries, leading to high memory occupation. The principle of
the mapping LUT is illustrated in Figure 3.7.

Figure 3.7: Block Diagram of Mapping Look-Up Table

– Unlike the mapping LUT, the gain-based LUT uses the power of the input signal,
R = |x|2, to create a unique table, where x = xI + jxQ represents the input signal.
This single LUT contains the complex gains of a predistortion function, GLUT (R),
which is used to predistort the input signal, x, by computing the complex product y =
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xGLUT (R). Compared to the mapping LUT, the complexity of the gain-based LUT
is reduced, due to the use of a single table. Note that the use of only the amplitude
of the input signal to linearize the PA is permitted, since the PA nonlinearity is only
a function of the input amplitude; therefore, we can safely eliminate the input phase
information. The principle of the mapping LUT is illustrated in Figure 3.8.

Figure 3.8: Block Diagram of Gain-Based Look-Up Table

3.3 Power Amplifiers Behavioural Modeling with Mem-

ory and Digital Predistortion

3.3.1 Volterra Series

The Volterra series [68] are comprehensive nonlinear modeling schemes that are suitable
for predicting the response of a dynamic nonlinear system, such as a PA with memory.
They are generic models that describe the output of nonlinear systems with memory as
the sum of the response of a number of Volterra kernels [60]. The Volterra series have been
used in several applications, e.g. biological and physiological systems, nonlinear satellite
links, microwave circuits, etc. Many efforts have been made to prove that the Volterra
series is capable of accurately modeling any dynamic nonlinear system with any arbitrary
accuracy [60].

The Volterra series can be seen as a Taylor series with memory [60]. It expresses, for a
causal system, the output signal, y(t), as an infinite series of the input signal, x(t), as in
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Equation 3.15:

y(t) =
∞∑
n=1

[∫ ∞
0

· · ·
∫ ∞

0

hn(τ1 · · · τn)
n∏
j=1

x(t− τj)dτj

]
(3.14)

y(t) =

∫ ∞
0

h1(τ)x(t− τ)dτ +∫ ∞
0

∫ ∞
0

h2(τ1, τ2)x(t− τ1)x(t− τ2)dτ1dτ2 + · · ·∫ ∞
0

· · ·
∫ ∞

0

hP (τ1, · · · , τP )x(t− τ1) · · ·x(t− τP )dτ1dτ2 (3.15)

where h1 , h2 , · · · , hp are the Volterra kernels of the Volterra series, and P is the Volterra
series order. A discretized form of the Volterra series is given in Equation 3.16, where x(n)
and y(n) are the discretized input and output signals.

y(n) =
∞∑
q=0

h1(q)x(n− q) +

∞∑
q1=0

∞∑
q2=0

h2(q1, q2)x(n− q1)x(n− q2) + · · ·

∞∑
q1=0

· · ·
∞∑

qP =0

hP (q1, · · · , qP )x(n− q1) · · ·x(n− qP ) (3.16)

The Fourier transformation of the kernel functions gives the transfer functions of the
modeled system. Indeed, h1 gives the linear response; whereas, in general, hi , wherei > 1,
represent higher order nonlinear distortions of the nonlinear system. Figure 3.9 illustrates
a representation of the Volterra series model, where the order of the Volterra kernels are
restricted to 3, and H1, H2 and H3 represent the Fourier transfer functions of the kernels,
h1, h2 and h3.

The Volterra series coefficients can be written in a linear manner, thereby allowing
the use of the LSE algorithm. In fact, the Volterra series system in Equation 3.16 can be
rewritten as Equation 3.17, where the Volterra kernels are restricted to 2 and M represents
the memory depth of the input signals:

Y = UH (3.17)
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Figure 3.9: Schematic Representation of a Volterra Series Model

where

Y = [y(n) · · · y(n− P )]T (3.18)

U =


u(n) ··· x(n−M) x2(n) ··· x(n−q1)x(n−q2) ··· x2(n−M)

...
...

...
...

...
...

...
...

x(n−P ) ··· x(n−P−M) x2(n−P ) ··· x(n−P−q1)x(n−P−q2) ··· x2(n−P−M)

(3.19)

H = [h1(1) · · · h1(M) h2(0, 0) · · · h2(q1, q2) · · · h2(M,M)]T(3.20)

where, P + 1 is the length of the sequence used for the identification. Thus, the solution
using the LSE algorithm is given in Equation 3.21:

H = pinv(U)Y (3.21)

3.3.2 Memory Polynomial Model

The MP model [31] is currently the most popular derivation of the Volterra model that
excludes cross terms to alleviate the complexity of the Volterra series. In other words, MP
exploits the diagonal kernels of the Volterra series corresponding to the pure powers of the
input signals samples. MP is expressed in Equation 3.22:

y(n) =
M−1∑
j=0

N∑
i=1

ai,j|x(n− j)|i−1x(n− j) (3.22)

where x(n) and y(n) are the discretized input and output signals of the model, respectively;
M is the memory depth; N is the highest polynomial order of the model; and, ai,j are the
complex coefficients of the MP model.
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A typical MP structure is shown in Figure 3.10, where M is equal to the number of
branches and N is the highest order of the different polynomials in each branch. Figure
3.10 suggests that the order of nonlinearity in the different branches does not have to be
the same. However, for ease of representation, orders of the different polynomials of the
MP model are considered to be equal.

Figure 3.10: Memory Polynomial Structure

As was the case of the memoryless polynomial, the MP coefficients can be written in a
linear manner, thereby allowing the use of the LSE algorithm. In fact, by defining the new
states ui,j(n), as in Equation 3.23:

ui,j(n) = |x(n− j)|i−1x(n− j) (3.23)

The MP system in Equation 3.22 can be rewritten as Equation 3.24:

Y = Ua (3.24)

where

Y = [y(n) y(n− 1) · · · y(n− P + 1)]T (3.25)

U = [u1,0 · · · uN,0 · · · u1,M−1 · · · uN,M−1] (3.26)

ui,j = [ui,j(n) · · · ui,j(n− P + 1)]T (3.27)

a = [a1,0 · · · aN,0 · · · a1,M−1 · · · aN,M−1]T (3.28)

where P is the length of the sequence used for the identification. Thus, the solution using
the LSE algorithm is given in Equation 3.29:

a = pinv(U)Y (3.29)
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MP was defined as a reduction of the Volterra series through the elimination of all cross
terms of the samples x(n). On the other hand, MP can also be defined as an expansion
of the memoryless polynomial modeling by adding similar branches that process the past
input samples, x(n− j), where 1 < j ≤M − 1.

The MP model is considered to be the gold standard for PA behavioural modeling and
linearization. The small number of coefficients and the relative simple structure of the MP
make it a very attractive model. At the same time, the computational complexity in the
LSE algorithm makes the MP not very simple to implement in a real-time system. Indeed,
many reductions and simplifications of the MP model have been suggested in the literature
to alleviate the identification task. One of the well-known simplifications is the elimination
of the even-order coefficients from the MP formulation, since they only affect harmonics, i.e.
very far for the carrier frequency of the PA [44]. Another attempt to reduce the number of
coefficients of the MP model was proposed in [4], which consists of reducing the individual
nonlinearity orders in the MP different branches. The authors in [4] succeed in decreasing
the number of coefficients to almost one third and the conditioning number by three orders
of magnitude, while maintaining the same modeling and linearization capabilities.

3.3.3 Hammerstein-Wiener Models

A few other derivations of the Volterra series have been suggested for PA behavioural
modeling and linearization. Two of these derivations are Hammerstein and Wiener models,
also called two-box models [17, 47]. These models employ a cascade of a nonlinear function
and a linear filter to model dynamic nonlinear systems. In the case of the PA, the first box
of the Hammerstein scheme captures its static nonlinear behaviour, while the second one
is intended to take into account for its MEs, as illustrated in Figure 3.11. For the Wiener
model, the two boxes are arranged differently than in the Hammerstein case, as shown in
Figure 3.12.

Figure 3.11: Block Diagram of the Hammerstein Model

In the literature, polynomial functions, LUTs, feed-forward ANNs, and neuro-fuzzy in-
ference systems have been used to construct the static nonlinear function of the Hammer-
stein/Wiener model. However, the authors in [41] showed the limitation of conventional
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Figure 3.12: Block Diagram of the Wiener Model

Hammerstein/Wiener schemes in mimicking the behaviour of a wideband PA. They sug-
gested an augmented version of the Hammerstein model, where the linear block is replaced
with weakly nonlinear one with multiple filters to solve the modeling inaccuracy.

Parallel Hammerstein/Wiener [34] models have been also suggested to address the tra-
ditional schemes’ limited capability in accounting for the MEs by stacking extra branches
in parallel. The authors in [47] proposed an extended version of the Hammerstein model,
where two different improvements were suggested: first, a polar feed-forward ANN was
chosen for accurate construction of the static nonlinear part; and, second, the error signal
between the input and output signals of the memoryless module was then computed and
used to feed a second linear filter. The post-injection of the filtered error signal at the
output of the conventional Hammerstein model allowed for substantial improvement of the
modeling accuracy. Indeed, the extra error signal with the corresponding filter was found
to complement the conventional Hammerstein model by adding an adequate mechanism
to account for the MEs in the PA behaviour attributed to the dispersive bias network.

3.3.4 Artificial Neural Networks Based Models

A few alternatives to polynomial based models have been successful at capturing the PA’s
characteristics. These include ANNs, fuzzy logic systems, genetic algorithms, etc. In this
thesis, an ANN was considered, due to its excellent capability in accurately approximating
any dynamic nonlinear function [11, 14, 19, 20, 28]. In recent years, ANN has been
successfully exploited to model RF and microwave devices/circuits and for PA behavioural
modeling and for the construction of the corresponding DPD [1, 5, 9, 12, 23, 40, 45, 46,
49, 51, 62, 63, 70, 71].

