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and documents the project group's considerations and work with the project: LUT based predistrotion for
class F Power Amplifier
Wireless communication are nowadays all around us and the Power Amplifier is a decisive part of the RF
communication devices. Efficiency of the Power Amplifier take higher importance in comparison of its
linear characteristics which could be achieve by the addition of a predistortion module. The purpose of this
project is to built a complete architecture to perform the linearization a class F Power Amplifier according to
the next requirements:
-Analyzing the project specifications.
-Creating a System Model and implementing the design.
-Analyzing the feasibility of the implemented design.
The bibliography is found on the last pages of this report with references to the bibliography in square
brackets as in [1].
The accompanying CD contains a copy of this report and all code used in the project.
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The last two decades have seen an incredible
proliferation of wireless devices around the world.
As wireless communication systems evolve, service
quality and efficiency are of primary importance.
The trend towards low power hand held transceivers
increases all of these challenges.
Class F power amplifiers have the highest efficiency
for implementation of power wireless transmitters
but present non-linear transfer functions.
In order to keep the advantages of Class F power
amplifiers without their inherent drawback it is
envisaged to implement a correcting unit to linearize
their transfer function.
A Look-up Table (LUT) was used to implement the
correction function.
It was impossible to test the solution in the definitive
environment but it was simulated using Matlab.
Several additional components like QAM modulator
and demodulator was introduced for test purposes
only.
After simulation, the correction efficiently linearizes
the AM-AM transfer function of the Power Amplifier
even if non-linearities were not very important. A
more distorted PA transfer function was also
simulated to validate results.
Some improvements could be envisaged such as
Phase correction and compensation of the correction
according to the variation of the components
characteristics when temperature changes.
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1.1 Introduction to Wireless Communication
The last two decades have seen an incredible proliferation of wireless devices around the world. As
wireless communication systems evolve, service quality and efficiency are of primary importance
e.g. spectrum usage, size and energy consumption of mobile terminals. The trend towards low
power handheld transceivers increases all of these challenges.
Most common technologies are:
• Bluetooth connects different parts of a computer (eg. keyboard, mouse, printer) without
wires, a mobile phone handsfree without the wired link to the mobile, seamlessly
synchronizing personal information (like calendars, address book etc.) between a cellphone,
laptop and desktops [Wikipedia].
• A wireless LAN (WLAN or WIFI) is a data transmission system designed to provide
location-independent network access between computing devices by using radio waves
rather than a cable infrastructure[Wikipedia].
• WiMAX (Worldwide Interoperability for Microwave Access) which could be envisaged to

be a replacement of GSM/UMTS[Wikipedia].
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1.2 Software Defined Radio (SDR)
Wireless devices are generally inflexible (for instance for switching from different mobile operators
which use proprietary protocols or between standards in different continents) because they are
typically implemented in hardware. There is a chipset in each device that performs the signal
processing to allow the device to communicate with its wireless network. This inflexibility led
researchers to consider alternate software-based designs implementing software-defined radio
(SDR).
A software radio is a wireless communications device in which all of the signal processing is
implemented in software. This strategy leads to device flexibility, software portability and an easier
system upgrade.
A flexible approach to SDR employs programmable hardware to perform signal processing. This
approach is often termed reconfigurable SDR, because the hardware itself can be configured for a
particular application. The processing hardware can be made up of FPGAs (Field Programmable
Gate Array), Application Specific Integrated Circuits (ASICs) and/or DSPs (Digital Signal
Processors), both of which can be programmed to perform high speed signal processing operation.

Figure 1: Example of a Handheld wireless Transmitter/receiver - device architecture

1.3 Introduction to class F Power Amplifiers
An important element of the transmitter or the receiver is the Power Amplifier (PA) because the signal must
have enough power to be delivered up to very long distances (beyond 20 kilometers) and also must be
amplified when it arrives in order to be “understood”.
The most important in the building of a PA is its efficiency. By increasing the efficiency of the microwave
amplifier, the dissipated power is reduced while the output power is increased. Therefore, a reduction in size
and weight of portable wireless transmitters, as well as prolonged battery life are achieved.

There are several classes of Power Amplifiers (PAs). In contrast to Class A, B and C amplifiers
working in the linear region of active components, the class D, E, and F CMOS amplifiers are based
on “switched mode” CMOS transistors circuits. However, linear amplifiers suffer from poor
maximum power efficiency which limits their applications to low power devices. In practice, an
efficiency of only below 40% can be achieved in those systems. In contrast, “switched mode” PAs
10/114
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(SMPAs) can achieve better efficiency, typically above 60%. However SMPAs, have poor linearity
performance.
Load circuit is critical for Class F PAs described in what follows.
Theoretical circuit can be defined illustrated in figure 2:

Figure 2: Class F Power Amplifier architecture and
overview and operation area of the transistor

The CMOS transistor operates in the saturation area (equivalent to a short circuit – a small
resistance practically) during the first half period of input sinusoid and is blocked during the
remaining part.

1.4 System requirements
Class F Power Amplifiers (PAs) typically present a non-linear transfer function. Transfer function of this
Class F PA needs to be corrected in order to get a linear transfer function thanks to the implementation of a
linearizer module.
The overall objective of this project is to create a pre-distorter architecture based on a Look-Up Table (LUT)
to linearize a prototype of a Class F PA provided by an industrial partner.
This power amplifier is assumed to operate linearly up to 5 Ghz
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1.5 Rugby Model
The rugby model is a conceptual framework that permits to cover all design phases from requirements to
implementation, analyze Hardware/Software design process(es) and delimits precisely all the steps to the
initial idea to the physical realization of the project.
The Rugby model is an extension of the Y chart with the addition of 2 important dimensions: Data and Time.
The design process consists of a number of design manipulations, which refine the initial idea ( which
represent the highest level of abstraction ) to the final product (when we obtain a physical silicon chip).
The Rugby model defines four parallel domains for the development of an idea into a physical system:
–

Computation Domain involves relations and constraints

–

Communication Domain implements Structural and Interface Constraints, typically inter-process
communication (not applicable for this project considering that only one process will be defined)

–

Data Domain is related to Data Types constraints (e.g. LUT size and elements type)

–

Time Domain for time constraints like system response time or working frequency)

The Rugby model can be split according to the development time line as presented on figure 4:

Figure 3: General Rugby Model
The design of an architecture for linearization of class F PA can be naturally characterized and analyzed by
means of the rugby model:
•

The first chapter introduces the report, and defines the project in terms of requirements, and problem
definition and scope.

•

In chapter 2, a global study of class F Power Amplifier and existent linearization technics is
described.

•

Then, chapter 3 will be focused on the correction function and the algorithms created to obtain it. The
creation of this algorithm is fundamental and the choices made here will influence the entire
architecture.

•

The next chapter is centered on the correction architecture and the precise description of all the
modules. It is a connection between the idea and its implementation.
12/114
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•

Chapter 5 is closely linked to the previous chapter because it explains the test environment
architecture used to simulate the real world sources but also the creation of a PA model in relation to
analog simulated results. Then the results of test are presented.

•

The hardware implementation chapter is focusing on the physical implementation of the correction
modules in an Altera board (StratixII) provided by the university.

•

The last chapter concludes the report along with future areas of research.

In Figure 4 is presented the model used:

Figure 4: Applied Rugby Model

1.6 Problem definition
As the PA was not yet available, the behavior of the PA was simulated and also the correction architecture
using the Simulink software (which is an extension of Matlab), because the translation of higher level blocks
into VHDL code can be done more easily. The VHDL code is then synthesized into an Altera FPGA to test
the entire system.
In order to completely fulfill the above mentioned objective, all or part of the following sub-goals should be
considered:
• The design of a test bench for Simulink, which means to create modulation and demodulation blocks.
Indeed the data that feed the PA are based on the decomposition of a 4-QAM signal (4-Quadratic
Amplitude Modulation) into the envelope and the phase. In consequence a 4-QAM modulator and a
4-QAM demodulator are needed.
• The model of a class F PA has to be defined in Simulink, which means that a model of linear PA
should be defined and then non linearities have to be introduced to suit with the real behavior of a
class F PA.
• A pre-distortion architecture has to be created, which could also require the addition of the input
signal with the corrected value read from the LUT. The correction values have to be extrapolated
from a wave which is defined to maintain a constant gain.
• A compensation delay will be evaluated and integrated in order to synchronize input values with the
correction values read from the LUT.
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The generation of VHDL code from Simulink, the synthesis of the VHDL code and the programing of the
FPGA have to be performed too.

1.7 Problem delimitation
The following limitations have to be taken into consideration:
• Pre-distortion LUT with feedback was not taken into consideration. It permitted to “dynamically”
modify the correction when some parameters change like the DC voltage (Vdd), the temperature,
frequency and variability on components characteristics (between different implementations).
• Correction of memory effects has not been taken into account as explained in previous section
#Memory_effects
• The test with the code loaded on the FPGA is not carried out with the real PA because the PA is still
being developed by industrial partner. A model of the PA is used instead.
• The Phase correction is not conducted because the non linearities bring by the Amplitude distortion is
more tricky that Phase distortion.
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The second chapter is focusing on the detailed study of class F Power Amplifiers, the sources of non
linearities and the existing architectures developed to correct them. It is a natural start point of the rugby
model description in the way that it clearly defines the requirements and the delimitation of the project.

2.1 class F Power Amplifiers
Figure 5 presents the architecture of a class F PA:
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Figure 5: Class F Amplifier circuit design

The inductance in the Drain allows a double dynamic range of the voltage which is a significant
advantage for low-voltage power circuit, usually the case for mobile systems. From Fourier
analysis, it is known that the voltage square waveform only has the fundamental and odd harmonics,
while the half-rectified current waveform only has the fundamental and even harmonics [4].
Therefore, the load must present an open or short circuit at odd or even harmonics, respectively.
The serial filters seen in figure 3 present infinite impedance for odd harmonics while filtering even
harmonics in order to have the voltage as near as possible to a square wave signal (if all odd
harmonics are preserved).The parallel filter (parallel to R in figure 3) is resonating at the
fundamental frequency (infinite resistance), allowing power to be delivered to R. Except around the
fundamental frequency, the parallel filter will short circuit R.In the ideal case there is no power
consumed in the CMOS transistor (when the current is different from 0 the voltage is zero and vice
versa as illustrated in figure 6) allowing a 100% theoretical efficiency.

Figure 6: Class F PA Output Current and Tension shapes (when the
current is different from 0 the voltage is zero and vice versa)
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A practical example (up to third harmonic) is depicted figure 7:

Figure 7: Class F PA Detailed circuit design

L1 and C1 are resonating at central frequency f0 while L3 and C3 at 3f0. Cout is a short
In practice maximum of 5 voltage harmonics (higher harmonics are eliminated by components
bandwidth limitation) are considered, limiting the efficiency to approximatively 90% max, as seen
in table 1. Often only 3 voltage and 2 current harmonics are considered limiting efficiency to 80%.

Tableau 1: Class F PA efficiency according to filtered output harmonics

There also exists an inverted Class F PA that have inverted current and tension i.e. Load circuit = R
for n=1, infinite for even harmonics and null for odd harmonics. “Switch mode” power amplifier are
inherently not linear because they work at the cutoff region of the transistor. However the filter and
the load cancel harmonics, so the Fourier Transform of the input can be linear with the Fourier
Transform of the output.
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2.1.1 Main Characteristics of Class F PAs
The main characteristics of Class F PAs are highlighted here below:
– High efficiency (inverse class F has the highest);
– High output power even for low voltage power supplies (dynamic range up to 2 Vdd);
– Critical Load adjustment: resonating circuits must be precisely adjusted. Automatic compensation
must be provided in order to cope for dispersion of components characteristics and variations of their
characteristics with temperature. However, this is outside the primary goal of this document;
– Non-linearity of the transfer function: this will be detailed in the following section.

