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resumo 

 

 

Durante os últimos anos tem existido um aumento significativo no estudo e 
desenvolvimento de sistemas de condução autónoma, com vista a um futuro 
com zero acidentes rodoviários. Uma das principais funções necessárias para 
um bom funcionamento deste tipo de sistemas é a deteção e localização de um 
potenciais obstáculos. Tal pode ser conseguido através da tecnologia LIDAR 
(Light Detection and Ranging). O tipo de LIDAR mais utilizado é o pulsado, onde 
é feita a medição direta do tempo de voo de pulsos emitidos por um laser, 
refletidos por um obstáculo, e capturados num recetor. No entanto, o custo e a 
complexidade deste tipo de implementação ainda são proibitivos. 
Ao longo deste trabalho foi explorada outro tipo de técnica LIDAR, designada 
por AMCW (Amplitude-modulated Continuous Wave), na qual são utilizados 
sinais contínuos modulados em amplitude e para a qual foi obtida uma boa 
precisão para medição de distâncias de um obstáculo até 300 m. Esta técnica 
abre a possibilidade a uma redução em custo e complexidade. Vários casos 
ideais e não-ideais foram simulados para dois métodos de estimação e para 
diferentes formas de onda, de maneira a perceber quais são os parâmetros e 
condições de funcionamento que permitem a otimização do sistema. 
Outro foco desta tese foi o estudo do impacto da influência da presença de 
interferência proveniente de outros LIDARs. A partir dos resultados obtidos, 
observou-se que mesmo face a situações improváveis com presença de várias 
fontes de interferência, o sistema é capaz de operar com um erro absoluto 
aceitável.  
Por fim, foi também testada a possibilidade de implementação de um sistema 
de comunicação em cooperação com o sistema de estimação estudado sem 
perdas na sua qualidade de estimação. Concluiu-se que esta implementação é 
possível, desde que certas condições relativamente aos sinais transmitidos 
sejam respeitadas.   
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abstract During the last few years there has been a significative increase of the study and 
development of autonomous driving systems, in order to have a lower rate of car 
accidents in the future. One of the main functions necessary for a good 
performance of this type of systems is the detection and distance estimation of 
a potential obstacle. This can be achieved through the use of LIDAR (Light 
Detection and Ranging) technology, within which the most used application is 
the pulsed LIDAR, for which a direct measurement of the time-of-flight of pulses, 
which are transmitted by a laser, reflected at an obstacle and captured by a 
receiver, is done. However, the cost and complexity of this type of 
implementation are still too high. 
Throughout this thesis, another type of LIDAR technique known as AMCW 
(Amplitude-modulated Continuous Wave) was then explored, for which 
continuous signals are amplitude-modulated and for which a good precision was 
obtained for the estimation of distances of an obstacle up to 300 m. This 
technique introduces the possibility of a reduction in cost and complexity of this 
type of system. Different ideal and non-ideal cases were simulated for two 
estimation methods e for different types of waveforms, in order to understand 
which parameters and working conditions enable the optimization of the system.  
Another great focus of this thesis was the influence of the presence of 
interferences, originated from other LIDARs, on the estimation methods. From 
the obtained results, it was observed that even for scenarios with the presence 
of various interferences, the system is capable of making estimations with an 
acceptable absolute error. 
Lastly, the possibility of implementing a communication system in cooperation 
with the studied estimation system without losses in estimation quality, was 
tested. It was concluded that this implementation is possible, guaranteed that 
some conditions relative to the transmitted signals are respected. 
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Chapter 1: Introduction 

1.1 Background 

In the present days, there is a wide array of LIDAR (light detection and ranging) applications 

implemented in a wide variety of important areas, as for example machine vision, 3D 

imaging or laser mapping, each using the same LIDAR basic concepts for different 

objectives.  

One of the hottest LIDAR topics is its application in autonomous driving, for which several 

working LIDAR solutions have already been developed and implemented by different 

companies and for which a great deal of research and development efforts are being 

funnelled currently. 