Three different ANN structures and schemes are used for PA behavioural modeling:

– The simple structure and the Back Propagation Learning Algorithm (BPLA) make
the Multi Layers Perceptron (MLP) very attractive for PA behavioural modeling
[1, 5, 40, 70]. Furthermore, both complex and real-valued MLPs can be used, de-
pending on the format of the input and output signals. As examples, the authors in
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[1] used complex MLP to mimic the AM/AM and AM/PM characteristics; whereas,
authors in [5, 40, 70] employed real-valued MLP to predict the in-phase and quadra-
ture outputs of the Device Under Test (DUT). MEs are generally incorporated into
the MLP structure through additional buffers in the input layer to account for the
previous samples of the input and output signals. MLP has been also used for the
identification of the parameters of the MP and Volterra series models [63].

– Alternatively, RBFNNs [23, 71] have been widely exploited to predict the behaviour
of PAs, due to their capability in modeling dynamic nonlinear systems. The constant
weights (equal to 1) in the first layer of RBFNNs make them easier to train than
MLP. As an example, the authors in [23] used a signal RBFNN with complex signals
in the input layers. However, because of the complex signal used, they also used the
complex version of the BPLA, which made the training phase longer than for the
classic BPLA case.

– RNNs are generally preferred when modeling dynamic nonlinear systems that include
feedback paths and/or frequency-dependent mechanisms [9, 12, 51]. However, the
complex and lengthy training algorithm (propagation through time [19, 28]) makes
RNNs not very popular for real-time deployment. To mitigate this problem, attempts
have targeted the modification of the RNN structure into feed-forward like scheme,
so that a simpler BPLA can be applied for their training [46].

Example of ANN-Based Power Amplifier Model: Real-Valued Time Delay Neu-
ral Network

The conventional ANN model uses a complex envelope signal, like in the MP case, to
model the complex output signal. However, this technique involves an ANN with complex
valued parameters, which calls for complex BPLA. Alternatively, two separate real-valued
ANNs have been used to model the AM/AM and AM/PM distortions and trained using
the classic BPLA. However, this approach needs many more parameters than the first
approach. For the case of Real-Valued Time Delay Neural Network (RVTDNN) [5], shown
in Figure 3.13, a single ANN is applied to the in-phase (I) and quadrature (Q) components
of the input signal to compute the output signal.

Considering the MEs of the PA, the baseband output components of the PA at instant
n are a function of the current input signal and the M1 past value of the in-phase signal
and the M2 past value of the quadrature signal. The network uses one hidden layer with
nonlinear activation functions (NL), as shown in Figure 3.13. Therefore, the output of the
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Figure 3.13: Block Diagram of the Real-Valued Time Delay Neural Networks Power Am-
plifier Behavioural Model

signal can be written as in Equations 3.30 and 3.31:

Iout(n) = f1 [Iin(n) · · · Iin(n−M1) Qin(n) · · · Qin(n−M2)] (3.30)

Qout(n) = f2 [Iin(n) · · · Iin(n−M1) Qin(n) · · · Qin(n−M2)] (3.31)

Where f1 and f2 designate the dynamic nonlinearity relationship between the output and
the input signals.

Knowing that the ANN uses a linear activation function (L) at the output layer, Equa-
tions 3.30 and 3.31 can be rewritten as Equations 3.32 and 3.33:

Iout(n) =
N∑
k=1

w1,kf

[
M1∑
j=0

αk,jIin(n− j) +

M2∑
j=0

βk,jQin(n− j) + b1
k

]
+ b2

1 (3.32)

Qout(n) =
N∑
k=1

w2,kf

[
M1∑
j=0

αk,jIin(n− j) +

M2∑
j=0

βk,jQin(n− j) + b1
k

]
+ b2

2 (3.33)

where k = 1 , 2 , · · · , N designate the nonlinearity order; w1,k and w2,k denote the weights
of the second linear layer; αk,j and βk,j represent the weight of the nonlinear hidden layer; b2

1,
b2

2 and b1
k are the biasing points of the neurons in the second and the first layer, respectively;

and, f(x) = tansig(x) = 1
1+e−x − 1 is the nonlinear activation function.
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Note that the case where M1 = M2 can be used since the MEs on the in-phase component
are, in general, the same as those of the quadrature component.

After the establishment of the RVTDNN structure is determined, the next step in achiev-
ing accurate modeling is to perform an appropriate training phase for the network. The
training phase uses the BPLA. This algorithm adjusts the network parameters to minimize
the cost function, E, over an epoch, defined as follows in Equation 3.34:

E =
1

2Nb

Nb∑
n=1

[(
Iout(n)− Îout(n)

)2

+
(
Qout(n)− Q̂out(n)

)2
]

(3.34)

where Iout(n) and Qout(n) are the desired output, i.e. measured output; Îout(n) and Q̂out(n)
are the simulated RVTDNN output; and, Nb is the length of the training sequence.

The ANN models mentioned above are proven modeling structures that rely on the input
and output signals relationship of the DUT. Their structures, whether a MLP, RBFNN,
RVTDNN or RNN, are chosen separately from the sources of distortions and their origins
in the PA. This factor negatively affects the performance of the ANN-based models, since
the ANN performance directly depends on their structure [19, 28]. Therefore, in this
thesis, the physical knowledge about the PA presented in [10, 43] was used to deduce
an appropriate ANN structure for the behavioural modeling of the PA. This approach
increases the performance of the ANN model, as well as improving the fitting of the PA
behaviour, as shown in Chapter 5.

3.4 Experimental Model Identification

For the different models presented in this thesis, the following identification procedure
was used: first, an experimental setup was established, as described in the next two sub-
sections, to capture the envelope information about the input and the output signals of a
given PA. Subsequently, the captured signals were used for the identification of the forward
model, i.e. PA behavioural model, and the reverse model, i.e. DPD function construction,
to asses the model’s capability of reproducing and linearizing the PA response, as described
in Section 3.4.3.

3.4.1 Experimental Setup

Figure 3.14 presents the setup used for the measurement tests to collect the signals
used for the model identification. Test signals were synthesized with Agilent Advanced
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Design System (ADS) [66]. The signal was then transferred to the signal generator via
the General Purpose Interface Bus (GPIB). The signal excited the PA, also described as
the DUT, and the PA output was captured by the spectrum analyzer. Finally, the Vector
Software Analyzer (VSA) saved the signal captured by the spectrum analyzer.

Figure 3.14: Experimental Setup

3.4.2 Signal and Device Under Test for Model Identification

Testing and validation of the proposed model was conducted using the following PAs:

– 250 Watts (W) Peak Envelop Power (PEP) Symmetrical Doherty Power Amplifier
(SDPA) designed using the 80W high-power LDMOS (Laterally Diffused Metal Oxide
Semiconductor) FET (Field-Effect Transistor) devices from Freescale Semiconductor,
Inc., MRF7S21080H.

– 250W PEP Asymmetrical Doherty Power Amplifier (ADPA) designed using the 150W
high-power LDMOS FET devices from Freescale Semiconductor, Inc., MRF7S21150H.
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The input and output signals of the PA setup are measured in both forward and reverse
modeling scenarios. Then, the construction of the dynamic, AM/AM, AM/PM, PSD and
the PA/DPD models are performed in MATLAB.

A 4C WCDMA signal with a PAPR of 7.412dB and a 1001 WCDMA signal with a PAPR
of 7.24dB, synthesized in ADS, were used as the test signals, as shown in Figures 3.15 and
3.16.

Figure 3.15: Typical DUT Input and Output Spectra of a 4-Carrier WCDMA Signal

3.4.3 Forward and Reverse Model Validation Tests

The forward model and DPD validation were performed to test the model accuracy for
fitting the input and output responses of the DPD and its capacity to create an accurate
linearizer.

Forward Validation Test

Forward validation aims to validate a model’s capabilities in capturing and characterizing
the linear and nonlinear distortions observed in the DUT. This validation was carried out
by comparing the measured output response of the DUT against the output of the model.
This validation was done in the frequency and time domains. For the time domain, the
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Figure 3.16: Typical DUT Input and Output Spectra of a 1001 WCDMA Signal

Normalized Mean Square Error (NMSE), shown in Equation 3.35, between the measured
and the modeled signal gives the ability of the model to reproduce the output signal
components of the DUT. The time domain validation can also be carried out by comparing
the AM/AM and AM/PM distortions generated by the DUT and the ones produced by
the model. For the frequency domain, the validation was carried out by comparing the
matching between the respective PSD of the measured and modeled outputs.

NMSE = 10 log10

 1

2N

N∑
n=1

(I(n)− Î(n)

I(n)

)2

+

(
Q(n)− Q̂(n)

Q(n)

)2
 (3.35)

where I and Q are the measured in-phase and quadrature components of the output of the
DUT, Î and Q̂ are the modeled in-phase and quadrature components, and N is the length
of the sequence used for comparison.

For a typical DUT, the generated MEs are usually a small perturbation around the
static nonlinear distortion. Therefore, assessing the fidelity of the model to reproduce
these ME perturbation when comparing the complete model and the DUT output signal
is difficult, since the MEs perturbation is hidden by the memoryless nonlinear distortion.
Consequently, a model validation approach suggested in [65] was used as it emphasizes the
capability of the modeling scheme in predicting the MEs. This method consists of applying
a memoryless digital predistorted function, and its respective output is used to drive the
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DUT. Hence, the focus is on assessing the capability of the model in predicting the residual
out-of-band emission dominated by the MEs.