2.1.2 Typical use of Class F PAs
In order to increase the throughput of carried information, Class F PAs are typically used for both Phase and
Amplitude modulation. The input of the PA is generally made of combined phase and amplitude modulated
signal. However, amplitude and phase modulation can be fed to the PA independently i.e. the modulation
signal can be applied on supply voltage in order to be unaffected from Class F PA non-linearity while phase
modulated carrier signal is applied at PA input (with constant amplitude). This later modulation technique is
called supply modulation or EER (Envelope Elimination and Restoration). It is highlighted in figure 8:

S u p p ly v o lt a g e

RF

input

Switched
PA

mode

RF

output

Figure 8: Envelope Elimination and Restoration (EE&R)

j ( φ ( ) + ωt R

 I ( )t + j ( Q )  t e = A ( ) t e
jω R

F

t

Where:

18/114

)F

t
(1)

Chapter

2 -Linearization study and PA characterization

- A(t) is the amplitude modulation signal
- φ(t) is the phase modulation signal
- Ι(t) is the Inphase signal (QAM modulation)
- Θ (t) is the Quadrature signal (QAM modulation)
There are several other signal modulation techniques such as load modulation (e.g. load varactor), outphasing
architecture (a variable signal can be split into two constant signal with varying phases) and digital
architectures.

2.2
2.3 Main Types of non-linearities and their consequences
They are mainly two types of non-linearities in switched PAs: non-linearity of the transfer function and
memory effect :

2.3.1 Non-linearity of the transfer function of PAs
Switched Mode Pas introduce distortion on the amplitude of the modulated signal. Non-linearities
typically originate in components non-linearities, especially transistor saturation.
Amplitude distortion introduces undesirable harmonics that are problematic because even if the output

filter has a very high slope, it is impossible to separate the signal from the perturbation because
undesired harmonics can appear in the desired bandwidth or very close to it as presented here below.
A typical test to see the nonlinear distortion introduced by the PA is the two-tone test. It consists in
feeding the PA with two tones separated in frequency (∆ f):

(2)

Considering only the first three terms in the Taylor development below, the output signal is:
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(3)

Where gi are the Taylor coefficients dependent of distortion
Second order Inter-Modulation Distortion (IMD) is typically outside the desired signal bandwidth,
but the third order can be inside the signal bandwidth and is then impossible to filter as presented in
figures 9 and 10:
(4)

We can see the Spectrum of the output signal related to a two-tones test in a non linear amplifier.
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Figure 9: Amplitude Distortion: Inter-Modulation Distortion harmonics

The distortion introduced by IMD3 are very difficult to filter as they can appear in signal
bandwidth and they depend on frequency difference between two tones.
In addition here below figure presents inter-channels modulation distortion [3]:

Figure 10: Amplitude distortion: Inter-channels distortion
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EVM (Error Vector Magnitude) is usually used to quantify amplitude distortion for RF PAs. It can
be represented as follows:

Figure 11: Error Vector Magnitude (EVM)

EVM is the ratio of square root between the error vector (Amplitude (I) and Phase (Q)) and the
reference signal power (S). It is expressed as a percentage as highlighted in equation 5:

(5)

2.3.2 Non-linearity due to Memory effect
They are two major causes to memory effects:
– variations of components characteristics with current and tension amplitudes. It is important
to distinguish between phase distortion related to frequency from memory effects that appear at
constant frequencies for different output power amplitudes. They could be “modelised” as
variation of “parasitic” inductive and capacitive effects with output current.
–

variations due to thermal variations of components characteristics. Memory effects due to

thermal effects are non reproductive because they are related to previous dissipated
power of PA and environmental temperature. They are of significant concern since they
can degrade the performance of some PA linearization techniques especially digital predistortion. Fortunately, these thermal related memory effects can be neglected for
modulation signal frequencies higher than 1 MHz.

Memory effects affect Phase Modulation (PA).

22/114

Chapter

2 -Linearization study and PA characterization

Figure 12: Phase Distortion: Memory effects

In figure 11 it can be noted that for memoryless Pas, the output sample y(n) depends only on
the current input sample x(n), but for PA with memory effect y(n) depend on x(n) and
previous input values x(n-i).

2.4 Overview of linearizations techniques
SMPAs are particularly adapted for basic digital modulation where linearity is not required.
However, in order to increase information throughput, current RF modulation techniques use both
Phase and Amplitude modulation and therefore require high linearity of the transfer function.

2.4.1 Example of Non-linearities in Class F PAs
The following main causes of non-linearity of the transfer function that can be envisaged are presented in [2]:

•

Figure 13 shows the power compression at peak power (saturation of transistor Gain) and at
low levels due to the nonlinear transistor conductance (pinch off).
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Figure 13: Example of AM-AM distortion (the curve is parameterized according to

relative bandwidth around central carrying frequency)
.
•

Phase distortion is generally more important as exemplified in figure 14 determined for a
2.17 GHz Class F PA[2]:

Figure 14: Example of AM-PM distortion

Amplitude and Phase transfer functions are almost monotonic around the carrier
frequency. A digital pre-distortion function could be determined and theoretically, a
perfect pre-distortion could be achieved for the PA, and thus obtaining a completely
linear transfer function.

2.4.2 Scope of linearization
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In the following chapters we concentrate our study on amplitude non-linearity (and memory effects)
due to components characteristic variations.
Phase Distortion related to dynamic temperature variations cannot be predicted in the general case
of random modulating signal.

2.5 Linearization techniques for Class F PA
Several linearization techniques presented in [1] are summarized in figure 15:

Figure 15: Linearization Techniques

Circuit level linearization techniques are not applicable to our case as the PA amplifier is left
unchanged. Therefore, only system level linearization is considered in what follows.
Linearization techniques can be classified according to where there are applied as mentioned here
below:
• At the input:
Feedback
Pre-distortion
• At the output:
Feedforward
LINC
• On the power supply:
ER&R (Envelope Elimination and Restoration)

2.5.1 Feedback linearizer
25/114
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Figure 16 illustrates the principle of feedback linearization:

Figure 16: Feedback linearizer principle
Feedback allows the output to be returned (after application of H transfer function) to the input for
compensation of the PA transfer function in order to align it with the expected results (linear function in our
case).This type of linearization technique is very efficient because it compensate all types of non-linearities,
provided that H transfer function is independent of frequency and temperature.However it suffers of
instability at RF frequencies as exemplified by the determination of the global transfer function G(ω):
T (ω) = Y (ω) /X (ω) = G(ω) / (1 + G(ω) H (ω))(4)

(6)

T (ω) becomes unstable at the frequency (or frequencies) where:

G(ω)H (ω) = −1

(7)

or equivalently (criterion of Berkhausen):
|G(ω) H (ω)| = 1 (0 dB)
arg (G(ω) H (ω) ) = ± π

(8)

According to the frequencies range on which the PA needs to operate, this feedback technique is not
appropriate. In addition, high speed equivalent circuits of components need to be considered rendering
preservation of circuit stability very difficult. There are several types of feedback techniques like Cartesian
Feedback, and Polar Loopback but they all suffer the same critical limitation.

2.5.2 Feedforward Linearizer
An example of a feedforward linearizer is presented in figure 17. A comparison is made between the expected
output of PA and the real one. This difference is amplified by the same value as the primary PA and then
subtracted from the real PA output, eliminating in this way all unwanted harmonics.
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Figure 17: Feedforward linearizer
This linearization technique is best suited for wideband modulation where it is very difficult to isolate signal
from “noise” harmonics.
Its major drawback is to require synchronization between the PA path and the correction path i.e. gain of EA
equal to gain of PA and delay 1 equal to PA delay and delay 2 equal to Error Amplifier (EA) response time.
This is difficult to achieve according to dispersion of components characteristics and variation of components
characteristics according to temperature (especially at high RF frequencies).

2.5.3 LINC and CALLUM linearizer
LINC (Linear Amplification using Non-Linear Components) also called Outphasing is based on the principle
stating that an amplitude variable signal can be split into two fixed amplitude signals with variable phase. In
this way Switched Mode Power Amplifiers (SMPAs) can be used regardless of their inherent non-linearity
(phase modulated signals use constant amplitude).
Figure 18 presents a LINC linearizer architecture while figure 19 shows its vector relation between S1 to S3
signals.

Figure 18: LINC linearizer architecture
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Figure 19: LINC linearizer vector
decomposition
The main drawback of such technique is the difficulty to implement the combiner (interaction between both
channels).
In addition, separation of signal into two others is challenging at RF frequencies.
CALLUM (Combined Analog Locked Loop Universal Modulator) is similar to LINC but a feedback loop is
implemented rendering the solution difficult to implement in very high frequencies.
Figure 20 shows a CALLUM lineariser architecture.

Loopback

Figure 20: CALLUM linearizer architecture

2.5.4 Envelope Elimination and Restoration Linearizer
This approach has been introduced in previous section #EER. Its major drawback is the difficulty to preserve
synchronization between phase and amplitude modulation paths. Another major concern is the need to
modulate large supply intensities (amplitude modulation done on output stage of PA).
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2.5.5 Predistortion Linearizer
The mechanism of predistortion linearizer is very simple: Pre-distorter implements a transfer function which
combined with the PA non-linear transfer function results in a global linear function, as illustrated in figure
21.

Figure 21: Pre-distortion linearizer where G() is the transfer function of the PA and F() the
correction function of the predistorter
As there is no feedback correction, this type of linearizer is suited when PA transfer function is constant
whatever:
– frequency (provided it is inside bandwidth)
– time of measurement and temperature (no memory effect)
– dispersion of components characteristics
This is often not the case but could be approximated in very specific situations.

2.5.6 Polynomial predistortion:
Memoryless PA can be described by their characteristics AM_AM (the output amplitude is function of the
input amplitude) and their characteristics AM_PM (the output phase distorted is function of the input
amplitude). The model created is only depending on the amplitude of the input that is the envelope of the
input modulated signal.
Suppose that n is the current sample, zn the value of the envelope of the input modulated signal, and A the
function representing the PA behavior. The output of the PA, should be of the following form:
A( zn )=AM(|zn|²) exp(j(arg( zn)+ PM(|zn|²) )

(9)
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where AM(|zn|²) is the characteristic AM_AM of the PA and PM(|zn|²) is the characteristic AM_PM of the PA.
Literature Reference [9] demonstrates that the A(zn) can be expressed of the following form:

(10)

The following scheme (Figure 22) shows the architecture of a correction using polynomial pre-distortion:

Illustration 22: Architecture of a correction using polynomial predistortion
The gain Go is the theoretical gain function that can be reached by the PA without distortion. The principle of
a polynomial pre-distorter is to obtain: A(Fpre(z))=Go(z) where Fpre is the pre-distortion function.
This function can be computed in the following way: Fpre(z) = A -1 (Go(z)). But A is a non-linear operator that
means Fpre cannot be computed directly from z and zpa. An algorithm based on iterative modification of the
coefficients of the polynomial approximation of the function Fpre is used. Another way to compute this
function is to minimize the error between the function A and Go that means minimize the difference between
z and zpa .[http://www.urel.feec.vutbr.cz/ra2008/archive/ra2003/papers/193.pdf]
LUT based pre-distortion has been chosen instead of the polynomial pre-distortion because the correction is
more precise, use less resources and is easier to implement.
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This Chapter develops the correction algorithm and its Matlab implementation. This part is very closed to
the idea domain in the Rugby model. The computation part is more developed than on the general Rugby
model because of the specificity of the project.