Among the first developed technologies for automotive driving is the solution of making the 

object detection via the captured images of a camera, for which an algorithm can detect 

whether there are any obstacles in front of the vehicle and can decide whether it is a person, 

a vehicle or a different object. This solution is widely implemented in currently developed 

automotive driving systems, mostly due to the great technological progress that has been 

surging in the latest years, particularly in the areas of image processing and artificial 

intelligence. Regarding the measurement of the physical distance at which an obstacle is 

from the vehicle, most of this type of systems can make a rough measurement of it based on 

the size of the obstacle on the captured image, however this measurement is limited by the 

range of the camera.   

As a result of the low precision in obstacle distance estimation provided by camera systems, 

time of flight (ToF) LIDAR technologies started to capture the attention of the automotive 

driving industry, thus culminating in an increased development and implementation of this 
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type of LIDAR technology. This led to most of the currently existing solutions being 

normally based on using a ToF LIDAR as a scanning device in order to try to distinguish 

objects and persons in front of and around a vehicle. This is done by changing the position 

of the emitter iteratively in more than one degree of freedom and obtaining a point cloud 

from which an obstacle can be detected. However, the cost of this type of laser scanner can 

easily reach extremely high values, due to having expensive mechanical gimbals, which 

makes it impossible to consider them as a viable future commercial solution that could be 

implemented in a great number of vehicles. In addition, while this type of application can 

normally produce extremely precise distance measurements, its measurement range is 

reduced. 

There exist several methods to estimate range using ToF LIDAR, with the most used being 

the pulsed LIDAR, where a pulsed signal is transmitted, reflected at an obstacle and then its 

reflection is received and processed. The time of flight from the moment of transmission 

until the moment of reception is obtained from a timing circuit and from it the obstacle 

distance can be easily deduced. This technique is used by scanning-type LIDAR 

applications, to know at what distance each captured point is located. Very good results can 

be obtained from it, yet at the cost of complexity due to the precise timing circuit 

implementation and also the requirement of significant computational power. 

In addition, another existing distance estimation method is to use Continuous Wave 

techniques and transmit continuous waves instead of pulses. One of these techniques is 

named Amplitude-modulated Continuous Wave (AMCW) and is the focus of this thesis. 

This technique estimates the time of flight (ToF) of a transmitted wave by obtaining the 

phase difference between the received signal, which was reflected at an obstacle, and the 

transmitted signal. The working range of this technique depends on the characteristics of the 

transmitted tone, namely its frequency and transmission power. 

The idea behind this thesis is to take some of the basic concepts of the AMCW techniques 

already implemented on several 3D imaging applications using time of flight cameras, as for 

example in [1], and experiment these in an AMCW LIDAR ranging system.  

The developed methods were developed with the goal of making distance estimations with 

high precision and long range, while being implemented in a system with both reduced cost 

and complexity. A system with these capabilities could possibly increase the economic 
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feasibility of implementing LIDAR ranging systems in future autonomous driving 

technologies, which currently is still very low due to the very high costs of the existent 

LIDAR systems.   

In future scenarios, it can be assumed that a great deal of vehicles will have their own LIDAR 

system and that multiple LIDARs will operate simultaneously in the same environment. In 

this case, each LIDAR may receive not only its own reflected signals, but also the signals 

originated from other neighbour LIDARs, which causes the existence of interferences that 

can introduce errors on a distance estimation. This type of behaviour must not occur in future 

practical scenarios, as erroneous estimations can lead to an autonomous system making 

erroneous decisions, which cannot be afforded in such a critical system. Very few of the 

nowadays developed ranging LIDAR techniques are concerned with the existence of 

interference and on how it can affect the behaviour of the range estimations. With this in 

mind, it was of the upmost importance for this thesis to study the effects of interferences 

from other LIDAR systems on the AMCW LIDAR distance estimation system and 

investigate ways of mitigating these interferer effects. The study of these effects is, to the 

best of the author’s knowledge, a first for AMCW applications, as the typical interference 

concern is with Multi-Path Interference (MPI), originated from multiple reflections of the 

transmitted signal, and not with cross interference from other systems, possibly with 

different frequencies. 