Reverse, or DPD, Validation Test

DPD validation requires the synthesis of the predistorted function. For an analytical
model, the predistorted function can be analytically deduced. However, a easier way to
find the inverse function consists of identifing the predistortion by simply reversing the
input and output data in the identification process. In fact, this method results in the in-
verse model, because if a model consists of transforming X to Y , the inverse model is just a
function that transforms back Y to X. Therefore, inverting the input and the output signal
yields the construction of the inverse function, i.e. the DPD function. Subsequently, vali-
dation of the reverse model is carried out by identification the DPD’s ability to cancel the
unwanted distortion, especially out-of-band. Thus, the calculation of the ACPR reduction
is a good measure to assess the DPD performance for correction of PA nonlinearity.
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Chapter 4

Overview of Artificial Neural
Networks

The term ’neural network’ has been employed for two different usages:

– Biological neural networks are a set of large numbers of biological neurons that are
highly connected in the human brain. They perform physiological functions and are
responsible of the activity of the human brain, including processing and producing
information.

– Artificial Neural Networks (ANNs), which were inspired from biological neural net-
works, are mathematical connectionist models that consist of connections between
artificial neurons organized in a specific manner. ANNs have been successfully ap-
plied to diverse applications, including financial, medical, industrial, data mining,
sales and marketing, operational analysis, human resource management, science, en-
ergy, education, etc. [19, 28].

The focus, in this thesis, is on ANNs and their use for the modeling and linearization
of dynamic nonlinear PA. The structures and parameters of ANNs are discussed in this
chapter.

4.1 Biological Inspiration

ANNs were inspired by the structure and functionality of biological neural networks.
In fact, ANNs are an attempt to emulate the computational ability of the human brain.
Therefore, a brief description of the human brain is required to understand the principle
of the construction and functionality of the ANN.
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The development of biological neural networks is performed in two phases. The first
phase happens at birth, where the human is provided with a specific network structure
of neurons with their respective connections. This structure, i.e. the human brain, is
composed of a massive network of parallel and distributed computational elements called
neurons (approximately 1011). These neurons are highly connected (approximately 104

connections per element) making it capable of very powerful learning, storage and pro-
cessing of information. These neurons are composed of three main components, namely
dendrites, cell body and axon, as shown in Figure 4.1. Note that the artificial neuron
adopts these three components in the construction of its structure.

– The dendrites are collector connections that bring electrical signals into the cell body.

– The cell body obtains the electrical signals from the dendrites and then sums and
thresholds these signals.

– The axon is an output of the cell body that carries the signal to other neurons to
become dendrites for these neurons through points of contact called synapses.

Figure 4.1: Schematic Drawing of Biological Neurons

The second phase of the biological neural network is performed throughout human life,
where the network continues changing by creating or cancelling some neurons and strength-
ening or weakening their connections. The second phase is known as the learning phase,
where the human updates his biological network, while learning and storing new informa-
tion and knowledge.
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ANNs use the concept of biological neural networks. Nevertheless, ANN does not ap-
proach the high complexity of the human brain, but tends to reproduce the same structure
and learning process of the biological neural networks. In fact, similar to biological neural
networks, the development of the ANNs is done through two steps. First, an a priori struc-
ture with some predefined connections (called weights in the case of ANN), is chosen where
the structure of the artificial neuron resembles the biological neuron. Second, through a
learning process, the ANN updates its structure and weights using some information for
the purpose of saving, learning and/or processing this information.

Note that the principle of ANN is original and innovative compared to the traditional
way of computing. Indeed, ANNs’ usage is motivated by the fact that, although human
brains are much slower than electrical circuits (10−3 versus 19−9 seconds), they are capable
to solve much more complex problems faster and more efficiently than any conventional
computer. This is due to the highly connected structure of the neurons in the human
brain, allowing these neurons to work simultaneously, which is much more powerful than
the sequential and/or recursive procedures of traditional computers.

The next section describes the artificial neuron architecture and its similarity to the
biological neurons. Section 4.3 discusses the learning process and its similarity to human
learning. Finally, the last two sections (4.4. and 4.5) present the ANN structure and
learning parameters.

4.2 Neuron Model and Network Architecture

4.2.1 Neuron Model

Single Neuron

A typical artificial neuron is shown in Figure 4.2. Like the biological neuron, the artificial
neuron is composed of three elements:

– A set of input weights, similar to the dendrites, which represents the connection
between neurons in the network.

– An Activation Function (AF), also called a transfer function, similar to the cell
body, is responsible for summing and processing the input weights, resulting in a
single output.
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– Output weights, similar to the axon, are responsible for transferring the output of the
neuron to the other neurons in the ANN, which will represent either input weights
for different neurons or the output of the network.

Figure 4.2: Single Neuron

From a mathematical point of view, the artificial neuron works as follows. Outputs,
oi, from others neurons that are connected to specific neurons are multiplied by certain
weights, wi. In general, a special neuron is connected to all neurons in the network and
has a constant output equal to 1, called bias; and, this neuron has a special weight, b. All
the resulting values at the input of the neuron are summed and transferred to AF which
produces an output, o. This mechanism is summarized in Equation 4.1.

o = f

(
N∑
i=1

wioi + b

)
(4.1)

where N represent the number of neurons connected to the inputs of the neuron, f des-
ignates the AF and wi and b are adjustable parameters of the neuron that a learning
algorithm sets, so that the ANN converges to a specific task. On the other hand, AFs are
invariable functions that are set when choosing the network structure. There exist different
types of AFs, which are described in the next subsection.

Activation Function

There exist two types of AFs used in ANN, linear and nonlinear:
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– A linear AF is used to mimic linear systems. For example, an equivalent of the
Finite Impulse Response (FIR) filter can be modeled using an ANN with a set of
liner neurons.

– A nonlinear AF is used in the modeling of nonlinear systems. For example, a static
nonlinear system can be modeled by an ANN with a set of nonlinear neurons.

Figures 4.3 and 4.4 and Equations 4.2-4.6 represent the most commonly used linear and
nonlinear AFs used in ANNs.

Purelin(x) = x (4.2)

Satlin(x) =


0, if x ≤ 0
x, if 0 ≤ x ≤ 1
1, if 1 ≤ x

(4.3)

Satlins(x) =


−1, if x ≤ −1
x, if −1 ≤ x ≤ 1
1, if 1 ≤ x

(4.4)

Tansig(x) =
e2x − 1

e2x + 1
(4.5)

Logsig(x) =
1

1 + e−x
(4.6)

Figure 4.3: Most Commonly Used Linear Activation Functions

4.2.2 Network Architecture

As in the case of the human brain, one neuron is not sufficient to approximate an input-
output relationship. In general, an arrangement of parallel neurons, called layers, is set to
accurately model an input-output relationship.
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Figure 4.4: Most Commonly Used Nonlinear Activation Functions

One Layer of Neurons

A set of N neurons arranged in parallel, as shown in Figure 4.5, represents one layer
of neurons. Input neurons are connected to each neuron of the one-layer network and
outputs of these neurons represent outputs of the ANN, i.e. there is no hidden layer in
this type of network. The one layer of neurons works as follows: input elements ,xj, where
j = 1 · · ·M , are connected to the single layer through a weight matrix, W , where M is
the number of inputs. Each neuron has a bias, bi, where i = 1 · · ·N ; an adder; an AF, fi,
where i = 1 · · ·N ; and, an output, oi, where i = 1 · · ·N and N represents the number of
the neurons in the one-layer network. These ANN outputs are expressed in Equation 4.7:

oi = fi

(
M∑
j=1

wi,joj + bi

)
; i = 1 · · ·N (4.7)

Equation 4.7 can be rewritten in matrix form, as in Equation 4.8, where O is the output
vector of the ANN, W is the weight matrix, X is the input vector and B is the bias vector.

O = F (WX +B) (4.8)
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Figure 4.5: One Layer of Neurons

Where

O = [o1 o2 · · · oN ]T (4.9)

F
(

[a1 a2 · · · aN ]T
)

= [f1(a1) f2(a2) · · · fN(aN)]T (4.10)

W =


w1,1 w1,2 · · · w1,M

w2,1 w2,2 · · · w2,M
...

...
. . .

...
wN,1 wN,2 · · · wN,M

 (4.11)

X = [x1 x2 · · · xM ] (4.12)

B = [b1 b2 · · · bN ] (4.13)

(4.14)

It is common for the neuron?s AFs in the same layer to be set the same; however, in
general, there is no restriction to having different AFs in the same layer.

Multiple Layers of Neurons

For a multiple layer ANN, which is shown in Figure 4.6, each layer consists of a different
weight matrix, W i, where i = 1 · · ·NL and NL is the number of layers; different bias
vectors, bi where i = 1 · · ·NL; and, an output vector, o. The layer whose output is the
output of the ANN is called an output layer, where the other ones are called hidden layers.
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Figure 4.6: Multiple Layers of Neurons

Multilayer ANNs are more general than the one-layer network; and, they are able to
perform better representations than the one-layer network, in terms of modeling input-
output relationships. For example, a one hidden layer network with nonlinear AFs in the
hidden layer can approximate most nonlinear functions arbitrarily well [11, 14, 19, 20, 28].
Moreover, Chester in [8] established that the use of two hidden layers instead of one, makes
the ANN stronger, in terms of accuracy and stability. In the Section 4.4, a more detailed
discussion about the number of hidden layers is provided.