3.1 Algorithm
Correction will use a pre-distortion architecture based on a Look-Up-Table (LUT). There are many way to
use the LUT for a pre-distortion, a typical architecture is presented on drawing here below (Figure 23):

Input
signal

P re -d i s t o r t e r

P A

A d d re sse s
Computation
L o o k- u p
Table

Figure 23: Typical LUT pre-distorter architecture
The pre-distorter is feed by a Look-up table which main use is to provide multiplier coefficients used to
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correct PA non-linearities as presented here before #Predistorter:

(11)

FoG (x) = F min + (x – xmin) [(Fmax - F min )/(xmax - xmin)]
If we combine both sides of the expression with F-1 we obtain:

F-1o[FoG (x)] = F-1o{F min + (x – xmin) [(Fmax - F min )/(xmax – xmin)]}

(12)

then thanks to associativity property of “o” operator:

[F-1oF]oG (x) = F-1 {F min + [x – xmin ][(Fmax - F min )/(xmax – xmin)]}

(13)

and finally:

G (x) = F-1 {F min + [x – xmin ][(Fmax - F min )/(xmax – xmin)]}

(14)

The principle schema of the correction is highlighted in here below figure 24.
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Figure 24: Principle schema for the correction

A similar architecture is often implemented which better isolate the pre-distorter from the PA.
The following figure 25 shows the alternative pre-distortion architecture
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Figure 25: Chosen LUT pre-distorter architecture
Suppose that the characteristic AM_AM of the PA is performed by a mathematical function called f. Suppose
that the function of the pre-distorter is called g
(where output_of_the_predistorter=g(input_of_the_predistorter ).
The input sample is the envelope of the QAM signal because the behavior of the PA is only depending on the
envelope signal ( we have the AM_AM and AM_PM characteristics). In consequence the correction function
has to be function of the envelope input signal.
For one input sample called x, the system defined by the group compute the correction such as commented on
these following equation at the input of the PA:
x*g(x)

(15)

At the output of the PA, we obtain:
f[x*g(x)]

(16)

But we want to obtain, with this architecture a linear curve at the end of the system, for example:
a*x+b

(17)

Where a and b are 2 coefficients computed to fit perfectly with the linear extraction at the characteristic
AM_AM of the PA (the computation of these 2 coefficients will be done on the next chapter).
In order to compute the g function, we obtain equation 19 between the system we have and the one we want:

f[x*g(x)]=a*x+b
→ x*g(x)=f--1(a*x+b)
→ g(x)=f--1(a*x+b)/x

(19)
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Where f--1 is the inverse function of f. Mathematically a division by 0 is forbidden so x cannot be 0 but there
is no problem because physically characteristic AM_AM is not defined for too low amplitudes ( c.f. Chapter
#System Design).
The Look Up Table(LUT):
A Look Up Table (LUT) is a data structure and in this case an array, indexed by addresses. It is often used to
replace runtime computation with a simpler array indexing computation. The savings in terms of processing
time can be significant, since retrieving a value from memory is often faster than processing [10]. There are
many ways to implement the LUT, the most popular one is the assembly of many SRAM cells with a decoder
which permits to control the addresses of the LUT[11].
The following figure shows the use of the LUT:

Illustration 26: Look-up Table format
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3.2 Matlab simulation
3.2.1 The generic correction function:
The correction function is the function used to obtain the corrected coefficients stored in the LUT. Suppose
that the function giving the output Amplitude in function of the input Amplitude of the PA (called AM_AM)
is called f , we define on the previous paragraph the correction function g given by the previous expression
19:

g(x)=(f--1(a*x+b))/x

(19)
where x is the input sample and a*x+b is the linear function AM_AM that we want to obtain with the
correction.
A correction function which works with all possible AM_AM characteristic has been developed by the group;
so this correction function can be easily adapted for other class F PAs or for high variations of external
parameters like the temperature.
Firstly the linear curve nearest to the AM_AM curve(function f) has to be extracted; it will be referenced
a*x+b. In order to limit the correction, this curve has to be as near as possible of the function f, using for
instance the least square method. This behavior is specific to class F Power Amplifier which transfer
functions are non linear not only for high input power but also for low input power. In other class of amplifier
the non linearities begin only when the input power is too high and the PA can keep a constant gain. The
extraction of the linear curve from the function f can be done with Matlab using a polynomial approximation
at the first order.
The following figure 27 shows the AM_AM characteristic (output Amplitude function of the input
Amplitude) and the linear curve extracted from it:
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Figure 27: Linearization of the PA transfer function
The use of the matlab function polyfit gives the coefficients a and b of the linear approximation of the
AM_AM characteristics:
a=5. 9658
b=-1. 6148
The next step is to define the correction function by computing f-1. It was the main challenge of the project .
The AM-AM characteristic transfer function has not the same input interval that the output interval. In
addition the output interval doesn't cover the input interval. The computation of f-1 is possible only if
function f is bijective (is a function from a set X to a set Y with the property that, for every y in Y, there is
exactly one x in X such that f(x) = y) [12].
The function AM-AM f is bijective because of its monotonicity so the f-1 is computable.
f(X) → Y so f-1(Y)=X

(21)

Suppose that X is the input interval of the characteristics AM_AM (function f) : [1.1;2.3] and Y is the output
interval of the characteristic AM_AM :[4.74;11.93].
f(X) → Y so f-1(Y)=X
f(x) Є Y=[4.74;11.93]
and f-1(y) Є X=[1.1;2.3]
→ f-1(X) is not defined because f-1() is defined only on the Y interval

(22)

The correction cannot work in this way because the correction function is not defined for the input sample
36/114

Chapter

3 -Algorithm and Matlab simulation

(coming from the envelope detection)
The following curve (Figure 28) shows the function f-1() in red and the characteristic AM_AM of the PA in
green:

Figure 28: f-1 function
We can see that it is impossible to apply the inverse function f-1 to the input of the PA because the inverse
function is not defined in the abscissa of the AM-AM transfer function. An extrapolation is not possible
because the characteristics of the PA outside of the X interval is unknown, especially for values around 0.
In order to obtain the inverse function on the X interval to make the correction function, two generic methods
are used:
1. The first method uses the projection of the X interval on an interval close to the Y interval before
applying the correction function.
The correction function is computed by the following expression (c.f. Previous Generic correction
function):
g(x)=f-1(a*x+b))/x
(19)
Suppose that the division by the input sample x is done at last, the first computation is:
h(x)=f-1(a*x+b))
(23)
The principle of this method is based on an ordinate order of the operations to always be on the
defined interval.
X → a*X+b → f-1(a*X+b)
(24)
X Є [1.1;2.3] → a*X+b Є [4,94;11,8] ( the vector a*X+b is called yli in the matlab code)
The output interval of a*X+b is [4,94;11,8] that is included on the Y interval, the interval of the
definition of the function f-1 so now the use of f-1 is possible.
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The computation of f-1(a*X+b) in the following interval: [1.1;2.28] that is very close to the y interval;
can be done.
The following figure 29 shows the method of computation of the function h:

X = [ 1 .1 ;2 .3 ]

a X+b =
[4.94;11.8]

f - 1 ( a X+b) =
[1.1;2.28]

Figure 29: h function compilation

The use of the mathematical simulator of the PA (explained on Testing chapter) gives the following
results (figure 30):

Figure 30: Corrected PA transfer function obtained by Matlab simulation
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The red function is aX+b, the pink one is the characteristic AM-AM without pre-distortion and the
green one is the characteristic AM-AM with pre-distortion. The corrected curve is totally linear but
shifted of around 0.1 V because the interval of aX+b is not exactly equal to the interval Y. This error
is totally negligible because the obtained characteristic AM-AM with correction is linear.
2.The second correction function is based on mathematical computation. The group wanted to be sure
that the inversion of the pair (X,Y) give precisely f^(-1), so first , another method to compute f^(-1) is
suggested. This method can be divided in three main steps:

•The normalization of f:
f(X)=Y
with X=[1;2.3] and Y=[4.74;11.93]
first we find the scalar c,d,e such as:
f2(X)=(f(X-c)-d)/e → X
where e is the reduction factor of the function f, d is the ordinate shift
factor and c is the abscissa shift factor:
c=min(X)
d=min(Y)
e=((max(Y)-min(Y))/(max(X)-min(X))

(25)

•Inversion of the normalized function:
we can invert f2 because it is a bijective function (the normalization of a bijective
function keeps the bijective property) and because f2( X ) → X. By inverting the
abscissa and the ordinate of this function we obtain f2-1 as shown in the following
figure 31:

Figure 31: Inversion of the normalized function f2
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The green curve is the function f normalized and the blue one is the inverse of the
function f normalized. The symmetry of the 2 curves compared with the line (x=x)
can be checked.

•Denormalization
In order to obtain the right inverse function, the function f2- 1 must be “denormalized”. But the abscissa of f2 becomes the ordinate of f2-1 and vice versa .
So f-1(X)= f2-1(e*X+d)+c
(26)
The following figure 32 shows the inverse function (the green curve) after
denormalization and the function f (characteristic AM_AM: the blue one)

Figure 32: De-normalized f2-1

This curve is totally identical to the previous one computed by inversion of the
couple (X,Y) that proves that the inverse function is right and this second method is
more comprehensible physically.
The second method computes the function h=f -1(ax+b). The aim of this method is to modify the Y
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interval [4.74;11.93]) to obtain the X interval ([1.1;2.3]) and this modification should be canceled by
the modification of the coefficients a and b, in order to find the right function h(x).
f -1(Y) → f -1(X) is required but f -1 is not defined on the X interval,
so the inverse function is shifted in order to be defined on the right interval: f-1(p*Y+q) = f -1(X)
with p=(max(X)-min(X))/(max(Y)-min(Y))
and q=sign(mean(Y)-mean(X))*(mean(Y)+mean(X))
(27)
The next step is the computation of f -1(ax+b) but now, f -1(a(p*x+q)+b)=f -1(a*p*x+a*q+b)

(28)

For feeding the PA, the linear characteristic defined on the previous paragraph must be obtained:
f(h1(x))=a1*x+b1
(29)
where a1 and b1 are the 2 coefficients of the linear function that we want to obtain:
With this method we have:
f(h(x))=f(f -1(a(p*x+q)+b))=f(f -1(a*p*x+a*q+b))=a*p*x+a*q+b
(30)
If equality between the function h1 and h is required, the following system of equations needs to be
solved:
a*p*x+a*q+b=a1*x+b1
(31)
There are an infinity of possibilities (1 equations, 2 variables) but one possible solution is to identify
the coefficients associated with the variable x:
a=a1/p
b=b1-a/q=b1-a1/(p*q)
(32)
If another one linear function with the coefficient a and b is created instead of the linear function
extracted from the AM-AM transfer function (with the coefficients a1 and b1) we can correct the
shift introduced by f -1(p*Y+q)
At the end ( after feeding the PA ) we obtain by the shift of f -1 and the introduction of an adapted
linear function the function h(x)
The following figure 33 shows the difference between the linear curve extracted from the
characteristics AM-AM ( the blue one ) and the adapted linear curve to correct the shift of the inverse
function (the green one)
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Figure 33: Shift correction of the transfer function
The following figure 34 shows the simulation of this correction after the correction is applied at the
mathematical model of the PA (c.f. Mathematical simulator). The curve in blue is the linear correction that is
needed, while the curve in red is the curve obtained after correction and the pink one is the AM-AM transfer
function of the PA. There is an very small difference between the required curve and the obtained one that
corresponds to a constant shift. This difference is not taken into consideration because linearity is achieved in
both cases.
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Figure 34: "Average" and "Extremities" linearization

3.3 Sizing of the correction function
The last step of the correction function is to divide f -1(ax+b) by x in order to obtain the correction function
stored in the LUT. It was decided to use the second method because the results are a little bit better but all 2
methods are satisfactory.
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The following figure 35 shows the correction function:

Figure 35: Correction function range
We can notice that the range of the correction is very small (0.965 to 1) because the curve AM-AM transfer
function to linearize is very closed to the linear one.
This correction function has to be stored in the LUT. In the chapter Addresses computation, we describe the
method to obtain the addresses using the envelope information and increasing them by a resolution factor in
order to have a more precise correction. It was decided to have 250 different addresses because it is a good
trade off between the precision of the correction and the accuracy of the dividers created.
The correction function obtained by mathematical computation has to be split into 250 points linearly
distributed (the envelope of the 4-QAM signal has been set to a half sine rectified curve. The linear
repartition gives the following input range between samples: (1-0.965)/250=14e-4 V) and they are put in a
Matlab array (called FL_80points_10). This is the array used by the LUT to read the correction coefficients.
The figure 36 below shows the correction function stored in the LUT ( that is the correction function split in
250 points)
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Figure 36: Correction coefficients stored in the LUT

We can notice that for big variations of the curve the correction is less precise than for constant part of the
curve, because of the linear repartition.

3.4 The mathematical simulator
In order to check the results of the correction with the maximum accuracy, a mathematical simulator was
built-up. The principle of this simulator consists on the extraction of the f function from the characteristics
AM-AM and to limit this function on the X interval ([1;2.3]), in order to simulate the behavior (only
regarding the Amplitude response) of the PA.
The mathematical simulator consists to built the function f in the right range:
f(X) → Y
f(A outside X) → Ø
(33)
The main properties of the simulator are:
f(f -1(Y)) → Y
and f -1(f(X)) → X
(34)
The correction function is given by the following expression (c.f. Generic correction function):
g(x)=f -1(a*x+b)/x
(19)
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To validate the correction, the validation of f -1 and a*x+b is necessary. This correction was applied to the
input of the function f in order to simulate the behavior (only the characteristics AM-AM) of the PA:
f(f -1(a*x+b)) = a*x+b
(35)
the practical results are given on the paragraph: Generic correction function for the 2 different methods of
computation of the correction in this chapter.
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The System Design Chapter is the link between the initial idea and the physical system used to implement
it. It is the central part of the Rugby model. The time area defines the frequency and sampling ranges, the
data areas describes the type of data used for each module, the computation area explains the realization of
each block and finally the communication area describes the connections between each modules.