Furthermore, there is the additional possibility of LIDAR systems being used not only for 

ranging purposes, but also for communicating relevant information between different 

vehicles, which could increase the attractiveness of using LIDAR solutions. The possibility 

of sending information, using the architecture intended for the AMCW estimation system, 

is an original study and was then briefly explored on this thesis, in order to understand 

whether this idea would be worth to implement in the near future or not. 

1.2 Objectives 

The main motivation for the work developed throughout this thesis was to study an obstacle 

distance estimation system based on the LIDAR, which can be implemented with a simple 

and cheap architecture. This thesis is then focused on evaluating the best AMCW estimation 
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methodology to get an obstacle distance measurement and on its performance for different 

conditions. 

Several objectives were pursued, as subsequently listed: 

1. The first was to test and validate the different AMCW LIDAR delay estimation 

methods and ultimately decide which method would be better to implement. Two 

different AMCW methods, 4-Bucket Trick (4BT) and N-Point FFT (N-FFT), were 

implemented on the same simulated system architecture, with some minor changes 

on how the estimation is obtained between each other. 

2. The second objective was to study the behaviour of the chosen method to different 

non-ideal and ideal system conditions, such as the impact of the type of wave 

generated at the transmitter and at the receiver, particularly the quantity of harmonics 

of the signals. 

3. The third and one of the most important objectives was to check the robustness of 

the estimation method to different numbers and types of interferers present at the 

receiver. In addition, to understand what the worst possible system behaviour is and 

from it observe the worst possible estimation results of the method.  

4. The fourth objective was to find the combination of parameters that would enable the 

optimization of the system for different working conditions, while having in mind 

the constraints of practical systems. 

5. The fifth and last main objective of this thesis was to check whether it would be 

possible to transmit modulated signals utilizing the same AMCW LIDAR system 

architecture, without having any error increase on the channel delay estimation. s 

1.3 State of the Art 

This section focuses on the latest solutions developed for some of the referenced ranging 

technologies. But first, the reasons behind the choice of LIDAR based systems for 

autonomous driving systems will be briefly discussed. A good review concerning the state 

of the art of LIDAR for automotive systems is presented in [2]. 

1.3.1 LIDAR 

Over the last years, LIDAR has been growing as the most precise ranging technology in 

autonomous driving and other important applications, mostly due to its ability of making 
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long range measurements and having a high spatial resolution [3], which cannot be 

accomplished by its rivalling camera and RADAR systems. The typical LIDAR system 

application is comprised of a transmitter, a receiver and a processing unit. The transmitter 

emits a laser signal towards a scene following a given illumination strategy, such as flash, 

structured illumination, scanning or a mix of these options. Despite its crucial importance in 

the performance of this type of system, the study of the choice of illumination methodology 

is not in the scope of this thesis.  

The general operation principle behind ranging LIDAR applications is then to capture the 

reflection of a transmitted laser signal after hitting an object using a photodetector, allowing 

the estimation of the time of flight (ToF) after some signal processing operations, and thus 

the range of the obstacle. There are two options for obtaining the desired range estimation, 

pulsed and continuous wave (CW) LIDAR. 

1.3.2 Pulsed LIDAR 

Pulsed LIDAR is currently the most used technology regarding time of flight measurement, 

and is usually implemented by transmitting a sequence of short pulses into an environment, 

which are reflected by an obstacle and then captured by a receiver. The receiver has a high 

precision time circuitry that counts the elapsed time between transmission and reflection, 

thus obtaining a time of flight value. 