With the use of a multilayer ANN the choice of the number of neurons and the AFs
becomes more difficult. For the one-layer network, the number of inputs to the network
and the number of outputs from the network are equal to the system inputs and outputs
being modeled. The choice of AFs in the one-layer network depends on the relationship
between the inputs and the outputs. Therefore, the system to be modeled can be used
to determine almost completely the network architecture and parameters of the one-layer
network.

In the case of networks with hidden layers, however, the problem specification, i.e. the
input-output relationship, does not provide all the ANN parameters. One of the tedious
parameters to find is the required number of neurons in the hidden layers. In fact, there is
no direct information that can provide the exact or even approximate number of neurons in
the different hidden layers, since these parameters are hidden to the system being modeled.

In multilayer networks, there exist two types of ANN structures: feed-forward and re-
current ANN:
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– Feed-Forward Neural Networks (FFNNs) are ANNs that allow signals to travel only
in one direction, from the input layer to the output layer. In FFNNs, hidden layers,
including the output layer, get their input from only the previous layers. This type of
network is extensively used in pattern recognition and as an input-output modeling
approach.

– Recurrent Neural Networks (RNNs), also called feedback ANNs, allow signals to
travel both ways. This type of network allows feedback loops, which make them
very powerful in the modeling of dynamic nonlinear systems with memory. However,
RNNs are very complicated for training and present serious problems in terms of
stability. Many applications use RNNs, but many works preferred an FFNN or a
modified a priori RNN structure to a feed-forward structure [46].

4.3 Artificial Neural Networks Training Algorithm

As in the case of biological neural networks, an a priori structure is set at the time of
birth, but a learning process is needed to acquire knowledge. The same process is works
for ANNs. In fact, after setting the structure of the ANN, a training phase is required to
make the ANN learn the relationships between its inputs and outputs. The training of the
ANN is performed by adjusting the values of the connections (weights and biases) between
the neurons to approach a certain behaviour. The training process is classified into two
categories:

– Supervised learning, in which learning is applied by practice through learning, i.e.
learn by example.

– Unsupervised learning, in which the system is presented with a number of patterns
and the network has to group these patterns into categories, i.e. learn from the
environment.

These two algorithms are discussed in the following subsections.

4.3.1 Supervised Learning Algorithm

The supervised learning algorithm relies on an external agent that provides the network
with a set of training signals, i.e. a set of inputs and their respective outputs, also called
the desired outputs. The principle of the supervised algorithm is based on error correction.
In fact, the network adjusts its parameters (weights and biases) with respect to the error
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between the network outputs and the desired outputs. One of the most powerful algorithms
in the class of supervised algorithms is the BPLA [19, 28], which uses the error between the
network outputs and the desired outputs to update the network parameters in the backward
direction. The BPLA is comprised of two steps: first, forward propagation, where an error
signal is computed; and, second, a backward propagation of the error adjusts the network
parameters starting with the output layer down to the input one.

The BPLA works as follows [19, 28]:

1. Starts with an initialization phase, in which the selection of random values for the
weights and the biases is performed.

2. Selects an input pattern from the training data and feeds it to the inputs of the ANN.

3. Activates neurons in the following way: multiplies the weight values of the connec-
tions leading to a neuron with the output values of the preceding neurons; adds
up these values; passes the result to the AF; and, the AF processes these inputs,
resulting in the output value of this neuron.

4. Repeats step 3 until the output layer is reached.

5. Computes the error between the outputs of the ANN and the desired outputs.

6. In a backward manner, adjusts the ANN parameters to reduce the local error.

7. If the error reaches a desired level, the algorithm ends; otherwise, the algorithm
restarts from step 2.

There are different variations of the BPLA. The most widely used version is based on
the descend gradient method. This algorithm updates the network parameters in the
direction that the performance function decreases most rapidly, i.e. the negative of the
error gradient. The gradient descendent BPLA is based on the iteration of the network
parameters in Equation 4.15:

xk+1 = xk − α
∂ek
∂xk

(4.15)

where k represents the iteration index, x is the network parameter (weight or bias), α is
the learning rate, and e is the error between the network outputs and the targeted outputs.
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There exist two ways to compute the error function and its gradient, which are needed
to update the network parameters:

– Sequential mode, where the gradient is computed and the network parameters are
updated after each single input pattern is applied to the network.

– Batch mode, where the gradient is computed and the network parameters are updated
after the processing of all inputs patterns.

4.3.2 Unsupervised Learning Algorithm

Unlike the supervised algorithm, the unsupervised one does not use an external agent
that provides the network with a set of training data. The unsupervised learning algorithm,
also called a self-organizing algorithm, clusters the network input data with respect to their
resemblance and emergent collective properties. The unsupervised algorithm does not have
any knowledge about what the output should be. This type of algorithm is very useful in
many applications, where there is no a priori information.

For this thesis, the focus is on the supervised learning algorithm, since the input the
output of the PA being modeled or linearized are measured quantities.

4.4 Artificial Neural Network Structure Parameters

4.4.1 Number of Hidden Layers

The number of hidden layers in an ANN has received a great deal of interest in ANN
research. In fact, some theories [11, 14, 20] have proven that a feed-forward ANN with a
single hidden layer with nonlinear AFs can approximate any nonlinear function with any
desired error. This result is known as the universal approximation theorem. This theorem
was published by Cybenko [11], Funahashi [14], and Hornik, Stinchcourbe and White [20].
This theorem was inspired by the Weierstrass theorem [57].

The universal approximation theorem states that, given a:

– φ(.) as a non constant, bounded and monotone-increasing continuous function,

– Im0 as an m0-dimensional unit hypercube [0, 1]m0 function, and
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– C (Im0) as space of continuous function,

for any function, f ∈ C (Im0), and any accuracy, ε > 0, there exists an integer, m1, and a
set of real constants, αi, bi, and wi,j where i = 1 · · ·m1 and j = 1 · · ·m0, such that:

F (x1, · · · , xm0) =

m1∑
i=1

αiφ

(
m0∑
j=1

wi,jxj + bi

)
(4.16)

is an approximate realization of the function f(.); that is:∣∣∣f (x1, · · · , xm0)− F (x1, · · · , xm0)
∣∣∣ < ε (4.17)

for all x1, · · · , xm0 that lie in the input space, Im0 .

Equation 4.16 represents the structure of a feed-forward ANN with one hidden layer. The
universal approximation theorem implies that a single hidden layer is sufficient for a mul-
tilayer perceptron to compute a uniform approximation to a given training set represented
by the set of inputs, x1, · · · , xm0 and a desired output, f (x1, · · · , xm0). The universal
approximation theorem was later generalized to the two hidden layer case by Kurkova [35].

The universal approximation theorem has received a lot of interest when dealing with
ANN as modeling tool; and, consequently, many applications restricted the choice of num-
ber of hidden layers to 1. However, the theorem does not say if the single hidden layer is
optimal in the sense of learning time (number of epochs), ease of implementation and, in
particular, generalization (behaviour with non trained data). In addition, the theorem as-
sumes that the training data are noise free, an assumption that is violated in most practical
applications, such as the case of the PA modeling problem.

Some alternatives studies extended the use of ANN to two hidden layers to provide a
more general and stable ANN, compared to the case of a single hidden layer. Nevertheless,
most practical ANNs have just one or two hidden layers. Three or more hidden layers are
rarely used; and, until now, there has been no theoretical study that proves the necessity of
more than two hidden layers. The real issue at present is whether one or two hidden layers
should be used. In [8], Chester established that with a finite sampling of points and with
a two hidden layer ANN, results are better than those from the universal approximation
theorem; and, even if similar, the number of hidden neurons grows without bound in the
case of the single hidden layers.
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The authors in [21] proved that a small network with two hidden layers can be used in
most of approximation and modeling problems, where a network with one hidden layer
would require an infinite number of nodes. In fact, Chester criticized the use of the single
hidden layer, in the sense that it is true that the universal approximation theorem can
produce any level of accuracy for the training data, but with new data nothing is guaran-
teed. In other words, with a finite number of neurons in a single hidden layer, no generality
is guaranteed for non trained data. However, the single hidden layers can sometimes be
useful. Indeed, the author in [18] suggested that the single hidden layer is the best choice
when the system being modeled has one input and/or if data are noise free.

Yet, there is no deterministic and clear approach to set the number of hidden layers in a
particular problem; and, an empirical study remains the only way to deal with this matter.
Hence, the choice of the number of hidden layers can be based on the following criteria:
the size of the ANN, the learning time, the implementation capability of the hardware, the
targeted accuracy and, especially, the system structure. The system structure can inspire
that of the ANN, as is the case in the model proposed in this thesis [46].

4.4.2 Number of Neurons in the Hidden Layers

The number of neurons in the input and output layers is straight-forward. In fact, the
number of neurons in the input layer depends on the number of possible inputs of the system
being modeled or approximated; and, similarly, the number of neurons in the output layer
depends on the number of desired outputs. However, there exists no concrete rule for the
selection of the number of neurons in the hidden layers, since they are hidden to the system
being modeled. Moreover, these numbers are the most important and crucial parameters in
an ANN [19, 28]. When not enough neurons are used, the ANN filters out the underlying
function; whereas, when too many neurons are used, the ANN starts to model the noise
and/or overfits the data. Thus, the real power of the ANN in its generality is primarily
determined by the number of neurons in the hidden layers. Generally, users of ANN turn
to empirical studies for the determination of the number of neurons in the hidden layer.