4.1 Description of the Matlab, Simulink and DSP Builder
The libraries Simulink can be divided in 2 main groups: the mathematical ones and the Altera DSP Builder
ones. The mathematical ones cannot be translated directly in VHDL code and the modules using them cannot
be directly loaded on the Altera board. The DSP Builder libraries provides modules that can be translated
directly in VHDL in order to configure the FPGA.
Following figures 37 presents how the Matlab, Simulink and DSP Builder are related and how board bit
stream is constructed.
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Figure 37: Simulink libraries
The main element of the correction is the Look Up Table(LUT) that stores all the coefficient coming from the
correction function (called g(x) in the previous paragraph). Suppose that the correction function is a pseudo
continuous function in the interval of the abscissa of the AM-AM characteristics. The principle consists to
take a definite number of points of this function (with the same space between 2 points) and to store them in
the LUT. With these numbers stored in the LUT, we are able to correct the envelope information (the purpose
of this project is to linearize only the AM-AM characteristic). The envelope information should be
transformed in an address information for the LUT (c.f. Address computation module)and then a specific
coefficient stored in the LUT should be taken in order to be multiplied with the envelope and create the
predistorted envelope that should feed the PA.
The maximum number of addresses in the LUT is 216 defined by the Altera StratixII board. But like said
before the DAC and ADC are limited to 14 bits that limit the size of the data flow qt 14 bits. In consequence,
we have a storage capacity of 14 bits that means 214 (=16384) addresses available. This number of address is
more than necessary for the correction (c.f. Addresses computation).
The following figure shows the window parameter of the LUT from DSP builder library, as explained on the
top, the Address Width has to be put at maximum at 14 bits. We have after to define the Data Type that
corresponds with the type of the Data store din the LUT. For the maximum precision we put the number of
bits after the decimal points to 10 bits. Obviously this number of bits must change in order to fit with the
value of the correction function stored in the LUT. A easy way to identify this problem is to watch the results
after the LUT, if there is a saturation in the output amplitude of the coefficients stored in the LUT that means
that the number of bits before the decimal point are not enough. So in order to have the best correction
coefficients extract to the correction function, the maximum of the correction function determines the number
of bits before the mathematical point and the number of bits after the mathematical points is given by the
difference between the maximum resolution of the data (14 bits) and the number of bits before the
mathematical point.
A non-linear distribution of addresses can be envisaged in order to get more point on specific ranges of the
input signal. It has not been implemented but could be part of future work.
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Figure 38: LUT Altera BlockSet
The last parameter is the matlab array that holds all the coefficients. The LUT reads the coefficients of this
matlab array (called for example: FL_80points_10) and affects to them a specific memory cell (reachable by
a specific address).

4.2 Pre-distorter validation
In order to fully understand the behavior of the LUT and the repartition of the addresses a simulink test
environment has been created (figure 28).
The source of this test is a modulo16 counter and then there is an Input Altera Blockset that permits to
transform the data from double to signed fractional. The result of the counter indicates the current address of
the LUT. In the LUT, we put the Address Width to 4 (4 bits of memory cells) and we indicates that the LUT
has to store the same coefficients as the Matlab array called tab.
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Previously we have to create the Matlab array with the following instruction:

tab=randn(16,1)
This instruction creates a matrix of 16 columns and 1 row with random coefficient.
The following figure shows the LUT test architecture and the values of the counter (scope16) and the values
in the output of the LUT (scope1). A periodicity of 16 elements is confirmed with the same values as in the
output of the LUT that are the random coefficients stored in the Matlab array tab.

Figure 39: LUT test environment

Illustration 40: LUT test results
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In order to check if the filling of the LUT follows the description of the LUT raws of the Matlab array the
same architecture was kept but with the following Matlab expression was used to fill the array:
tab=randm(4,4)
By comparing of the coefficients stored in the array and the results of the simulation, the storage of the
coefficients on the LUT corresponds to those in the Matlab array i.e. the rows elements of the first column of
the Matlab array corresponds to the lower addresses of the LUT, the next addresses corresponds to the rows
of the second columns, ...etc.

4.2.1 The LUT addresses computation
A module to find the right coefficient to apply at the envelope signal that feeds the PA needs to be defined.
This module is called the addresses computation module. The input of this module is the envelope
information and the output is an integer in order to find the right coefficient in the LUT. An overall method
was defined allowing it to work for any QAM input wave. The envelope of the QAM signal is periodic, so
the correction is the same for each semi-period. The group defines the following Matlab code that permits,
with a calibration diagram (with only the sources QAM and the envelope and phase detector to make the
program faster), to find the number of samples of each semi period. First a maximum number of samples was
defined coming from the Simulink simulation, then an array(called v) was defined in which all the Simulink
samples was included. The maximum and the minimum of v was found including a tolerance for these values.
The place of the minimum is stored in the variable called count2, and with a for loop, the place of the
maximum is found. The number of samples between the minimum and the maximum is called
resolution_vertical. In this example the vertical_resolution is 60 samples.
But the envelope information has an amplitude given by:
maximum-minimum
We have to obtain an address so an integer. In consequence we divide the envelope information with a
coefficient called step to obtain an integer proportional at the value of the envelope information. This
coefficient is totally independent from a precise type of sources, it works for all possible periodic function
(the carrier wave to make a modulation is always periodic).
step=(maximum-minimum)/resolution_vertical
→ addresses=envelope information/step

(36)

This is the Matlab code for the computation of the step:
%first we have to run a simulink simulation with the design calibration_diagram
in
%order to obtain 2000 points
sample=2000
for i=1:sample
v(i)=valeur(:,:,i);
end
%research of the periodicity depending of the clock sampling of ALTERA bloc
count1=0;
count2=0;
maximum=max(v);
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minimum=min(v);
%we have to find the minimun to take half of a period:
for k=1:length(v)
if v(k)==minimum
count2=k;
end
end
%we have to define a possible error because matlab computation is not
%precise
error=0.0001;
% initialisation du compteur
for j=count2:length(v)
if (v(j)<maximum-error)
count1=count1+1;
else
break;
end
end
%count2 gives the position of the minimum et count1 gives the demi-perod of
%the signal
resolution_vertical=count1;
%we can define the step between 2 incrementation of the enveloppe:
step=(maximum-minimum)/(resolution_vertical)
%the period of the adress is not equal to the period of the LUT
number_adresses_LUT=round((maximum-minimum)/step)

The following simulations give the envelope signal of the 4-QAM modulated signal and for each sample the
attached address. If a zoom is applied on the curve given the addresses, we can notice that for each address an
integer value is not obtained because the precision of the divider we built previously (c.f. Altera Divider) has
a precision of 10-4) and the constant use for the step is an approximation of the real value because we use only
14 bits (c.f. Altera Input Blockset). In consequence a module called Round in DSP Builder Library is used to
obtain integer values for the addresses.
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Figure 41: QAM addresses
The final simulation of this system of addresses computation give imprecise results because the samples on
the envelope are not exactly separated by the same value called step because of the approximation of Matlab
compiler. So 2 values attached at the same address are not exactly the same. But with this method the
correction should be the same because the same address gives the same correction coefficient. In order to
make the correction more precise, we have to share the correction function more than the number given by
the previous computation called resolution_vertical. But there is a trade off between the number of corrected
coefficients and the precision of the divider. If there are too many addresses to compute from the envelope
the dividers introduce an important error on the addresses computation. It was decided to improve the number
of addresses by a factor of 5 that is the best trade off given by the practical results of many simulations. The
Simulink architecture needs to be modified by the introduction of a multiplier (or a divider as it was initially
implemented) but also the Matlab array has to be changed, there are 5 times more points to extract from the
correction function and to store them in the same array. That is why there is a “5” coefficient in the
computation of the resolution_vertical.
With resolution vertical=250, we obtain the following addresses:
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Figure 42: LUT addresses

The following figure 43 shows the complete implementation of the addresses computation in Simulink
blocks. The input is the envelope information and the output is the address sample that feeds the LUT. The
first constant represents the step and the second one represents 1/5*(error_correction_of_the_first_divider) (5
is the constant used for the enhancement of the correction coefficients).

Figure 43: Simulink block for LUT address generation

4.2.2 Delay Adder
The output of the LUT are the pre-distorted samples related to the envelope samples. But according to the
correction function (c.f. Correction function) the lowest pre-distortion has to be applied to the lowest values
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of the envelope.
On the following figure 44 a delay between the input envelope (coming from the QAM transmitter) (below)
and the corrected samples (on the top) can be noted. This delay is introduced by the DSP Builder modules
which are modules that can be loaded on the Altera board that means the Simulink compiler can introduces
physical delays on these modules.

Figure 44: Delay introduced by the LUT
In order to compensate the delay, we have to notice that the correction is periodic, the same period of the
envelope (because the addresses in the LUT are based on the envelope signal). So adding the same delay(in
terms of samples) at the envelope signal enables the input sample to be multiplied with the right correction
sample.

4.3 Power consumption limitations
It has been tried to reduce at maximum the energy consumption of the system, in order to do that some
modifications are integrated to perform a low energy cost solution.
The LUT has been chosen instead of another memory type (RAM,ROM,...) to minimize the energy cost. In
fact the implementation of a LUT is really easier (introduce less analog modules so less consumption) than
another structure for memory storage. The structure is really simple with one input and one output instead of
managing any others ports like clk, enable,...etc.
The choice of the sources for test is optimized in terms of energy consumption: the computation of the
addresses for the LUT is done by a function which sized the envelope of the 4-QAM signal. By not taking
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directly the 4-QAM signal but the envelope of the 4-QAM signal, an important power reduction was
obtained. The 4-QAM signal suffers from phase discontinuities and if the coefficients for correction are
computed from this signal, the memory pointer (which reads the correction coefficient on the LUT) can go
from the first case of the LUT to the last case only during the transition of the symbol. If the envelope of the
signal is taken, there is no phase distortion so the memory pointer goes always to the closer next case
(depending on the slope of the envelope).
The non linearities on the curve regarding the envelope detection in the next chapter illustrates perfectly the
previous description.
We can compute the energy savings realized by this technique:
Suppose that el is the energy loss during a move from the current address to the closest one.
Computing the addresses directly from the 4-QAM signal, consume at maximum (when the address
goes from the first to the last during a phase discontinuity):
el *(number of samples for a curve)=el *N (N depending of the resolution of the sine wave
used during the modulation)
When the addresses are computed from the envelope of the 4-QAM signal, we obtain a consumption
of el .
The energy loss saving is (N-1)*el
The architecture was packaged at maximum in order to avoid the interconnections between systems which
consumes a lot of energy.
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The System testing chapter is closely linked to th previous chapter because it describes the test architecture
creates especially to simulate the real implementation. The models of the QAM transmitters and receivers but
also the creation of the model of the PA are described. Finally the analysis of the tests are performed in order
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to validate completely the requirements. This part is the last step before the physical system implementation
because the correction architecture behavior need to be checked in theory before implementing it on the
FPGA.

5.1 Global Test environment
Figure 30 shows the global architecture for the test environment. It includes QAM transmitter and Receiver.
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Figure 45: Global Architecture for testing

5.1.1 Quadrature Amplitude Modulation (QAM)
In order to test the performance of the correction, input signals have to be defined. Nowadays, in wireless
communications, data is modulated at very high frequencies up to 5 GHz (Bluetooth, Wi-fi, GPRS,...) in
order to decrease the information loss and to increase the Signal Noise Ratio (SNR). Many modulation
standards exist such as QAM (Quadrature Amplitude Modulation). The QAM modulation is the split of a
complex signal in two parts: the Quadrature (Q) and the Inphase(I). I representing the real axis and Q the
imaginary axis. QAM uses both amplitude and Phase modulations. Q and I can take different values
depending on the code used and the quantization. As with many digital modulation schemes, the constellation
diagram is a useful representation. In QAM, the constellation points are usually arranged in a square grid
with equal vertical and horizontal spacing, although other configurations are possible (Cross-QAM). The
number of points in the grid is usually a power of 2 (2, 4, 8 …). Since QAM is usually square, the most
common forms are 16-QAM, 64-QAM, 128-QAM and 256-QAM [wikipedia QAM].
For example, a 16-QAM constellation diagram with gray coding is presented in figure 46:
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Figure 46: 16-QAM Constellation Diagram
PSK (Phase Shift Keying) modulation is a special case of the QAM where the magnitude of the complex
signal is constant, only the phase is changing. The constellation diagram of the PSK is a distribution of points
around a circle of constant magnitude.
After the coding, a mixer should multiply the signal with a carrier frequency.
For this project, the group chose to use 4-QAM because it is a realistic mode to represent the sources and a
larger order of modulation would be useless.