The most well-known LIDAR products are from Velodyne, a company who is the LIDAR 

market leader for autonomous driving implementations. Their developed solutions are at the 

forefront for several LIDAR performance metrics, such as high definition scanning for up to 

100 meter ranges, high point acquisition rate and a 360º horizontal field of view conjugated 

with a vertical field of view of at least 20º, depending on the model. In order to be able to 

achieve this, a Velodyne is comprised of a rotating head with 16, 32 or 64 lasers, depending 

on the model, which are spread over the vertical field of view and each transmits its own 

pulsed signal and detects its reflection via an independent receiver for each laser, thus 

obtaining precise range estimations [2]. The latest developed Velodyne LIDAR, the VLS-

128 (figure 1.1), is projected to have up to 300 m range and a total of 128 scanning channels, 

enabling an up to 9.6 million points per second acquisition rate [4].  Despite of these great 

performance aspects, the price of each Velodyne LIDAR unit is still too high, much above 
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$5000, for a possible future scenario where a great number of vehicles will need a LIDAR 

ranging system. For many years, Velodyne’s LIDARs have been implemented by some of 

the biggest autonomous driving industry end users, such as Waymo and Uber. 

 

Figure 1.1: Velodyne’s latest LIDAR sensor model, the VLS-128. 

Although pulsed LIDAR is currently the most used solution for ranging applications, it has 

its own set of disadvantages, such as pulsed signals having a high peak-to-average power 

ratio and needing a high bandwidth, thus needing more complex laser driver systems. 

Furthermore, the need of a high precision timing circuit for measuring the time of flight of a 

pulse, which if digitally implemented, increases the computational effort needed for an 

estimation. Lastly, this type of LIDAR has a great disadvantage that is most of the times 

overlooked, which is not being resilient to interferences originated from neighbouring pulsed 

LIDAR systems, as in an interference scenario, the receiver does not have any way of 

deciding which pulse should be considered among a set of received pulses. 

1.3.3 AMCW 

Continuous wave techniques, such as AMCW, transmit a signal continuously, as for example 

a sinusoidal wave or square wave, and then estimate the phase difference between the 

received reflected signal and the transmitted signal, which is directly related to the time of 

flight value. 

This type of AMCW techniques was explored on an academic scenario by a group of 

investigators from University of Waikato for its application in a range imaging system 

capable of capturing three-dimensional images in short ranges [5]. The first works produced 

by such group regarding this imaging system were related to its hardware implementation, 

as for example the study of the application of an image intensifier as a high-speed optical 
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shutter, for mixing purposes [6]. Despite the fact that the image intensifier solution worked, 

it was not user friendly due to issues related with the high-voltage driving of the image 

intensifier with a continuous modulated signal, as reported in [5], [6]. The first range imaging 

results obtained with an image intensifier were obtained in [7].  

In parallel, a thorough study about the best implementation between homodyne and 

heterodyne was also investigated by Waikato’s group for its 3D imaging applications, which 

was presented across several articles, such as [8], [9]. The homodyne option, for which the 

frequency of the modulation signal and of the mixing signal is the same, offers an easier 

implementation, as only one frequency is used, and has a lower computational overhead, as 

reported in [1]. Regarding the heterodyne option, in which the transmitted and the mixing 

signals have different frequencies, a good measurement precision can be obtained [7] and it 

has a greater resilience to higher-order harmonics in the transmitted signal than the 

homodyne case [1]. However, it is limited by the increased implementation complexity, due 

to needing three frequency-locked local oscillators [1], and the range information being 

located on the frequency bin correspondent to the beat frequency [10]. It was then concluded 

that the homodyne architecture is a more viable solution, in particular for enabling the design 

of cheap and equally good performance ranging systems.  

This described work facilitated the decision of using a similar homodyne architecture for the 

AMCW LIDAR application studied during this thesis, whose intended final application is 

different from the 3D imaging system developed by Waikato’s group. 