The empirical study for the number of neurons consists of changing the number of neu-
rons in each hidden layer and analyzing the results using the bias-variance dilemma [16], in
order to determine the most suitable number of neurons. The bias error corresponds to the
error relative to the training data; whereas, the variance error is relative to the overall data,
including data not provided during the training. The bias-variance dilemma represents a
good indicator for the overfitting problem in ANNs, since it presents a good measure for
the generality of the ANN assessed by measuring the ANN performance with non trained
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data. One of the techniques used for the bias-variance error is the cross-validation [19],
which balances the ANN between a good interpolator and a good generalizer.

A first guess of the number of hidden layers can be set to the average of the number
of input and output attributes [37]. The adjustment of the number of neurons is then
performed to obtain the better trained network, until the optimal number of neurons is
attained. To accomplish this, two different strategies in learning algorithms can be used:

– The pruning procedure [38], which consists of starting with a large number of neu-
rons and gradually reducing the connections between neurons to reach the optimal
network.

– The growing algorithm [6], which starts with a few neurons and adds more connec-
tions and neurons to reach the optimal network.

4.4.3 Type of Activation Function

As in the case of almost all ANN parameters, there exists no straightforward method to
determine the suitable AFs. For the output layer and/or other hidden layers, the choice of
the AFs depends on the nature of the problem. Usually, linear AFs are used for regression
problems, while nonlinear AFs are used for classification or pattern recognition [28]. For
linear and nonlinear AFs, the use of an antisymmetrical function often results in faster
training [37]. A popular choice of AFs is the antisymmetric hyperbolic tangent, which is
defined in Equation 4.18 [37]:

φ(x) = a tansig(bx) = a
e2bx − 1

e2bx + 1
(4.18)

where a and b are constants. LeCun [37] proposed the following values for a and b:

a = 1.7159 (4.19)

b =
2

3
(4.20)

4.4.4 Input and Target Values

Preprocessing the training data can sometime be very crucial to good ANN performance.
In fact, in some extreme cases, the ANN fails to converge to a good solution. For example,
for very small targeted values, the ANN can easily diverge, especially when their respective
inputs are large and/or the ANN has a large size.
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LeCun in [37] proposed a number of preprocessing steps for the input and output training
data, in order to facilitate the task of the learning algorithm:

– Uncorrelate the input using the principal component analysis.

– Scale the input variables, so that their covariances became equal; then, all input
variables are trained at the same speed.

– Normalize the output in the range of the AF in such a way that the output values
are offset by some amount away from the saturation of the nonlinear AF.

Also, it is always preferable to maximize the information content in the training data.
This can be done by using training data that results in the largest training error and/or
training data that are radically different from all those previously used. LeCun [37] pro-
posed to randomize the order in which the examples are presented to the ANN from one
epoch to the other, in order to maximize the information content.

4.5 Artificial Neural Networks Training Parameters

The following subsections discuss some heuristics that can improve the learning process
for ANN.

4.5.1 Learning Rate and Momentum Term

In the BPLA, the learning rate controls the speed of convergence, i.e. too small a learning
rate value makes the network learn very slowly, while too large a learning rate value makes
the network diverge. In [3], the authors demonstrated that the best learning rate can be
deduced from the Hessian matrix. However, since the Hessian matrix changes dramatically,
because the objective function has many local and global optima, a constant learning rate
is the preferred solution.

The rule to select the right learning rate is to have all the neurons learn at the same
rate; and, since the gradient of the output layer is larger than the one in the hidden layer,
a smaller learning rate is usually set for the output layer. In general, a good value for
the learning rate should be smaller than 2

λmax
, where λmax is the maximal eigenvalue of

the error function of the Hessian matrix of second derivatives [19]. A simpler rule for the
choice of the learning rate is:
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– The smaller the learning rate value is, the smoother the convergence is; however, a
large number of iterations is required.

– The larger the learning rate value is, the rougher the convergence is; however, a small
number of iterations is required.

.

The BPLA, even with a good choice of learning rate, suffers from the convergence into
local optima. Many algorithms have been proposed to optimize the learning rate, in order
to approach the global optima. Alternatively, a simple and powerful method has been
introduced by authors in [56] to improve the learning process by adding a momentum
term, as in Equation 4.22:

xk+1 = xk − α
∂ek
∂xk

+ η [xk − xk−1] (4.21)

xk+1 = xk − α
∂ek
∂xk

+ η

[
−α∂ek−1

∂xk−1

]
(4.22)

where k represents the iteration index, x is the network parameter (weight or bias), α is
the learning rate, e is the error between the network outputs and the desired outputs, and
η represents the momentum term.

The momentum term adds prehistory to the current update of the parameters, involving
previous parameter changes to the current changes. In other words, the momentum term
determines the relative contribution of the current and past errors to the current change
of the parameters. Thus, the momentum rate is a solution of oscillatory descent, when
applying a large learning rate, and a solution of slow convergence, when using a small
learning rate, due to the prehistory added to the learning by the momentum term [19].

The learning rate and momentum term values can be determined by the Hessian matrix
of the error function. Nevertheless, because the computation of the Hessian matrix is
expensive and non constant throughout the learning, the optimal choice of these two values
remains based on trial and evaluation techniques. In general, a good start for these two
values is ]0 , 0.3] for the learning rate and [0.5 , 0.7] for the momentum term [19].

4.5.2 Error Function for Stopping Criterion at Learning

The BPLA is controlled by the maximum allowed error function, i.e. the desired error.
Therefore, the modeling capability of an ANN is defined by the stopping criterion of the
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learning. Usually, the desired error is a function of the amount of noise present in the data,
which can, in general, be approximated. Thus, it is a good idea to incorporate information
about the noise for the assessment of the network’s performance, especially when the cross-
validation technique is considered. In fact, involving the amount of the noise in the error
function provides an idea about when the ANN turns from a good generalizer to curve
fitting (data and noise modeling). The traditional NMSE function assumes the data to be
noise free; therefore, scaling of this error function with the amount of noise is required to
take into account the noise information in the data.

Several functions that incorporate information about the noise have been developed in
the literature. These functions consist of variations of the widely used Root Mean Square
Error (RMSE) defined in Equation 4.23:

ERMSE =

√∑P
p=1

∑K
k=1 (dp,k − op,k)2

PK
(4.23)

Where dp,k are the desired outputs, op,k are the ANN outputs, P is the length of training
data, and K is the number of output neurons. In the following equations, four error
functions that use information about the amount of noise present in the training data in
their definition are defined as:

Eσ =
ERMSE

σd
(4.24)

Ed =
ERMSE∣∣d̄∣∣ (4.25)

E(σ+d) =
ERMSE

0.5
(
σd +

∣∣d̄∣∣) (4.26)

E(exp dσ) =
ERMSE

e−|d̄|σd +
∣∣d̄∣∣ (4.27)

where σd and d̄ denote the standard deviation and the mean of the desired values, respec-
tively.

4.5.3 Weight Initialization

A good choice of the initial weight and bias values can be a crucial step for a successful
network design. In fact, with inappropriate initial network parameters, the training of the
network can easily diverge or last forever, without any significant learning or adapting [19].
For example, with large weights, the neurons in the network are driven into saturation,
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which leads to a very small gradient, making the learning very slow and sometimes inef-
fective. On the other hand, if the weights are assigned to be very small, the AFs operate
at a flat region, near zero, which makes the network unable to model a nonlinear function.
Thus, when the initialization is unsuitable, the input of the nonlinear neurons are far from
the nonlinear shape of the AF; therefore, the gradient of the error is very small which,
resulting in no change in the adaptation. Consequently, the proper choice of initialization
should lie between these two extreme cases.

Usually, a random initialization leads to a good starting point for network learning. In
addition, some studies have advanced some standard strategies for the initialization of
the weights for any ANN applications. For example, Gallant in [15] proposed a uniform
distribution of the weights in the interval

[−2
I
, 2
I

]
, where I represents the dimension of

the input vector. Alternatively, LeCun [37] proposed a mean zero distribution of the
weights and a variance equal to m−0.5, where m represents the average number of synaptic
connections of a neuron.

In general, the key to a good choice of the network parameters is avoidance of the two
extreme cases previously presented, as well as avoidance of a symmetrical distribution of
weights. In fact, symmetry in the network parameters (or worse, the same distribution)
for the different neurons usually results in all neurons performing similarly.

4.5.4 Maximizing the Information Content

In general, good training of a particular ANN depends on the information content present
in the training data. Thus, using the largest possible information available in the system
being modeled results in a good bias error, but also in a good variance error. Two strategies
can be adopted for maximizing the information content in the training data [37]:

– Select the training data that results on the largest possible training error.

– Avoid training data that are highly redundant.

These two techniques result in training of the ANN in the largest space, covering the
largest functionality of the system being modeled.
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4.5.5 Sequential versus Batch Update

A sequential update is a pattern-by-pattern updating, while a batch update consists of
one update after processing all the training data. Usually, for large and highly redundant
data, the sequential update is faster than a batch update. However, the batch mode is
more resistant to imprecise and distorted examples (noisy data) than the sequential mode.
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Chapter 5

Two Hidden Layers Artificial Neural
Networks for Behavioural Modeling
and Linearization of RF Power
Amplifier

In this chapter, a novel Two Hidden Layers Artificial Neural Networks (2HLANN) model
is suggested to predict the dynamic nonlinear behaviour and linearization of wideband RF
PAs. Starting with a generic low-pass equivalent model of the PA [10, 43], an appropriate
ANN structure is deduced. This structure is then optimized to form a real-valued and
feed-forward 2HLANN based model that is capable of predicting the nonlinear behaviour
and MEs of wideband PAs.