5.1.1.1 The transmitter
5.1.1.1.1 Random source
The transmitter needs to be feed with a random complex number which can take only 4 values (00,01,10, and
11) such as given in figure 47:

Figure 47: 4-QAM quadrant
Such a modulator is available in Simulink in the Communication Blockset library , it is called Rectangular
QAM Modulator Baseband. The only parameters to modify are the M-ary number to be set to 4 and the
coding to be set to Gray.
This block needs to be fed with integer values between 0 and 3 in order to simulate the possible values of Q.
A random generator has been created with numbers between 0 and 3. In Simulink, only the block called
Random Number is available but it gives real numbers between a min value and a max value.
The following algorithm is used to obtain an interval of integers.
Suppose that x is the input real value ( output of the block Random Number ).
min_value=0;
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max_value=4;
The group chose 4 for the max value because we need to ensure the same probability to obtain 0 that the
other numbers.
a=constant1 multiply by the result of 0<x<=1;
b=constant2 multiply by the result of 1<x<=2;
c=constant 3 multiply by the result of 2<x<=3;
if we have a real number between 3 and 4, “0” is assumed
output=a+b+c; (“0” covers the fourth value)
This method permits to obtain output integer values between 0 and 3 with the same probability (¼).
The Simulink architecture used to obtain the output values is presented in figure 48:

If Source1Є]3,4]

Figure 48: Realisation of a random Generator
The output results are shown on the figure 49: the graph on top shows the output values of the Random
Number and the graph at the bottom the values which feeds the QAM rectangular Modulator Baseband.
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Figure 49: Sample output of QAM Modulator

5.1.1.1.2 QAM rectangular Modulator Baseband
This block is already provided by the Simulink library.
The only settings to set are M-aray numbers=4 in order to have a 4-QAM modulation,
The constellation ordering have to follow the Gray code. The output of this block is not a signal modulated in
4-QAM but a complex signal. This complex signal can take 4 values as explained on the figure 29
(00 → -1-j , 01 →-1+j, 10 → 1-j and 11 → 1+j ) for each combination of the input signal (0,1,2,3).
In order to make a QAM modulation, the first step is to split input signal into a In-phase signal(I) and
Quadrature-signal(Q) as explained on the figure 50 [wikipedia].

I

Q
Figure 50: Principle schema to split Q and I components
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The following figure 51 shows the scheme performed with Simulink to make the 4-QAM Modulation:

Figure 51: Global test architecture for QAM modulator

5.1.1.1.3 Frequency shift (called Modulation Process):
The next operation is to do the Amplitude Modulation, that means to shift the signal around a carrier
frequency. As explained in chapter 1, the class F PA has a maximum gain around 2 Ghz, and then this
frequency has been chosen as the carrier frequency (f0).
The principle of the 4-QAM modulation is to transmit 4 different information values, that means that the Q
signal and the I signals have to be modulated separately.
The 2 carrier waves are usually shifted by 90°: the Q signal is multiplied by cos(2pi*fo*t) and the I signal is
multiplied by sin(2*pi*fo*t) where fo is the carrier frequency and t is the vector time defined in Simulink.
The vector time in Simulink is indirectly correlated with the time because all the simulations are normalized,
that means the vector time has a unit of 1. To work at a precise frequency, a clock block has to be inserted and
to be taken from the DSP builder library.
The transmitted signal is of the form:

s(t)=Q(t)*cos(2*pi*fo*t) + I(t)*sin(2*pi*fo*t)

(37)

Figure 52 shows the design of this frequency shift with Simulink:

I

Q

Figure 52: frequency shift measurement of the QAM
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Notice that the sine wave is obtained by the addition of a phase (pi/2) at the cosine signal.
As cosine signal is sampled with the normalized clock of Simulink it is quantified and real cosine is only
roughly approximated. This problem is amplified if we need a cosine at a higher frequency of the normalized
frequency (which is like one explained on the precedent paragraph).
To obtain a proper sine signal the number of samples has to be increased, this can be done by configuring the
cosine block with two following parameters sine type=time based and Sample Time=1e-3 in order to have
1000 samples instead of 1 per each normalized period.
To increase the frequency, the multiplication factor fo/fe (where fo is the carrier frequency and fe is the
sampled frequency) has been set to a large number. Normalized frequencies have been multiplied by 2*pi
(because it is in rad/sec). The frequency of the clock (Altera external clock) is multiplied by this factor.
We obtain the results in following figure 53 with a sample time=1e-3

Figure 53: Carrier sine signal
The output of the 4-QAM modulation source is shown on the bottom part of the figure 54, and the
corresponding random values on the top:
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Figure 54: QAM modulated signal
On the following diagram (figure 55) it appears that for each new encoded integer value the modulated data
is changing so there is a break on the sine modulated wave [wipedia QAM ]:

Figure 55: 4-QAM Modulation principle
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5.1.1.2 The receiver

The receiver does the inverse function of the transmitter that means it receives a 4-QAM modulated signal
and it transforms that signal into the initial sequence that is the initial random sequence (no estimations are
performed).
Figure 56 presents the demodulator architecture [wikipedia]:

Figure 56: QAM demodulation architecture
The corresponding Simulink implementation is shown in figure 57:

Figure 57: Simulink QAM demodulation implementation

5.1.1.2.1 Baseband shift and filtering:
The first step when the 4-QAM signal arrives is to transpose this signal to baseband. This operation is
necessary because there are no analog baseband filters with a center frequency of 2GHz and with a pass band
of several MHz (that depends of the initial signal) because that would mean that the slope of the filter would
be of many hundred DB/decades.
The main problem of a frequency shift (to transpose the signal in baseband) is to recover Q and I components
that are mixed up in the 4-QAM signal. As explained by the equation 6, the multiplication of the 4-QAM
signal by a cosine transposes only Q in baseband and the multiplication of the 4-QAM signal by the sine
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transposes only I in baseband, so the 2 signals must be processed differently.
s(t)*cos(2*pi*fo*t) = Q(t)*cos(2*pi*fo*t)*cos(2*pi*fo*t) + I(t)*sin(2*pi*fo*t)*cos(2*pi*fo*t) (38)
Using trigonometric identities, we can write:
s(t)*cos(2*pi*fo*t) = 1/2*Q(t)*(1+ cos(4*pi*fo*t)) + I(t)*sin(4*pi*fo*t)

(39)

Where s(t) is the 4-QAM modulated signal and fo the carrier frequency.
This means that in baseband(around 0) only the Q signal is available.
The same approach can be used to transpose I signal:
s(t)*sin(2*pi*fo*t) = Q(t)*cos(2*pi*fo*t)*sin(2*pi*fo*t) + I(t)*sin(2*pi*fo*t)*sin(2*pi*fo*t)

(40)

Using trigonometric identities, we can write:
s(t)*sin(2*pi*fo*t) = Q(t)*sin(4*pi*fo*t) + 1/2*I(t)*(1- cos(4*pi*fo*t))

(41)

Then the signals need to be filtered by low pass filters to obtain independent Q(t) and I(t) signals. Simulink
block Analog Filter Design has been chosen for their implementation, with a configuration of Bessel of a 4
order (to have a steep slope). The baseband edge frequency needs to be at least the double of the maximum
baseband frequency (Niquist-Shannon theorem), fo/2 where fo is the carrier frequency (with fo>>maximum
baseband frequency) has been chosen because tests showed that this frequency decreases the roll off of the
obtained signal.
The demodulation process is centered on the Simulink block called Rectangular QAM Demodulator
Baseband (which computes the inverse operation of the Simulink block used for the modulation: Rectangular
QAM Modulator Baseband ), which needs to be fed with a complex digital signal: a quantified and sampled
complex signal.
Then a Simulink block called Real-Imag to complex is inserted to creates a complex signal with the Q and I
signals.
Figure 58 shows the Q signal after filtering:

66/114

Chapter

5 -System Testing

Figure 58: Q signal after filtering
This is the scheme of the frequency shift and the filtering. The output signal of this block feeds the
Rectangular QAM Demodulator Baseband.
A way to compute the non-linearities (c.f. Chapter #Constellation_diagram) is to obtain the constellation
diagram of the input and the output of the PA and the Error Vector Magnitude linked. A special Simulink
block is defined to obtain directly the constellation diagram called Discrete Time Scatter Plot.

Figure 59: Constellation diagram after QAM demodulation
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The figure on the left shows the initial signal and the figure on the right shows the received signal when
transmitter and the receiver are directly linked. As explained on equations 6 and 7 the received signal has 2
times less amplitude due to the multiplication by the sine wave in the demodulation process. The errors of the
demodulation are due to the filtering.

Figure 60: Implementation of QAM demodulation

5.1.1.2.2 Rectangular QAM Demodulator Baseband
This block has to be configured like the the Rectangular QAM Modulator Baseband, the parameter M-ary
number at 4 and the constellation ordering has to follow the Gray code. The output of this block gives the
initial random sequence.
For example the figure 61 gives the initial random sequence that was put on the input of the modulator block
and the output of the demodulator block.
We can notice that there is a delay of 1 normalized period between the initial message and the final decoded
message. There is no error in the sequence of the message because the group doesn't create a noise generator
to disturb the transmission canal.
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Figure 61: Modulated/Demodulated Signal
As mentioned in the previous chapter [EER], the PA is used as a modulator, so it receives a phase information
on the gate and the envelope information substitutes the DC voltage. It is necessary to obtain the phase
information and the envelope information of the QAM modulated signal. These 2 signals (phase and
envelope signals) simulate perfectly the real data that feed the real PA. The envelope detection and the phase
detection modules are different if they are placed before or after the PA. In fact the phase and envelope
modulation scheme put before the PA can be done with the common Simulink block because in the real world
both values directly feed the PA. But after the PA, in the real world the data are distorted and modulated,
which means that the phase and the envelope signal are mixed. But in order to do a correction that can be
synthesized in the Altera FPGA only the Simulink library of Altera devices that is called DSP builder has
been used. Obviously the DSP builder library contains less functions than the common Simulink block, so
specific functions have been created as explained on the next paragraph.

5.1.1.2.3 The phase and envelope detection (Simulink block):
• General case:
4-QAM signal does not provide envelope modulation as all four cases of modulated signal have the
same amplitude. 16-QAM is planned to be studied. In this later case envelope modulation is present in
addition to phase modulation.
Envelope and phase can be separated as follows:
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–Multiplication of modulated signal by cos or sin 2*pi*fo.t and then filtering the result by a low pass filter
(envelope is usually implemented with a diode with serial RC low pass filter)
–Phase modulated signal can be either obtained by division of the found envelope signal
In order to test the correction with 4-QAM phase and envelope detection have been implemented in a
different way as presented here below paragraphs.
• The phase signal Isolation (Simulink block):
There are 2 different ways to perform the phase signal isolation. Note that the phase does not mean here the
phase of a complex signal but the square (or sine wave) signal that is used as carrier wave for the phase
modulation.
1.The simplest method is a direct submission of 4-QAM signal to the PA Gate.
2.The second way is to detect the sign of the QAM wave: a value of 1 is generated if the amplitude of the
QAM is greater than 0 and -1 otherwise.
The second way to compute the 4-QAM signal has been chosen to further test filtering functions of the PA.