The following important development introduced by such group for its ranging system was 

to abandon the idea of using an image intensifier and instead use an internally modulated 

image sensor, mainly due to the hardware implementation disadvantages of image 

intensifiers, as told in [8]. This resulted in the development of a ToF camera whose 

modulation frequency can be controlled and optimized to obtain indirect time of flight 

measurements with maximum precision [11]. Since the abandonment of image intensifiers 

and up until present days, Waikato has decided to use ToF cameras for its range imaging 

projects, such as [1], only making small modifications according to the different investigated 

cases. 

The developments obtained from the results achieved at University of Waikato with ToF 

cameras, led to the creation of a spin-off company named Chronoptics, which was founded 
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in 2014 by some of the investigators that worked on the range imaging system. This company 

develops and delivers high quality 3D imaging solutions using ToF cameras, in addition it 

also provides test and calibration equipment for other producers, as told in [12].  

Focusing then on the use of CW techniques in industry, which include AMCW, several of 

these have been applied by different companies for range measurement solutions using ToF 

cameras, with most of them having the machine vision market as a target. A review on some 

of the latest ToF camera systems can be found in [2] and an older ToF camera survey can be 

found in [13].   

One of these companies is Canesta, which produced several ToF camera systems based on 

CW techniques. Moreover, this company also focused on trying to find solutions for 

problems that this type of systems may have, which resulted in the production of about 40 

patents in this area, such as [14], which comprised of a method to avoid inter-system 

interference. This company was later acquired by Microsoft, during the development of 

Microsoft’s Kinect product, mostly due to its patent portfolio [15]. Some of the CW 

technologies developed by Canesta were then ultimately implemented in the Kinect v2 

system, capable of measurements in a range between 0.8 and 4.2 m, with a precision of 0.5 

% of the range for each captured pixel [2]. 

Another relevant company that is connected to AMCW applications is pmd Technologies, 

which develops ToF 3D sensors that are integrated on a single chip [16]. A pmd chip was 

used by Waikato’s group in the implementation of their first ToF camera range imaging 

system, where the high speed shutter was integrated on-chip and thus performing internal 

image modulation, as described in [8]. The pmd on-chip ToF sensor technology is an 

extremely versatile solution, however it has the drawback of providing a low image 

resolution. 

In spite of the great quality of the currently produced ToF camera products, such as the ones 

presented above, their main application is for short range scenarios, such as gesture 

recognition purposes. 

Regarding the development of AMCW techniques for automotive driving applications, one 

can look at the following patent [17], owned by Texas Instruments, where several AMCW 

LIDAR methods using different types of transmitted tones and the respective optical 
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apparatus and integrated circuitry are claimed. The claimed methods are envisioned to be 

used for different applications, which include autonomous driving. 

Summing up, AMCW techniques are currently used both for range imaging applications, 

using ToF cameras that can obtain a range measurement for each pixel of a captured frame 

[1], [18]. Moreover, these techniques can also be implemented in laser-based ranging 

systems, as they have some advantages over the typical pulsed LIDAR, mainly the need of 

a less complex system architecture and utilizing continuous signals with a lower bandwidth 

and a greater power efficiency. However, these have the big disadvantage of the possibility 

of occurrence of phase wrappings, due to the distance measurement being indirectly obtained 

from a phase-shift, which results in the maximum measurement range being limited by the 

frequency of the transmitted signal. 

1.4 Contributions 

The main contributions of the work described in this thesis are the listed as follows: 

• Validation of the studied AMCW LIDAR estimation methods for a range of up to 

300 meters with a good precision, enabling the possibility of the development of 

ranging systems that have cheaper practical implementations when compared to the 

currently used.  

• Study of the effects of different types and number of interferers on the absolute error 

of the obstacle distance estimations, thus observing the system’s behaviour for 

several worst-case scenarios. This interferer analysis is unique and this thesis is one 

of the first LIDAR related works that focuses on the validation of its methods for 

high cross-interference scenarios and on how to mitigate the negative effects that 

occur in these scenarios, which may probably occur in future ranging systems. 