The validation of the proposed model in mimicking the behaviour of a DUT is carried
out, in terms of its accuracy in predicting the output spectrum, the dynamic AM/AM and
AM/PM characteristics and the NMSE. The forward validation is carried out using two
PAs, namely a 130W class AB PA and a 250W PEP Doherty PA, both driven with a 20MHz
bandwidth signal. In addition, the 2HLANN model is used to linearize two 250 Watt PEP
Doherty PAs driven with 20 MHz bandwidth signals. The 2HLANN model performance
is compared to a number of previously published behavioural models. This extensive
validation demonstrates the excellent modeling accuracy and linearization capability of
the proposed 2HLANN model.
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5.1 Two Hidden Layers Artificial Neural Network

To identify a suitable ANN structure, an in-depth study of PA behaviour is needed.
Figure 5.1 shows the block diagram of a typical RF PA [10], describing its band-pass
behaviour. The transistor, represented by a nonlinear function, g(.), designates the static
nonlinear distortion of the PA. However, three extra linear filters represent the frequency-
dependent behaviour of the networks around the transistor, which are generally found to
be the main sources behind the mechanism of MEs. Generally, contributions from the
input and output FIR filters are less pronounced than the feedback FIR filter; therefore,
the diagram can be simplified into the PA model shown in Figure 5.2, where only the
feedback FIR filter remains [10, 43].

Figure 5.1: Band-Pass Model of a Power Amplifier

Figure 5.2: Low-Pass Equivalent Model of a Power Amplifier

Despite their completeness, band-pass equivalent models have always been approximated
by their low-pass counterparts, when dealing with behavioural modeling for predicting the
DUT around the carrier or in the process of constructing adequate digital predistortion
schemes. This is attributed to unavailability of the necessary measurement data needed
to deduce the band-pass models and to the complexity of their parameter identification.
Hence, attempts have focused on developing low-pass equivalent models that would capture
the DUT behaviour around the carrier.
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Defining signals y(n) and x(n) as the output and input signals of the circuit, respectively,
the nonlinear PA behaviour is formulated in Equation 5.1:{

y (n) = g (u (n))
u (n) = x (n) + f (y (n))

(5.1)

where g(.) is the static nonlinearity function of the transistor and f(.) is the function
defining the feedback path.

Using these two expressions in Equation 5.1, the general form is written in Equation 5.2:

y (n) = h
[
x(n), y(n− 1), · · · , y(n−Q)

]
(5.2)

where h(.) represents a dynamic nonlinearity, and Q designates the memory depth of the
output signal.

Equations 5.1 and 5.2 form the basis for determining the ANN structure. These equations
suggest the use of an RNN structure; however, to avoid the training complexity incurred
by this type of network, a corresponding feed-forward structure is derived.

Figure 5.3 corresponds to the PA model shown in Figure 5.2, where nonlinear AFs (NL)
are used to mimic the transistor’s static nonlinear behaviour and linear AFs (L) are utilized
to incorporate the feedback mechanism.

A few transformations are applied to convert the RNN structure of Figure 5.3 to a
feed-forward one, for which the BPLA can be used in the training phase. The first trans-
formation applied to the ANN is outlined in Figure 5.4. Previous samples of the output
signal, y(n), are fed back to the input layer through buffers. The resulting ANN is a pure
feed-forward structure with signals traveling only from the input layer to the output layer.
However, this structure is not a typical feed-forward structure, in that non-adjoining layers
are connected as shown in Figure 5.4. Hence, an additional transformation is still needed.

The second transformation consists of adding a neuron to the first layer through which
the input signal samples, x(n), are reported to the second hidden layer. The connection
weight between the x(n) signal and the first neuron is equal to 1, so that the input signal is
not altered, as shown in Figure 5.5. Now that all the signals flow in one forward direction
and te neurons of one layer are connected only to neurons of adjacent ones, the ANN can
be considered as a typical feed-forward network, such as shown in Figure 5.5.
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Figure 5.3: Recurrent Neural Network Based Model for a Power Amplifier with Memoryless
Input

Figure 5.4: Feed-forward ANN Based Model for a Power Amplifier with Memoryless Input

As shown in Figure 5.5, the input layer now consists of both buffered samples of the
output signal and the current sample of the input signal. The AFs of the first hidden layer
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Figure 5.5: Multilayer ANN Based Model for a Power Amplifier with Memoryless Input

are the linear implementation of the feedback FIR filter. The number of neurons in this
layer is Q + 1, where Q designates the memory depth of the output signal. Neurons of
the second hidden layer consist of a nonlinear AF. The number of neurons on the second
hidden layer depends on the degree of the static nonlinearity of the PA. Therefore, the
stronger the PA nonlinearity is, the larger the number of neurons that are needed in the
nonlinear layer. Therefore, to achieve the same modeling performance, highly nonlinear
PAs require a structure with a higher number of neurons, compared to that required for a
lower nonlinearity order.

To account for the MEs of the input signals, a set of neurons can be added to the input
layer, as shown in Figure 5.6, and the resulting network will be a MLP that takes into
account the contribution of MEs from the input and output signals, where P designates
the memory depth of the input signal.

Figure 5.7 depicts the ANN structure, where the in-phase (I) and quadrature (Q) com-
ponents of the input and output signals at the PA, (Iin, Qin) and (Iout, Qout), respectively,
are used, resulting in real-valued networks.

Now that the structure of the MLP is determined, the next crucial step in accurate
modeling is the training, which is described in the following section.
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Figure 5.6: Multilayer Perceptron Artificial Neural Network Based Model for a Power
Amplifier with Memory Input

5.2 Two Hidden Layers Artificial Neural Network Train-

ing

A 4C WCDMA signal, with a PAPR of 7.41dB, and synthesized in ADS, was applied
to a LDMOS 250 Watt PEP Doherty PA, designated as the first PA in Section 5.3. The
measured input and output envelope signals were used to train the 2HLANN structure
with the BPLA available in MATLAB.

Following the cross-validation technique [19], the training and validation of the ANN were
performed using different segments of the input and output signals to ensure the generality
of the model. Hence, 10, 000 samples were used for the training phase while a different
set of 20, 000 samples served in the validation phase. In addition, another set of data,
different from the ones used during the training and validation phases, was used for the
testing of the capacity of the model in predicting the output of the PA. The same training
and validation sets were used later for comparison with MP, RVTDNN and memoryless
polynomial models. It is worth mentioning that the training for the 2HLANN model was
done using the measured past samples of y(n) values; however, during the validation, the
newly computed past values of y(n) were used to demonstrate the correctness of the model.

The model validation approach suggested in [65] was used, since it puts the emphasis
on the capability of the modeling scheme in predicting the MEs. A memoryless digital
predistortion function was initially applied to the 4C WCDMA signal, and its output was
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Figure 5.7: Multilayer Perceptron Artificial Neural Network Based Model for a Power
Amplifier

used to drive the RF PA under test. Hence, the focus is in assessing the capability of
the models in predicting the residual out-of-band emission dominated by the MEs. The
resulting PSD of the input and output signals of the DUT are shown in Figure 5.8.

As previously mentioned, the number of neurons, in the first layer, is determined by the
number of the inputs (1 + P + Q), which is directly related to the memory depth in the
input and output signals. Furthermore, the number of neurons in the second layer is related
to the order of the static nonlinearities’ exhibited by the transistor. The determination of
its value can be achieved separately, by finding the required number of neurons required
by a memoryless ANN model to predict the static nonlinearity of the DUT. Hence, the
only remaining unknown parameters of the proposed model are P and Q, which denote
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Figure 5.8: Power Spectral Density of the Power Amplifier’s Input and Output

the input and output memory depths, respectively. This can be achieved by assessing the
modeling accuracy, i.e. NMSE, for number of P and Q, as will be shown later on.

Various parameters pertinent to the structure of the ANN and its training algorithm
were adjusted to identify an optimal combination.

Table 5.1 recapitulates the ANN model performance as a function of input and output
memory depths, corresponding to number values of P and Q, respectively. Based on
Table 5.1, one can conclude that higher memory depth does not imply higher performance.
Hence, the case where P = 0 and Q = 4 was chosen as the optimal setting, as it yields the
lowest NMSE versus minimum complexity. The result of P = 0 was an expected result
from physical model of the PA given in Figure 5.2. In fact, the physical model states that
the PA behaviour is a function only of the current input signal and the previous output
signals, and this assumption was validates experimentally, as mentioned in Table 5.1.

Table 5.2 corresponds to the model performance when different numbers of neurons was
used in the linear layer. One can observe the performance degradation if more than 5
neurons are used. Again, this result was expected from the physical model of the PA. In
fact, as previously mentioned, the number of neurons, in the first layer, is determined by
the number of the inputs and outputs used for modeling (1 + P +Q). On the other hand,
P and Q were found to be equal respectively to 0 and 4. Thus the expected number of
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Table 5.1: 2HLANN Model Performance vs. Input Output Memory Depth

Memory Depth Normalized Mean Square Error
P = 0 Q = 1 -37.77
P = 0 Q = 2 -37.13
P = 0 Q = 3 -37.37

P = 0 Q = 4 -39.23
P = 0 Q = 5 -37.30
P = 1 Q = 1 -34.17
P = 1 Q = 2 -34.40
P = 1 Q = 3 -34.79
P = 1 Q = 4 -36.98
P = 1 Q = 5 -37.07
P = 2 Q = 1 -33.08
P = 2 Q = 2 -33.38
P = 2 Q = 3 -33.98
P = 2 Q = 4 -35.5
P = 2 Q = 5 -35.32
P = 3 Q = 1 -33.06
P = 3 Q = 2 -32.53
P = 3 Q = 3 -33.53
P = 3 Q = 4 -35.63
P = 3 Q = 5 -35.1
P = 4 Q = 1 -32.6
P = 4 Q = 2 -34.04
P = 4 Q = 3 -34.59
P = 4 Q = 4 -34.66
P = 4 Q = 5 -35.22
P = 5 Q = 1 -32.99
P = 5 Q = 2 -33.20
P = 5 Q = 3 -34.63
P = 5 Q = 4 -34.99
P = 5 Q = 5 -35.59

neurons in the first layer is 5 (5 = 1+P+Q = 1+0+4) which was validated experimentally
through Table 5.2.