Figure 62: Implementation of Phase Detector
The input 1(In1) is matched with the QAM signal as presented on figure 62.
• The envelope detection(Simulink block)
The mechanism of the PA requires the isolation of the envelope information. Basically a PA used as
amplitude modulation device multiplies a carrier signal (including the phase signal) by the message to be
transmitted (baseband signal called envelope signal).
Note that a low pass filter cannot be used like in many envelope detector architecture because before
filtering, the signal must be transposed to baseband, which means that the signal must be multiplied by a
carrier sine function. The problem is in the multiplication with a carrier frequency: if a multiplication by
cos(2*pi*fo*t) is used where fo is the carrier frequency, only the Quadrature signal Q(t) is obtained after
filtering as presented in previous paragraph. When the QAM signal is multiplied by sin(2*pi*fo*t) where fo
is the carrier frequency, the Inphase signal I(t) is obtained but never the envelope of the QAM signal.
However, addition of Q(t) and I(t) will restore the envelope signal after filtering.
In order to test the correction unit, a special computation has been applied 4-QAM signal. The 4-QAM is
divided by the previously generated phase modulated signal (square wave signal)
The following figure 63 shows the Simulink scheme used for Envelope detection:
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Figure 63: Similink scheme for Envelope Detection
The input 2(In2) is divided by 1(In1) and out1 is the output of envelope detection module).
The next figure 64 shows on the top the QAM signal, then the phase signal and at the bottom the envelope
signal:

Figure 64: Phase and Envelope detectors output
After the PA the signal must be split into the phase and the envelope, but this signal should come from the
real PA that means the phase and envelope detector would be this time loaded on the Altera FPGA board. At
this point, a phase and an envelope detectors must be created using the library DSP Builder. As indicated in
the previous paragraph, the DSP Builder library contains blocks that can be translated to VHDL and
subsequently synthesized for and loaded into the FPGA. However, the number of available blocks is this
library is rather limited.
Please note that the DSP Builder blocks are displayed in blue.
For a complete documentation of all the blocks, please refer to the following website:
http://www.altera.com/products/software/products/dsp/dsp-builder.html
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5.1.1.2.4 Phase and envelope Detection (DSP Builder library)
• The phase detection( DSP Builder library):
It is important to notice that the definition of the phase remains unchanged as compared to the previous phase
detector: the aim is to detect the sign of the output of the PA (the output of the PA is also a 4-QAM modulated
signal but this time the signal is amplified and distorted. The model of the PA has been defined in next
chapter ).
This time we have to define the sign module with the DSP builder blocks.
This solution has been chosen because of its simplicity and the few resources required is described below:
Suppose that y is the output signal that comes from the PA :
if y>=0 select constant1
else select constant -1
This algorithm can be implemented with a multiplexer that takes one or the other solution in relation with a
selection input.
The following figure 51 shows the Simulink design with the DSP builder blocks:

Figure 65: Phase and Envelope detectors output (using DSP Builder library)
The input (called In1) is linked with the output signal coming from the PA.
• Envelope Detection simulation (using DSP Builder Library):
In this block the output signal of the PA is divided by the Phase coming from the Phase Detection Block. But
this division should be accurate enough in order to precisely follow the shape of the output signal coming
from the PA. The precision has to be higher than the sample rate (the sample rate is equal to 1e-3/(fo/fe)
where fo is the carrier frequency and fe is the frequency of the clock).
So precision >> 1e-3/(fo/fe)
with fo/fe=2*5*pi~31
precision >>1e-3/31~3e-5

(16.0)

It has been decided to have a precision of 1e-5.
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The creation of this block requires the realization of a precise divider. In DSP builder library there is no float
divider, there is only an integer divider with integer reminder. We have to transform this divider into a
floating point divider with the precision needed. Note that the maximum precision of the DSP Builder blocks
is limited by the hardware (the precision of the FPGA). In a mixed digital and analog architecture the
converters Digital to Analog Converter (DAC) and the Analog To Digital Converter (ADC) are commonly
used. Because this is the only hardware constraint of the project (the choice of the architecture is totally free
but limited by time, resources and surface area optimizations), the maximum size of the DAC and ADC (14
bits) limits the precision of the entire computation. For each DSP Builder block, the selection of
the Bus Type at Signed Fractional enable the choice of two parameters: the Number of bits for the entire part
and the number of bits after the decimal point. Because this work aims at creating a general architecture, 7
bits for the first parameter and 7 for the other has been chosen, that means that the result will be in the
following range:
range=[-27=-128;27=128] by step of 1/(27)=1/128=0.0078125 , which does not satisfy the desired precision.
This value of the step is problematic especially for small values coming from the PA, which means that the
signal coming from the envelope detection does not perfectly match the real envelope for the values around
0.
The DSP Builder block called Divider Altera Blockset does the following operation.
Suppose that we want to divide a by b:
a= b*q+r where q is the quotient and r the rest (the 2 outputs).
The transformation of this block into a floating divider is needed, so the group creates the following
algorithm:
i=0;
N=desired precision ( for example 5);
creation of 2 arrays that contains all the quotient and all the reminder:
q=array(0:n-1);
r=array(0:N-1);
while(i<N)
(42)
{
a=b*q(i)+r(i);
10*r(i)=b*q(i+1)+r(i+1);
We fill all the arrays of q and r
}
result=q(0)+0.1*q(1)+0.01*q(2)+...
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Figure 66: Altera Divider implementation
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But this algorithm cannot work physically because the result r(1) happens after a certain delay (the delay of
the Divider Altera Blockset) as compared to r(0) and so on. A delay of exactly 1 normalized period has been
identified. So N normalized period delay has to be inserted after r(0), N-1 normalized period delay after r(1)
and so on. In that way the adder computes the correct result after N normalized period delays.
The constant used for 0.1, 0.01, 0.001,... are not precise because as explained on previous chapter the
precision is limited by the 7 bits used to describe the part after the decimal point. In such a way the constant
0.1 becomes 0.09765, the constant 0.01 becomes 0.009765,... and for the constant lower than 0.001 the
precision is not sufficient so we need to used 2 serial blocks that we multiplied: 0.0001=0.1*0.0001.
The input1(In1) is the output of the PA and the input2(In2) is the phase information (there is no delay
introduced by the computation of the phase)
For example dividing 6.5859 by 5 gives the result presented in figure 67:

Figure 67: Divider output
There are 5 normalized period delays introduced by the division and 2 normalized period delays introduced
by the pipelined adder.

5.1.1.3 Input and output
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5.1.1.3.1 Input Altera Blockset
The data transferred from the Simulink common block are in double format with the precision set in the
Matlab calculator. The Altera blocks are fed by limited precision data (14 bits as said in the previous
paragraph) but the Altera blocks can support only few types of format (signed integer, unsigned integer,
signed fractional, ...) because the Altera blocks need to be converted then in VHDL code.
A special Altera block is used to convert the data coming from the common Simulink blocks to the Altera
blocks, it is called Input Altera Blockset. But if block is synchronized on the global Simulink clock (that gives
the real period of work of the system), the output of the Input Altera Blockset will be the same for 1
normalized period (that means that only one sample is taken during 1 normalized period).
For an amplitude modulation signal, the modulated signal has at the end of the modulation process a
frequency near the carrier frequency, which is much higher than the frequency of the message as explained in
the previous paragraph. So more samples need to be taken in order to match the modulated signal but without
modifying the frequency of the message. A synchronization with a higher external frequency clock has been
chosen, in order to obtain at the output of the Input Altera Blockset the same signal as at the input. The
frequency of this new clock has to be 1e-5 (c.f. Envelope detection) higher than the frequency of the system
clock (The system clock is 5GHz → Tsystem=1/(5e9)=2e-10=200ps, so the sampling frequency is 1/
(5e9*1e5)=2e-15 that is physically impossible because the maximum frequency generated by the Altera
FPGA board (Startix II) is 267MHz). Only with the theoretical Simulink clock it is possible to set the
frequency of the clock at 500 MHz and an external clock 2000 times quicker (because the minimal period
allowed for Simulink is 1ps and the precision of the sampling has to be at least 2000 times higher. Note that
this simulation can work with Simulink (maximum frequency supported by Simulink is 1e12 Hz) but these
frequencies are not supported by the Altera broad StartixII because the internal clock of this broad is too low
and not adapted for testing of recent wireless communications where frequency become always higher (up to
5 GHz).
The following figure 68 shows the output results without synchronization with an external clock (green
curve) and with synchronization with an external clock (blue curve).
The first value is hold for the whole period, so we obtain a constant.
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Figure 68: Output results with synchronization with an external clock(blue
curve) and without synchronization with an external curve (green curve)
The following figure 69 shows the Simulink block with the 2 clocks for the sampling:

Figure 69: Simulink block for external clock

On the top of previous figure, there is 2 bits reserved for the integer part because the 4-QAM signal is
between 0 and 1.2 and the 12 other bits are reserved for the part after the mathematical point to increase the
precision of the correction.
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5.1.1.3.2 Output Altera Blockset
The principle of this block is to do the inverse operation of the previous module. The value received with the
configuration inferred was chosen because there are several different configurations of the precedent block in
order to optimize the use of the bits after the decimal point, so this configuration will compute the
transformation in the most efficient way. Now, the output data of this block should feed the Simulink common
blocks, the data manipulated by Simulink are of double type as in the configuration we chose for the second
parameter of this block. This time there is no need for synchronization with an external clock, because the
synchronization is done automatically (the same external clock is chosen as the Input Altera Blockset).
The following figure shows the Output Altera Blockset (we can notice that no indications are drawn on this
block because the inferred configuration is set.

Figure 70: Output Altera blockset

5.1.2 Model of the PA:

Figure 71: Schematic of The sample power amplifier
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Figure 72: Phase sampling circuit
The sample power amplifier is presented in Figure 71: this block diagram is taken from an ADS simulation.
Advanced Design System (ADS) is a powerful electronic design automation software system, one of the
industry leader in high frequency design.
The switching device consists of three transistors with a width of 1960µm totally. The inductor L1 is used as
the RF choke with an inductance of 2nH. The three filters are used to generate a clear fundamental frequency.
From left to right, the first and the second filters are designed as band-stop filters with center frequencies of 3
times and 5 times of the fundamental frequency respectively. The third filter is designed as a band-pass filter
with a center frequency of the fundamental frequency.
In order to get the characteristics of the PA a 5 GHz pulse series is used as the driving signal with 1.7 V level.
With the Vdd sweeps from 1.1V to 2.3V, a set of AM-AM characteristics is obtained.
The AM-PM characteristic is evaluated with the circuit as in Figure 72. The phases of the output signal and
the input signal are sampled by the comparator CMP3 and CMP4 respectively. The output levels of the
CMP3 and CMP4 are set to 1V for a convenient comparison. And then the phase signals are compared by a
multiplier MULT1. The product is integrated by an integrator consisting of resistor R2 and capacitor C1.
Transistors M1 and M2 construct a switch pair for the integrator reset. So the phase information can be
expressed as presented in Equation 8:
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(43)

Where phase_3 is the output signal of MULT1, as in figure 72. The τ is the phase difference. R is the
resistance of R2 and C is the capacitance of C1.
With the Vdd sweeping from 1.1V to 2.5 V, the AM-PM characteristic can be obtained.
We have to compute τ which is the real phase delay and not the phase information, so we need to compute
RC because τ=RC*phase_information
R=5000omhs and C=20pF → RC=5e3*20e(-12)=100e-9s=100ns. This coefficient makes the delay totally
negligible. But this is the normalized delay, we need to de-normalize it by multiplying it with the period of
the system (5GHz). We obtain the de-normalized delay: τden = τ*clock period = τ*5e9 =
phase_information*5e9*100e-9 = phase_information *500

5.1.2.1 Extraction of the AM_AM and AM_PM curves:
The points extracted from the previous simulation are stored in 2 files AM_AM.txt and AM_PM.txt. A Matlab
function has been defined that reads the data contained in the two files and stores this data in 4 arrays (one for
each file: one for the abscissa and another one for the ordinates ). Then 2 curves that fit perfectly the points
for the AM_AM and AM_PM characteristics should be defined, because the number of points are only 5 in
each array and an enhancement of them of at least 1000 points is needed in order to obtain a quite continuous
characteristic for the following computation. In that aim 2 Matlab functions are possible to use with different
results in the interval where the curves are not defined (extrapolation):
1.-We can use the Matlab function polyfit (that gives the coefficient of the polynomial approximation of the
curve) and then polyval (this function simulate with as many points as indicated in the interval parameter, the
polynomial approximation defined by polyfit). This method to compute the curve that fits perfectly with the
points of the simulation introduces 2 main problems:
•first a polynomial approximation at the first order should be wrong because too imprecise and an
elevated order will use too munch hardware resources. A trade-off should be taken and with the run
of many simulations (for the 1st order to the 30th order) the 8th order was chosen. Likewise, if an
extrapolation is needed (to take some points out off the input interval) this method will be really
insecure because the polynomial approximation out of the input interval shows for precise order
surprising results like oscillations.
This is the Matlab code used for the AM_AM characteristic:
(the information stored in the file AM_AM.txt are put before on 2 arrays called Vdd_in and Vout_mv

80/114

Chapter

5 -System Testing

p=polyfit(Vdd_in,Vout_mv,8)
%-------------------------------------------------------------------------%creation of the x interval(more precise)
%number of points in the x interval
num=1500;
x=linspace(min(Vdd_in),max(Vdd_in),num);
%------------------------------------------------------------------------% polynomial approximation of the function
yAM=polyval(p,x)
i=i+1;
figure(i)
plot(Vdd_in,Vout_mv,'g+:',x,yAM)
xlabel('vdd')
ylabel('Vout')
title('AM-AM response')

The following figure shows the results obtained (the points are the data obtain from the simulation)

Figure 73: AM-AM simulated transfer function
2.The second way to have more points for the AM_AM characteristics is to use the Matlab function interp1.
The advantage is that the extrapolation is really better but the main drawback is that the third parameter of
this function is the interval that gives the exact position of the performed interpolation. So we can have an
input interval that is not the same that the interpolation interval. If the 2 are different, the function should be
not be defined but if the 2 are from the same point to the same point but with another distribution, the
interpolation function will not be the wanted function.
The first method was chosen as it is the easiest to work with.
Obviously, we do the same for the AM_PM characteristics in order to obtain the distortion of the Phase.