• Study of the benefits introduced by the transmitter phase randomization on the results 

of the estimation method, such as mitigating the effects of interferers.  

• Validation of the possibility to transmit modulated information at the same time that 

an estimation is being done, without loss or even with gain of robustness of the 

estimation, while using the same system architecture, and opens the door to further 

continue with the development of this type of system. 
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• Taking the developed work of this thesis as a basis, more complex AMCW 

applications with the same precision level, better performance in cross- interference 

scenarios and at a cheaper cost comparing to other types of LIDAR applications, can 

be more easily developed for specific system requirements and their behaviour more 

easily understood. 

• A novel distance estimation method based on AMCW and with a high robustness to 

interference effects was developed as a follow-up of this work and has originated a 

Provisional Patent Application (PPP), for which the author of this thesis is an 

inventor. 

1.5 Thesis Structure 

The present chapter contains the introductory basis behind this dissertation, starting with a 

small brief about the main automotive driving technologies, followed by a description of the 

motivations behind the study of AMCW LIDAR and the main objectives of this thesis. In 

addition, a brief state of the art research about the latest innovations in ranging LIDAR 

techniques is shown, followed by the contributions that this thesis may add to this field. 

Chapter 2 presents a general idea of how the obstacle distance estimation system is 

implemented, followed by an explanation about the simulated AMCW methodologies and 

the possible communication system implementations for this system. Chapter 3 focuses on 

the explanation of all the simulation methodologies applied throughout this work and also 

the reasoning behind the simulation parameters choice. Chapter 4 presents the results 

obtained for the different simulations of the studied estimation methods for different 

conditions and parameters. Chapter 5 contains the discussion about the most important 

results of Chapter 4 and an explanation of such results. Chapter 6 sums up the main 

conclusions of the thesis and a look onto possible follow-up projects based on the developed 

work. 
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Chapter 2: AMCW System Operation and 

Concepts 

2.1 System Implementation Architecture 

The estimation methods studied throughout this dissertation were tested and validated to be 

implemented in a LIDAR distance estimation system with a unique set of characteristics, 

which affected the way in which the methods were simulated and implemented. 

Before starting with the description of the system, it should be noted that the developed 

LIDAR obstacle distance estimation system is intended to have a working range from 0 to 

300 meters, with a good precision of at least 1 m for all the distances within the range 

interval. 

The system is comprised of a laser driver whose signals are analogue and generated in a 

waveform generator with the desired signal characteristics, which is controlled by a 

microcontroller. The laser driver feeds the laser with the intended modulated signal, and 

transmits an optic signal that will be reflected back by an obstacle at a given distance. The 

transmitted signal needs to be transmitted with enough power to be able to reach an obstacle 

at the maximum estimation range and still make the return trip. 

Several illumination solutions can be implemented to transmit the laser beam in different 

directions, or to split it in multiple independent light beams, however that will not be the 

scope of this thesis. For the remaining of the thesis it will only be considered that a given 

laser signal is transmitted and received after reflection, without caring about how the optical 

apparatus was implemented. 
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The receiver part of the system after the optical elements receiving the reflected light and 

focusing it, was envisioned to be comprised of an image intensifier and a camera sensor. The 

image intensifier, as the name implies, is normally used for image intensification purposes, 

such as for imaging in low light environments, as for example night vision applications, and 

thus can be simply considered has an optical amplifier. This is done by converting incoming 

photons into electrons, accelerating these electrons, multiplying the number of electrons and 

converting these back into photons. It can also act as a camera shutter when its gate is driven 

by a modulated signal, that controls the amount of acceleration given to the electrons, in 

other words controls how much the light is amplified. This characteristic of this element, 

allows the implementation of the demodulation of the transmitted optic signal by gating the 

image intensifier with an adequate demodulation signal with the same frequency of the 

transmitted signal, which from now on is addressed as mixing signal. This shutter can be 

considered to perform frequency down conversion on the reflected received signal. A 

simplified diagram of the idealized and described estimation system, with an image 

intensifier, can be found on figure 2.1. 