Table 5.3 corresponds to the model performance when different numbers of neurons
were used in the nonlinear layer. According to Table 5.3, one can observe the performance
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Table 5.2: 2HLANN Model Performance vs. Number of Linear Neurons

Number of Linear Neurons Normalized Mean Square Error
5 -37.79
10 -37.33
14 -36.73
18 -37.69
20 -35.26

degradation if more than 25 neurons are used. This phenomenon is attributed to the over
modeling problem [28]. In fact, ANN modeling where the needed neurons are exceeded or
are not met degrades the ANN performance. Henceforward, 25 neurons will be used.

Table 5.3: 2HLANN Model Performance vs. Number of Nonlinear Neurons

Number of Nonlinear Neurons Normalized Mean Square Error
5 -33.10
10 -34.99
15 -35.87
20 -35.67
25 -39.42
30 -38.96

Table 5.4 summarizes the performance of the 2HLANN model, in terms of NMSE, de-
pending on the type of the AF in the linear and nonlinear hidden layers. According to
Table 5.4, the best modeling accuracy is obtained when the AF in the first hidden layer is
“satlins” and the nonlinear AF in the second hidden layer is “tansig”. These AFs will be
used hereafter.

Table 5.4: 2HLANN Model Performance vs. Activation Functions

Activation Functions
Normalized Mean Square Error

L hidden layer NL hidden layer
Satlins Sigmoid -43.05
Satlins Logsig -41.91
Purelin Sigmoid -39.42
Purelin Logsig -39.47
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Table 5.5 depicts the proposed model performance depending on the learning rate of the
BPLA, where both constant and dynamic rates are used. Based on Table 5.5, one can
conclude that a moderated learning rate equal to 0.1 leads to a good trade-off between
accuracy and convergence rate. In addition, when the learning rate was set to be dynamic,
a slight improvement was seen, as can be observed in Table 5.5.

Table 5.5: 2HLANN Model Performance vs. Learning Rate

Learning rate Normalized Mean Square Error
Constant lr = 0.2 -42.67

Constant lr = 0.1 -43.1
Constant lr = 0.05 -42.87
Constant lr = 0.01 -43.09
Constant lr = 0.005 -42.70

Inc. rate = 1.05 Dec. rate = 0.9 Initial value = 0.1 -43.1
Inc. rate = 1.05 Dec. rate = 0.8 Initial value = 0.1 -43.55

Inc. rate = 1.05 Dec. rate = 0.7 Initial value = 0.1 -42.97
Inc. rate = 1.05 Dec. rate = 0.6 Initial value = 0.1 -42.70

Table 5.6 depicts the proposed model performance depending on the momentum term
of the BPLA, where both constant and dynamic rates are used. Based on Table 5.6,
one can conclude that a momentum term equal to 0.1 leads to a good trade-off between
accuracy and convergence rate. In addition, when the momentum term is dynamic, a slight
improvement is seen, as can be observed in Table 5.6.

Table 5.6: 2HLANN Model Performance vs. Momentum Term

Momentum Term Normalized Mean Square Error
Constant mr = 0.7 -41.73

Constant mr = 0.6 -42.25
Constant mr = 0.5 -42.16

Inc. rate = 1.05 Dec. rate = 0.9 Initial value = 0.6 -43.98
Inc. rate = 1.05 Dec. rate = 0.8 Initial value = 0.6 -44.41

Inc. rate = 1.05 Dec. rate = 0.7 Initial value = 0.6 -43.05
Inc. rate = 1.05 Dec. rate = 0.6 Initial value = 0.6 -44.25
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As discussed in the previous chapter, the learning algorithm and ANN performance
can be improved by proper choices of the ANN structure and learning parameters. The
structure of the ANN that yields to the 2HLANN model was inspired from the physical
behaviour f PAs; therefore, the network structure was optimized. This was proven through
Tables 5.1 and 5.2, where the memory depth and the number of neurons in the linear layer
were found experimentally to be equal to the ones predicted by the PA behaviour.

For the learning algorithm, a set of experiences were performed to find the best learning
rate and the momentum term. Also, based on the study presented in the previous chapter,
a set of heuristics were chosen to make the BPLA perform better. In fact, a proper
normalization of the input neuron was set in such a way that the nonlinear neurons in the
second hidden layer do not go into saturation. In addition, a couple of BPLA versions
were tried, and the most suitable one for PA modeling was chosen. Finally, the training
data were chosen to cover the PA behaviour over all possible input powers. A large set
was used, approximately 10, 000.

This extensive study of the ANN structure and learning parameters yielded a powerful
2HLANN model that accurately models the PA behaviour and results in a good linearizer,
as it is shown in the next Section. To further demonstrate the necessity of this analysis
of the ANN parameters, the behaviour of nonlinear neurons in the second hidden layer
is drawn in Figures 5.9 and 5.10, in the cases of a PA with non-optimized and optimized
parameters, respectively.

Figure 5.9: Nonlinear Neurons Response When the ANN Parameters Are Not Optimized

78



Figure 5.10: Nonlinear Neurons Response When the ANN Parameters Are Optimized

In the case where the network parameters were not set properly, it is clear from Figure
5.9 that most of the nonlinear neurons are saturated and, therefore, yield to a constant
response at their outputs. Thus, their functionality are restricted to modeling a constant
response; and, the overall ANN will fail in accurately modeling the dynamic nonlinear
behaviour of the PA. On the other hand, it is clear from Figure 5.10, that when the
parameters of the ANN were chosen through experimental studies or through the physical
behaviour of the PA, almost all the nonlinear neurons use their maximum capabilities by
performing along their nonlinear region. In fact, in the optimized selection of the network
parameters, all nonlinear neurons participate in the modeling of the dynamic nonlinearity;
and, unlike the non-optimized parameters, there exists no constant response.

5.3 Two Hidden Layers Artificial Neural Network For-

ward Validation

To train the proposed 2HLANN in Figure 5.7, the number of neurons in the first and
second layers was set to 5 and 25, respectively. Figure 5.11 shows the performance of
the 2HLANN during the training phase, where the goal or tolerated error was set to -70
dB for the training samples. The performance of the ANN improves with the number of
training epochs; however, overtraining the network can lead to erroneous parameters and,
consequently, compromise the accuracy and generality of the ANN. Hence, a validation step
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was added to detect the training point at which the training error started deteriorating and
stop the ANN training. Figure 5.11 shows the training with the validation step; therefore,
the overtraining problem is avoided.

Figure 5.11: Training Performance of the Proposed 2HLANN Model

To assess the accuracy of the trained 2HLANN model in predicting the behaviour of
the PA under test a number of tests were conducted. In a first step, the in-phase and
quadrature components of the constructed model output signal were compared to the
measured ones, as shown in Figure 5.12. The model demonstrated good fitting of the
measurement data, indicating that the 2HLANN structure is capable of mimicking actual
DUT behaviour. Furthermore, Figures 5.13 and 5.14 compare the measured and modeled
AM/AM and AM/PM characteristics and the capacity of the 2HLANN model in producing
a similar scattering as those exhibited by the measurement data. It is clear that the model
has the ability to fit both the nonlinear and linear distortions, even for the low input signal
power range.

Figure 5.15 shows the PSD of the measured and 2HLANN modeled output signals.
It is clear that the 2HLANN model accurately predicted the measured PSD. It is worth
mentioning that, since a memoryless predistortion was already applied a priori to the input
signal, the proposed model allowed for excellent prediction of the MEs behind the residual
out-of-band spectrum emission in the measured signal. To further highlight the capability
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Figure 5.12: Measured and 2HLANN Modelled Output In-Phase and Quadrature Compo-
nents

Figure 5.13: Measured and 2HLANN Modeled AM/AM Distortion

of the proposed model, the error PSD between the model and the measurement is shown
in Figure 5.16

To further evaluate the performance of the 2HLANN, its modeling accuracy was com-
pared to that of three proven modeling schemes, namely memoryless polynomial model
with 9th degree of nonlinearity, a MP of 9th-order nonlinearity and memory depth of 8,
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Figure 5.14: Measured and 2HLANN Modeled AM/PM Distortion

Figure 5.15: Comparison of the Power Spectrum Densities for the First PA for the (a)
Measured, (b) Memoryless Polynomial, (c) Memory Polynomial, (d) RVTDNN, and (e)
2HLANN Models

and a RVTDNN with 20 neurons and 8 tapped inputs. It is worth mentioning that models
involved in this comparison were closely analyzed, so that the configurations that lead to
their best performance were retained. The predicted output signals obtained out of the
four different models are all plotted in Figure 5.15. Since the three models with mem-
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Figure 5.16: Comparison of the Normalized Error Power Spectrum Densities of the First PA
for (a) Memoryless Polynomial, (b) Memory Polynomial, (c) RVTDNN, and (d) 2HLANN
models

ory achieved very similar PSDs, the PSD of the error signals between the modeled and
measured signals was drawn and is shown in Figure 5.16.

It is clear that the 2HLANN model outperformed the MP in the in-band region, where it
allows for a reduced error of more than 5dB. However, the proposed model shows about an
increased error of 2 to 3dB in the out-of-band region, compared to the MP. The 2HLANN
model also outperformed RVTDNN model, as its error spectrum exhibited a decreased
error of a few dB. This superiority can be attributed to its physical underpinnings and
the more suitable ANN structure. Table 5.7, which reports the NMSE of the four models,
confirms the superior modeling accuracy of the proposed model.