5.1.2.2 PA Architecture
It is required to create a Simulink block that takes into account the Amplitude distortion and the Phase
distortion. The Matlab results was used to create the Simulink blocks that perform the AM_AM distortion and
the AM_PM distortion. The 2 Simulink blocks (one for the Amplitude distortion and the other one for the
Phase distortion) have both of them the same input which is the Amplitude information coming from the
Envelope Detection (c.f. Envelope Detection). The output of the block which compute the Amplitude
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distortion is of the same type of the input and the block which computes the Phase distortion and has an
output proportional to the Phase (as explain previously the data contained in the file AM_PM.txt are not
directly a Delay information (in sec) but they are proportional to the Phase and we need after to multiply
these data with a coefficient that transform them into Phase information).
They are different methods to create these Simulink blocks. It has been decided to only use 2 of them because
of their simplicity but especially because these methods can be easily updated, if we have another PA with
another characteristics.
The first method uses the Simulink block Fnc, we have only to put the coefficient of the polynomial curve
that we want to obtain (called f ) in decreasing order. Then we link the input with the Amplitude information
(called x) and we obtain as output f(x). The main restriction is to have an input range of x that fits perfectly
the input range of the f function, otherwise the result obtained would be totally wrong. The coefficient of the
functions computed with Matlab was chosen for the Amplitude distortion and Phase distrotion. As explained
in the previous paragraph, the Matlab function polyfit gives the coefficients of the polynomial approximation
of the characteristics, so a copy past of these results in the Simulink blocks create easily the AM_AM and
AM_PM distorted models.
The following figure shows the interface of the Simulink block Fnc used to performs the AM_PM distortion:

Figure 74: Simulink block Fnc
The second method consists of using the Simulink block Embedded Matlab function. This block allows the
user to define a function (called f2) not only polynomial. The input and the output data are of the same type
as those for the previous block but we can define with this block a polynomial function and then the
extrapolation outside the characteristics (for the bounds values for example) will be more precise.
The following figure shows the Matlab code set in the Simulink block Embedded Matlab function to perform
the AM_PM distortion
function y = fcn(u)
% This block supports an embeddable subset of the MATLAB language.
% See the help menu for details.
p=[-0.1402 , 1.5150 , -6.6349 , 14.5206, -14.5210 ,
0 ,
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11.7995
,
0 , -2.5569]
y = polyval(p,u);
% THIS FUNCTION IS ONLY VALUABLE IN THE Vdd_in interval

The two blocks are very closed in terms of implementation permitting to update very easily the
characteristics by just changing the array with the values of p.
The Matlab functions AM-AM and AM-PM are simulations of the Simulink results and they are very useful
to built a mathematical model of the PA which can be used to compute the correction function.
The following figure 75 shows the confrontation between the curve obtained by Matlab simulation (the left
one) and the curve obtained by Simulink simulation with the use of the previous blocks (the right one) for the
AM-AM characteristic.

Figure 75: Comparison of Matlab and Simulink for AM-AM
We can notice that the two curves are exactly the same because it was chosen to limit the input values in the
same input range of the given AM-AM transfer function (c.f. Shifter).
This following figures 76 and 77 show the Amplitude distortion architecture made with Simulink and the
Phase distortion architecture made with Simulink.
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Figure 76: Simulink Amplitude distortion

Figure77: Simulink Phase distortion architecture
We can notice that the input of the 2 blocks are the envelope of the 4-QAM signal, the output of the
Amplitude distortion architecture is an envelope distorted information and the output of the phase distorted
architecture is a phase information but not a delay. The creation of the second block is more complex than the
first one because on the second one the output of the function is a phase information (in rad). However there
is no Simulink block that can directly add phase, so the transformation in delay information of the phase
information is needed ( by the multiplication of a factor as explained on the previous paragraph). We can use
a Simulink block called variable transport delay which delays an input signal of the value of his second input
parameter. By putting the delay information on his second input, we obtain a distorted phase information.
A class F PA generally performs the multiplication between a phase information and envelope (amplitude)
information (c.f. Chapter 1: typical use of class F PAs #EER). But in order to create a model that matches the
real world, first the phase and the amplitude have been distorted with the previous explained block and after 2
informations are multiplied.
In the following figure 78 the Simulink architecture used to create the model of the PA is presented:
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Figure 78: Simulink PA model

5.1.2.3 Validation of the PA model
We obtain the following results: on the top we have the 4-QAM distorted signal and on the bottom we have
the 4-QAM signal before the Power Amplifier :

Figure 79: Distorted QAM signal
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It can be noted on figure 79 that the amplification is important (we go from 1.5V to 12V) but the amplitude
distortion is relevant. The phase distortion is difficult to distinguish it.
In order to characterize precisely the distortions, we can compare the constellation diagram between the input
signal (before the PA) (left illustration on figure 80) and the output signal (after the PA) (right illustration).
Obviously the same points are not obtained because of the amplification of the PA , but we can see easily that
in the output signal the points are not grouped. EVM(Error Vector Magnitude) (c.f. Chapter 1) computation
function was also created in order to compute precisely the non-linearities.

Figure 80: Constellation diagram for input and output signals

EVM=[57.735;96.701;56.0112;68.7344;67.5658;53.5959;Inf;Inf;65.5024;68.583;65.5873;70.3593;53.5505;9
6.5003;68.4868;99.5666;57.5;....]
As explained is the previous chapter the EVM is computed by the following formula[16]:

(44)

That means when the Preference (input power: the Power of the QAM signal before feeding in the PA) is
equal to 0, we obtain EVM=Infinity but it is only a wrong value that we don't have to take into account.
Of course to compute this function, we normalize the output EVM with the output mean power
((max(AM_AM)-min(AM_AM)/2) which is the power that is obtained if we have no distortion.
Restrictions:
The model of the PA is defined only with the AM_AM characteristics and the AM_PM characteristics which
means that we don' t take into account the modification of the signal frequency or the Temperature.
Furthermore the model is valid only for an amplitude signal that is defined in the same range of the amplitude
in the abscissa of the AM_AM characteristic and the AM_PM characteristic (between 1.1 and 2.3V because
outside of this interval, no information is provided). An adaptive shifter has been developed that can limit the
signal on the AM_AM input range (1.1 to 2.3V) with changing values of the input amplitude .
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Shifters:
The 4-QAM signal is comprised in the range [-1.5;1.5] but the PA is only created for a certain input range
that is specified on the abscissa of the AM_AM and AM_PM characteristics: The correction architecture and
the model of the PA have to be as generic as possible in order to be reused independently of the
characteristics AM_AM and AM_PM (because these characteristics can change or be out-of-date). So, the
interval specified on the abscissa of the characteristics ( the AM range) can change, so a function that permits
to transform the signal interval into the AM interval has been created.
The principle of this function is as follows:
We need a Simulink block that gives a Matlab array that contains all the values that are feeding its input. With
this block, the QAM signal can be accessed especially the max and min values.
The first factor (q10) that we need to compute is called the reduction factor to have the same size of interval
of the QAM signal (input signal of this block) than for the AM range (output needed signal for this block):
q10=(max(abscissa(AM_AM_ characteristic)))-min (abscissa(AM_AM_characteristic)))/
(max(QAM_signal)*max(correction_function)-min(QAM_signal)*min(correction_function)
It was decided to put the shifter after the multiplication between the input sample and the corrected sample,
so during the computation of the shift, the interval of the correction function has to be taken into account.
The second factor (r10) makes the ordinate shift in order to obtain precisely the interval needed.
r10=min(AM_AM_characteristic)
This 2 factors are computed in a Matlab function (correction_LUT52.m) and then these two results can be
used to transform the QAM_signal into the AM_range with DSP builder library blocks.
The following figure 81 shows a possible implementation of the shifter module:

Figure 81: Shifter module
The result before (top figure) and after (down figure) are presented here in figure 82:
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Figure 82: Signals before and after the shifter

5.1.3 Correction Architecture Integration in the design test:
Figure 83 (here below) presents the global Simulink architecture. The complete system is composed by the
assembly of the correction architecture (split into blocks from DSP builder library which can be implemented
on the FPGA) the model of the PA (built with the characteristics AM_AM and AM_PM obtained by analog
simulation) and the test architecture that is composed of the sources for the 4-QAM modulation, the
demodulation module in order to obtain the constellation diagram and the envelope and phase detection that
simulates the signals that feed the PA in the real world.
We can notice that an envelope detector and a phase detector have been integrated (designed in blocks from
DSP builder library so it can be implemented on the board because an architecture using pre-distortion and
feedback was developed first but was not performed because of time constraints.
The input sample from the 4-QAM modulator is delayed by 14,5 samples in order to arrive at the same time
that the correction sample. The corrected sample is obtained by reading in the L U T at the address
proportional to the input sample. The multiplication of the input sample by the corrected sample is done and
after a shit is performed in order to fit the obtained sample at the input range of the PA. As already indicated
in the chapter #Linearization_Study, the model of the PA performed by the group includes only AM_AM and
AM_PM, in consequence it can be used only to simulate memoryless PA.
Then the demodulation process shows the results on a constellation diagram, and then the envelope and the
phase signals are separated again.
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Figure 83: Global Simulink architecture
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5.2 Analysis of the results
The analysis of the results of the complete system scheme can be separated in 3 main parts.
Firstly the results only between the input QAM signal and the output QAM signal are presented, the results of
the PA without correction and the PA with correction, are compared finally because the AM-AM transfer
function that needed to be linearized was not so non linear, a more non linear function has been defined and
the new correction function was computed. This new computation is done automatically because the
correction function can be automatically adapted to any AM-AM characteristic.

5.2.1 Analysis of the corrected sample
5.2.1.1 Analysis of time diagrams
The following figure shows the 4-QAM after the PA (with the correction architecture) (on the top) and the
QAM input wave that go out of the 4-QAM modulator (below). We can notice that the amplitude is bigger (it
can reach 10V instead of 1.9V) but there is phase discontinuities. The phase discontinuities are created by the
delay in the envelope that feeds the PA (because of the correction) that is not equal to the delay of the phase
information that feeds the PA (directly connected from the phase detector to the PA as we can see on the
complete system scheme). The envelope pre-distorted information is delayed compared to the phase
information and that creates a jump of phases during the changing of the sign of the phase modulated signal.

Figure 84: 4-QAM envelope modulator
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However the phase discontinuities are not problematic because the aim of this project is to correct the
characteristics AM_AM of the PA, so only the envelope of the output signal 4-QAM is studied and envelope
modulation have been simulated (it is not the real signal). The following figure 85 shows the output of the 4QAM signal coming from the PA predistorted (on the top) and the envelope of the 4-QAM signal coming
from the modulation scheme (below). The curve obtained at the output of the predistorted PA is amplified and
seems totally closed to the input curve (with amplification obviously), which validates the good working of
the architecture.

Figure 85: Envelope signals

5.2.2 Comparison between results with correction and results without correction
To clearly identify the ameliorations between the PA without the pre-distortion architecture and the PA with
the pre-distortion architecture, a test environment has been built-up.
This environment of test is composed of the same modulation scheme which feeds the PA without predistortion architecture and the PA with pre-distortion architecture. In that way, the same input sample is used
to obtain the output sample with pre-distortion and without pre-distortion to compare them.
The following figure shows the principle of the test environment defines by the group to validate the
correction architecture.
91/114

Chapter

5 -System Testing

Figure 86: Test environment for correction efficiency
The non linearities of the characteristic AM-AM (c.f. Correction function) are not very important (at
maximum of 0,2 in a range of amplification of 11,93-4,74=7.19V that means 2.8% of possible variations
in relation to the linear characteristic), so the improvement cannot be important.