 

Figure 2.1: Block diagram of the envisioned obstacle distance estimation system, with an image 

intensifier being used as a shutter. 

After the mixing operation, the resultant optical signal is captured at the camera sensor, 

which essentially acts as a power integrator for a given exposure time, for each pixel of the 

camera. In terms of signal processing, the camera sensor can be considered as a low-pass 
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filter (LPF). The value measured for each pixel will be dependent on different variables, with 

the most important being the phase originated from the channel delay that the transmitted 

signal has suffered, the phase with which the transmitted signal was transmitted and the 

phase of the signal used to drive the shutter. The rate at which the camera sensor makes a 

new measurement and captures a new frame, is known as the frame rate and is the main 

contribution for the overhead of the delay estimation. 

The signals that are used to drive the laser and drive the shutter are both controlled by a 

signal processor that is programmed to calculate channel delay estimations from the 

measurements obtained at the camera sensor for each captured frame, based on the AMCW 

methods that will be presented below. The study of this methodology and of what signals 

should be used at the transmitter and at the mixer will be one of the main focuses of this 

thesis. 

During the performed simulations, the chosen approach was to consider the shutter as an 

ideal mixing element and only a single pixel of the camera sensor, in order to keep 

simulations as simple as possible. The diagram of the general simulated estimation system 

can be found on figure 2.2. 

 

Figure 2.2: Block diagram of the general simulated estimation system, with an ideal shutter and a 

single pixel camera sensor, considered as a low-pass filter.  
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The presented idealized and simulated architectures are based on the architecture and 

principles of a conceptual homodyne Tx/Rx system, which can be observed on figure 2.3. 

 

Figure 2.3: Block diagram of a simplified and conceptual homodyne Tx/Rx system. 

 

2.2 Method Explanation 

Before explaining the studied estimation methods, some mathematical formulation is shown 

in order to better understand how the channel delay estimation is possible. 

 𝑥(𝑡) = 𝐶1 + 𝐴1 𝑠𝑖𝑛(𝜔1𝑡 + 𝜙1) (2.1) 

 𝑐(𝑡) = 𝛼. 𝛿(𝑡 − 𝜏) (2.2) 

 𝑚(𝑡) = 𝐶𝑆 + 𝐴𝑆 𝑠𝑖𝑛(𝜔1𝑡 + 𝜙𝑆). (2.3) 

The signal 𝑥(𝑡) from equation (2.1) corresponds to the power of the generated laser signal , 

in this case sinusoidal. The variables 𝐴1, 𝜔1, 𝜙1 and 𝐶1 respectively correspond to the 

amplitude [W], the angular frequency [rad/s], the phase [rad] and the DC offset [W] of the 

signal generated for transmission. 

The signal represented as 𝑐(𝑡) in equation (2.2) corresponds to the impulse response of the 

channel through which the transmitted signal propagates, where 𝛼 [W/W] stands for the 
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channel’s attenuation, which lumps the losses due to the travelled distance and also the losses 

due to partial reflection. The value 𝜏 [s] stands for the channel delay and is equal to the time 

needed for the transmitted to travel twice the distance that an object is located from the 

vehicle. The chosen channel model was a simple delay and attenuation model. 

Looking at equation (2.3), the signal 𝑚(𝑡) represents the mixing signal required for 

demodulating the received signal. The following parameters 𝐴𝑆, 𝜔1, 𝜙𝑆 and 𝐶𝑆 respectively 

correspond to the amplitude [W], the angular frequency [rad/s], which is the same as in the 

transmitted signal, the phase [rad] and the DC offset [W] of the signal that drives the shutter.  