Table 5.7: 2HLANN Model vs. Memoryless Polynomial, MP, and RVTDNN Models

Model Name

Normalized Mean Square Error

1st PA
2nd PA

1st Biasing 2nd Biasing
Point Point

Memoryless Polynomial -28.3342 -31.5073 -34.7672
MP -42.0965 -40.4349 -38.0825

RVTDNN -42.7307 -41.0545 -38.4205
2HLANN -43.2855 -43.5653 -42.1142

83



To further demonstrate the capability and the generality of the new 2HLANN model,
a 130W Class AB PA, designated the second PA, which was biased in the two different
conditions of a class AB close to A (Idq=0.9A) and a deeper class AB (Idq=0.55A), was
also used as a DUT. Figures 5.17 and 5.18 show the comparisons of the error spectra of
the 2HLANN model with the RVTDNN, memoryless polynomial and MP models for the
second PA at the first and second biasing conditions, respectively. As demonstrated for the
first PA, the 2HLANN model again outperformed the other models, by allowing for better
modeling accuracy of the PSD in the in-band and out-of-band regions. According to Table
5.7, the new model lowered the NMSE by about 3dB, when compared to the RVTDNN or
the MP models.

Figure 5.17: Comparison of the Normalized Error Power Spectrum Densities of the Second
PA with the First Biasing Point for (a) Memoryless Polynomial, (b) Memory Polynomial,
(c) RVTDNN and (d) 2HLANN Models

The validation of the proposed model was conducted in two steps. First, its excellent
modeling accuracy was indicated through (i) the negligible error spectrum when predicting
the measured output spectrum of the two PAs under test both driven with wideband
signals, (ii) the very small NMSE (about -43dB), and (iii) the good agreement between the
measured and modeled AM/AM and AM/PM characteristics. Second, it was demonstrated
that, by combining the appropriate structure and excellent modeling accuracy of ANN, the
2HLANN model outperformed the well established modeling approaches, namely the MP
and RVTDNN models.
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Figure 5.18: Comparison of the Normalized Error Power Spectrum Densities of the Second
PA with the Second Biasing Point for (a) Memoryless Polynomial, (b) Memory Polynomial,
(c) RVTDNN, and (d) 2HLANN models

5.4 Two Hidden Layers Artificial Neural Network Lin-

earization Capability

In the previous section, the 2HLANN model demonstrated excellent accuracy in pre-
dicting the SDPA response, noted as the first PA in the previous section. This section
assesses the 2HLANN performance when used as a DPD. Its linearization capability is also
compared to that of three types of linearization schemes.

Figures 5.19 and 5.20 depict the linearized output spectrum of the previously used SDPA
and an Asymmetrical Doherty PA (ADPA), both driven with a 20MHz 1001 WCDMA
signal. Compared to the SDPA, the ADPA uses 150 W high power LDMOS FET devices
from Freescale Semiconductor, Inc., MRF7S21150H, for the peaking amplifier, while the
main amplifier was kept the same. This special arrangement was used to enhance the
power efficiency, as explained in [30].

Figures 5.19 and 5.20 show the significant reduction in the out-of-band spectrum emis-
sion. The 2HLANN allowed for an ACPR of higher than 50dBc at the three frequency
offsets (10MHz, 15MHz and 20MHz). According to Figure 5.20, the 2HLANN DPD out-
performed the three other linearizers. In the particular case of the ADPA, which exhibited
stronger nonlinearity, the 2HLANN DPD succeeded in mitigating the sources of distor-
tions, where the other schemes suffered from limited linearization capabilities. This is
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Figure 5.19: SDPA Output Driven with the 20MHz 1001 WCDMA Signal: (a) without
DPD and with (b) Memoryless, (c) Memory Polynomial, (d) RVTDNN and (e) 2HLANN
DPDs

Figure 5.20: ADPA Output Driven with the 20MHz 1001 WCDMA Signal: (a) without
DPD and with (b) Memoryless, (c) Memory Polynomial, (d) RVTDNN and (e) 2HLANN
DPDs

mainly attributed to the completeness of the 2HLANN that was inspired from the PA
model presented in Figure 5.2.
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Figure 5.21 presents a comparison of the linearization capabilities between the 2HLANN
and the three other DPD schemes, when the SDPA is driven with a typical 4C WCDMA
model. The 2HLANN model maintained a comparable linearization capability. Therefore,
the 2HLANN was able to maintain excellent linearization capabilities in both scenarios
(1001 and 4C WCDMA signals); whereas, the conventional linearization models presented
limited capacity when the PA exhibited stronger nonlinearity and MEs.

Figure 5.21: SDPA Output Driven with the 20MHz 4C WCDMA Signal: (a) without DPD
and with (b) Memoryless, (c) Memory Polynomial, (d) RVTDNN and (e) 2HLANN DPDs

Table 5.8 illustrates the amount of power back-off required for the DUTs without lin-
earization to achieve the same ACPR as the linearized DUTs. It is shown that the DUTs
without linearization achieved a similar linearity at a back-off of about 10dB with a sig-
nificant degradation in the drain efficiency of about 30%.

Table 5.8: Drain Efficiency Comparison when DPD and when no DPD is Applied

DUT and Signal Type
Drain Efficiency Drain Efficiency

DPD ON DPD OFF
SDPA & 4C WCDMA 35.5% 11.7% (9dB back-off)

SDPA & 1001 WCDMA 40.3% 11.0% (10.4dB back-off)
ADPA & 1001 WCDMA 47.5% 11.2% (12dB back-off)

87



The 2HLANN model was successfully applied in the linearization of the two Doherty
PAs driven with a two different WCDMA signals. The model demonstrated an excellent
linearization capability by allowing for an ACPR greater than 50dBc over the three different
frequencies offsets (10MHz, 15MHz and 20MHz). This linearity improvement significantly
increased the effective linear output power and, consequently, the power efficiency of both
Doherty PAs.
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Chapter 6

Conclusion and Future Works

Conclusion

The main goal of this thesis was the development of a general method to generate
spectrally pure signals using a model based on predistortion. The technique developed
allows the Power Amplifier (PA) to operate in its nonlinear region, thereby significantly
increasing its efficiency. As seen in the last chapter, an improvement of about 30% was
achieved when Digital Pre-Distortion (DPD) was applied. The efficiency gain translates
into electricity and cooling cost savings for service providers and longer battery life for
mobile terminal users. Memory Effects (MEs), which are exhibited by highly nonlinear
PAs or PAs with wideband signals, were taken into account, thus increasing the DPD
performance and allowing for better linearity with higher efficiency when compared to
other models.

In this thesis, an overview of the most common system-level solutions to the problems
of PA linearization was presented. Theories about model-based predistortion, nonlinear
behaviour and intermodulation products were reviewed, in order to explain and design the
model. Characteristics of the PA were obtained, using Artificial Neural Network (ANN)
identification. The new model technique used in this thesis offers simplicity and the lowest
cost, compared to analogue techniques or such complex models as the Volterra series.

In order to validate this study’s model, MATLAB and Advanced Design System (ADS)
simulations were conducted, along with real measurements of PAs, confirming that the
model works well. Some of the results of these simulations have been presented in this
thesis to show the accurate model obtained when using ANNs, instead, for example, the
memory polynomial model.

89



Future Works

With the development of new PA topologies, linear and nonlinear MEs are becoming
more dominant in the PA response. In fact, with broadband modulated signals, classical
techniques, such as memoryless polynomial, Memory Polynomial (MP) and Wiener/Hammerstein
models, are no longer sufficient for accurate PA behavioural modeling and for suitable DPD
linearizer construction. On the other hand, ANN and Volterra series architectures present
superior results compared to the MP model when the PA exhibits important MEs. This
leads to the conclusion that these two models present mechanisms that leads to a better
representation of the PA behaviour over the MP models. In fact, the Volterra series and
ANNs, when approximated by polynomial functions, show the presence of cross terms,
which are likely behind the superior results when the PA exhibits significant MEs. An
investigation on the effect of cross terms is thus essential to determining the effect and
importance of these terms compared to the models that do not include these terms.

The investigation could consist of a systematic methodology to identify the weights
of the different cross terms and the most important terms. This step can be based on
experimentation and/or theoretical analysis that determine the necessity and influence in
the absence or presence of various cross terms. However, identification of these cross term
coefficients will not be an easy task. In fact, nonlinear identifications can be difficult and
costly, when the number of coefficient is significant.

Several algorithms and approaches are present in the literature for this problem, but the
complexity of these methods grows exponentially when the number of coefficient increases.
On the other hand, an interesting idea could be to compare the ANN structure and the
Volterra series with the goal of identifying mirroring parameters. In fact, since ANN
involves cross terms, as is the case in the Volterra series, we can link the ANN weights and
structure to the corresponding terms in the Volterra series. Afterwards, an identification
of the ANN model will result in the identification of the Volterra series? coefficients.
Moreover, thanks to the powerful Back Propagation Learning Algorithm (BPLA) developed
for ANN, the identification of the Volterra series will be much easier and efficient than the
classic nonlinear identification.

Finally, the success of any research work depends on its implementability on physical
devices. Thus, the next step in my work, in addition to the new directions presented
above, is the implementation of the 2HLANN DPD and the other previously published
DPDs in an Field-Programmable Gate Array (FPGA) evaluation platform. Therefore, a
more detailed and realistic validation of my research can be conducted.
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