5.2.2.1 Time diagram Analysis
The following figure 86 shows the envelope of the input signal (curve 3), the envelope of the output signal
with correction (curve 2) and the envelope of the output signal without correction (curve 1). The differences
between the curve with correction and the curve without correction can be identified at the slopes of the 2
curves. We can notice that the curve with correction has a slope closer to the input curve than the other one.
Indeed the correction function stored in the LUT makes no correction at the extremities (value near 1 at the
extremities) but the correction function distorted the input sample especially for “middle values” ( values
between the extremities ) of the envelope.
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Figure 87: Envelope signals without and with correction

5.2.2.2 Constellation diagram analysis

The differences between the constellation diagram obtained with the PA without pre-distorter (on the top)
and the constellation diagram obtained with the PA pre-distorted (down below) shows the improvement of
the linearities of the architecture. Indeed on the constellation diagram obtained with the correction
architecture shows an important variation of the phase (as explained on the first part of the test analysis, that
is created by the difference of delay between the phase information and the envelope pre-distorted
information at the input of the PA ) but for each 4 parts the points are really much closer especially for the
right and left part. That means that non-linearities of amplitude are less important with the correction
architecture than for the other one architecture.
The following figure 88 shows the constellation diagrams obtained at the output of the PA without predistortion (on the top) and with pre-distortion (below). Each constellation diagrams displayed 100 points.
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Figure 88: Constellation diagrams without and with correction
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5.2.2.3 EVM computation

As explained in the section regarding the model of PA, the EVM is an indicator of the linearity of a device.
Less important it is and more important is the linearity. The EVM is given by the following expression:

(c.f. #EVM)
We have to define Pref that is the Power of the output of an ideal PA (with linear characteristics). In
consequence the output voltage of the ideal PA has to be defined. It is computed by the gain of the PA
multiplied by the input voltage that feeds the PA.
The following array shows the Matlab code used to do the computation of the EVM with correction (EVM_c)
and without correction(EVM_nc)
% Suppose that evmi is the input of the PA, evmo is the output of the PA
without the correction architecture and evmo2 is the output of the predistorted
PA
Vref=abs(evmi)*(mean(Vout_mv)./mean(Vdd_in))
%We suppose that the load is 50ohms
Pref=(Vref.^2)/50
Ppred=(evmo.^2)/50
Pnoco=(evmo2.^2)/50
EVM_c=sqrt((abs(Ppred-Pref))./Pref)*100
EVM_nc=sqrt((abs(Pnoco-Pref))./Pref)*100
xechantillons=linspace(0,echantillons,echantillons);
plot(xechantillons,EVM_c,'c',xechantillons,EVM_nc);
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The following figure shows the results of the 2 EVMs (with correction in cyan and without correction in
blue). The EVMs are expressed in % and the values of the graph have to be multiplied by 10e-3.
We can notice that both of the EVM are very small because of the small non linearities of the characteristics
AM_AM and there is a sensitive diminution of the error with the correction that validates another time the
correction architecture.

Figure 89: EVM figures without and with correction

5.2.3 Results with a new AM_AM characteristic

5.2.3.1 Correction computation and Time diagrams analysis
The last series of test are done to have more significant results and to test the validity of the correction
function taking another one characteristic AM-AM transfer function of the PA. Now the function considered
is a function attenuating the signal and not amplifying the signal, in that way the coefficient used for the
correction are totally different and we can really test the genericity of the correction function. Furthermore,
the non linearities introduced now are more important and the results should be more conclusive. The non
linear function that characterize the behavior of the PA is shown Figure 90. This time the function is highly
non linear. The script Matlab automatically computes the correction function shown Figure 91.
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Figure 90: New AM-AM transfer function used for test purposes
New correction function:

Figure 91: Matlab test correction function
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This time the correction is very important because the range of amplitude of the characteristic AM_AM is
corresponding to the range of the correction that means the correction coefficient modify heavily the input
signal (envelope of the 4-QAM).
The second test compares the envelope of the QAM input signal(curve 3) to the envelope of the output signal
of the PA with correction (curve2) to the output signal of the PA without correction (curve1). The
improvement of the non linearities are obvious with the correction module as exemplified in following figure
92.

1

2

3

Figure92: Envelope signals for non-corrected and corrected modulator

5.2.3.2 Constellation diagram analysis
The constellation diagram on the top of the figure 93 corresponds to the symbols obtained after the
demodulation of the QAM signal which has gone through the PA (not pre-distorted) and the below
constellation diagram corresponds to the symbols obtained after the demodulation of the QA signal which has
gone through the corrected PA. The points separation intervals are much closer on the vertical axis. It should
be noticed that for very small values, the approximation introduced by the filtering in the demodulation
process degrades a little bit the entire precision of the constellation diagrams (c.f. Demodulation process).
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Figure 93: Constellation diagram without and with correction
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5.2.3.3 EVM computation

The following figure shows the comparison of the EVM (in %), in blue the EVM of the system without
correction and in cyan the EVM with correction. We can notice that for each symbol, the amelioration of the
linearity is sensitive.

Figure 94: EVM without and with correction
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The last part of this project is the implementation of the correction architecture on the FPGA board. The
automatic bitvector stream generation is explained. The limitation of such an implementation concerning the
low frequency of the FPGA and its limitations.

6.1 Introduction to DSP Builder
DSP builder generator is a high level tool used to produce the VHDL code directly from Simulink. This tool
translates the blocks from Altera DSP Builder Library (c.f. Chapter 3) into VHDL . As we can see on the
following figure, the signal compiler using QuartusII software is able to translate a Simulink model file(.mdl)
into a program object file that can be directly loaded on the Altera board.

Figure 95: System Level Design Flow
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The translation from the model file to the bitvector stream uses QuartusII software analysis and can be split
into 3 main steps:
1. Analysis and Synthesis:
Analysis and Synthesis is used to synthesize and Analyze the Verilog HDL or VHDL designs.
Analysis & Synthesis builds a single project database that integrates all the design files in a design
entity or project hierarchy. Initially, the database contains only the original netlists; at the end, it
contains a fully optimized, fitted project, which is used to create one or more files for timing
simulation, timing analysis, and device programming.
Running the Analysis and Synthesis tool on the correction architecture gives the following results
summary as presented on figure 96:

Figure 96: Result obtained from Analysis & Synthesis tool
2. Fitter:
The Quartus II Fitter places and routes the design, that means the Fitter matches the logic and timing
requirements of the project with the available resources of the target device using the Database
created by Analysis and Synthesis. It selects the appropriate interconnection paths and pins
assignments.
The following figure 97 shows the transformations of data made by the Fitter tool:
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Figure 97: Place and Route Design Flow
The following resources summary has been obtained using the Fitter tool:
Figure 98: Resources summary provided by the Fitter tool
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In this step the percentage of used hardware resources is estimated and it can be noted that the total
hardware resources available are sufficient to implement the correction architecture on the FPGA.
3. Programming the device:
The Assembler automatically converts the Fitter’s device, logic cell, and pin assignments into a
programming image for the device, in the form of one or more Programmer Object Files (.pof) or
SRAM Object Files (.sof) for the target device.
An Introduction to DSP builder can be found using the following reference [http://www.altera.com/literature/
ug/ug_dsp_builder.pdf]

6.2 FPGA used
The university provided the Stratix II EP2S60 DSP Development Board which combined with DSP Builder
allows the implementation of the desired design.
The following figure shows all the components on the board:

Figure 99: Stratix II EP2S60 DSP Development Board components
The main limitations of this board are the ADC and the DAC that are limited to 14 bits and the maximum
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clock frequency is set to only 267 MHz.
Implementation of the correction was done on the board only to verify that the resources are sufficient to
perform the correction. The real hardware simulation can not be done for 2 main reasons:
1. The company providing the hardware for the project is not yet ready to provide the physical class
F PA prototype
2. The designed architecture works at a frequency of 5GHz but the hardware frequency clock is
limited to 267MHz. To practically simulate the target architecture it has been supposed that
information coming on the gate of the PA is limited to 267 MHz and the PA has the same
behavior around these frequencies that around 5GHz. Those supposition are too far away from
the real world that makes the practical hardware simulations useless.
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The purpose of the project was the linearization of the transfer function of PAs. PAs typically have high
power efficiency but often presents non-linearities on their AM_AM and AM_PM transfer function.
A survey of technologies related to PAs has been initiated at the beginning of the project:

• PAs architecture has been investigated more in detail in order to get details on their components
• linearization techniques have been identified and their main pros and cons have been roughly
highlighted

The sources of non-linearities have been listed and an example of transfer functions has been included.
The next step was the definition and the development of the algorithm to be used for the linearization of the
transfer function of the PA. Matlab was used to create the translation function. It was ended by the validation
of the method.
As the development of the card to host the linearizer was not available we also developed a test environment
with Simulink:
• A 4-QAM modulator/Demodulator has been created to test it “end-to-end”
• A PA has been simulated including the distortion on its AM-AM transfer function
• Specific modules to test parts of the global system e.g. test signal for AM-AM modulations
It was not possible to load the DSP Builder code on the board because, as previously stated, the real PA was
missing but we were able to determine the size of the code generated by the linearizer.
Several difficulties have been encountered. Here below are the main ones:
• Some uncertainties in the definition of project requirements
• Multiple development environments i.e. Matlab, Simulink and DSP Builder
• Creation of a test environment as near as possible of the real one
• Very high speed test environment
According to simulation tests, AM-AM transfer function of the PA was successfully corrected and the
DSP code generated has a reasonable size.
Tests of the correction unit was done on the real PA transfer function but also on a more distorted transfer
function that was simulated in order to more clearly validate its efficiency.
I got a lot of benefits from my project in Aalborg Universitet:
• I was responsible of a project and was faced with many challenges that help me to improve
prioritization and time management
• Knowledge on several products was improved like Matlab, Simulink, DSP Builder, etc and I
benefited from laboratory top level knowledge on wireless communications
• Even if Team working was not a critical requirements it was required for project definition and
project development and reporting
• Written and spoken English language was improved
• Documents structuring and presentation has become clearer and more easily readable
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• I also maturated on openness and responsibility handling
All these improvements were not possible without the efficient support of my tutor, project manager and all
the laboratory personnel.

7.1 Future Work
The following remaining issues are envisaged to be worked out:

• 4-QAM is not a good encoding signal to test correction of the PA transfer function. A specific

rectified sine signal was used instead. It would be interesting to test the linearization system on a 16QAM which presents a significant amplitude modulation range

• In this document focus has been put on correction of AM-AM i.e. envelope transfer function of the

PA. But PAs also introduce Phase distortion i.e. AM-PM typically in a smaller extent but could
become an issue on 16-QAM and above modulators. Investigation on Phase correction is envisaged.

• Transfer functions of PAs vary with temperature. They also change according to the target board

components. It would be interesting to study a way to automatically adapt the correction according
to target board components and to temperature variations.
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Meaning

AM

Amplitude Modulation

CALLUM

Combined Analog Locked Loop Universal Modulator

DSP

Digital Signal Processor

EE&R

Envelope Elimination & Restoration

EVM

Error Vector Amplitude

FPGA

Field Programmable Gate Array

G

Gain of the amplifier: ratio between output and the input signal amplitudes

GSM

Global System for Mobile communications

η: Efficiency of PA

The amplifier efficiency is a critical indicator. It is a measure of the percentage
of power delivered to the load compared to total power delivered to the PA
circuit.
(Instantaneous powers are calculated and then approximated)

IMD

Inter-Modulation Distortion

LAN

Local Area Network

LINC

Linear Amplification using Non-Linear Components

PA

Power Amplifier

PAE

Power Added Efficiency is similar to η but input power is first subtracted to
power delivered to the load before being divided by the DC power. If Gain >> 1
they are equivalent

PM

Phase Modulation

PMAX

It gives an idea of the maximum power dissipated in the Transistor ( The Peak
Drain Voltage * The Peak Drain Current )

QAM

Quadratic Amplitude Modulation

RF

Radio Frequencies

SDR

Software Defined Radio

SMPA

Switched Mode PA
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Universal Mobile Telecommunications System
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Verilog High Level Language

WIFI

WIreless Fidelity (a type of WLAN)

WLAN

Wireless LAN