All of the above represented signals are power signals and not electric field signals, so due 

to representing power, these do not have negative values and thus a DC component is added 

to each signal in order for this condition to be verified. 

 𝑧𝑖 = ⟨|(𝑥(𝑡) ∗ 𝑐(𝑡)) ⋅ 𝑚(𝑡)|⟩. (2.4) 

In the expression of equation (2.4) 𝑧𝑖 represents the output signal of the camera sensor for a 

given captured frame 𝑖 and for each pixel of the captured frame. The ⟨ ⟩ represent the power 

integration operation done by the camera sensor for each of its pixels and the ∗ symbol 

represents a time convolution. 

After further deriving equation (2.4) by replacing the respective expressions of each signal, 

the following expression can be obtained. 

 𝑧𝑖 = ⟨|((𝐶1 + 𝐴1 𝑠𝑖𝑛(𝜔1𝑡 + 𝜙1)) ∗ (𝛼𝛿(𝑡 − 𝜏))) ⋅ (𝐶𝑆 + 𝐴𝑆 𝑠𝑖𝑛(𝜔1𝑡 + 𝜙𝑆))|⟩ (2.5) 

 
𝑧𝑖 = 𝛼 (𝐶1𝐶𝑆 +

𝐴1𝐴𝑆

2
cos(−𝜔1𝜏 + 𝜙1 − 𝜙𝑆)) (2.6) 

From the obtained equation it can be observed, that apart from the angular frequency of the 

transmitted signal 𝜔1 and the phase difference between the signals used at the transmitter 

𝑥(𝑡) and at the shutter 𝑚(𝑡), 𝜙1 − 𝜙𝑆, all the other variables are unknown, including the 

value of the channel delay 𝜏. 

The presented equations represent a general continuous wave modulation. For the specific 

case of using the amplitude modulated continuous wave (AMCW) methodology, the phase 

of the mixing signal 𝑚(𝑡) is varied between consecutive captured frames, in order to be able 

to obtain information about the phase difference between the transmitted signal and the 
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received reflected signal, also known as the phase shift equivalent to the channel delay 

suffered by the transmitted signal. The phase of the mixing signal is then incremented by a 

fixed value equal to 
2𝜋

𝑁
 for each new captured frame, where N stands for the number of 

captured frames needed per delay estimation. So, in order for the AMCW LIDAR to make a 

new obstacle distance estimation, a total of N captured frames are necessary, which for high 

values of N can make the estimation overhead have values that are unacceptable for 

automotive driving applications, due to the low frame rate of the camera sensor. The 

following expressions represent the N distinct mixer signals, with the phase increment 

between different captured frames already taken into account. 

 𝑚𝑘 = 𝐶𝑆 + 𝐴𝑆 𝑠𝑖𝑛(𝜔1𝑡 + 𝜙𝑆,𝑘) ,  𝑘 = 1 … 𝑁 (2.7) 

The receiver phase values are given by equation (2.8). In case a fixed phase is used at the 

transmitter then 𝜙1,𝑘 is constant for all frames, on the other hand, if a randomized transmitter 

phase is implemented then 𝜙1,𝑘 has randomized values between 0 and 2𝜋 for each frame. 

 𝜙𝑆,𝑘 = 𝜙1,𝑘 + 𝑘. ∆𝜙𝑆,  𝑘 = 1 … 𝑁 (2.8) 

 
∆𝜙𝑆 =

2𝜋

𝑁
 (2.9) 

2.2.1 4-Bucket Trick Method 

The 4-Bucket Trick estimation method (4-BT), also used for other applications as in [13], 

consists on making an estimation from 4 consecutive captured frames (N=4) by the sensor. 

While considering 𝜙1,𝑘 = 0 for all frames and with the phase increment between consecutive 

frames ∆𝜙𝑆 equal to 
𝜋

2
, the following expressions can be obtained for the output value of the 

camera sensor for the 4 consecutive frames. 

 𝜙𝑆,1 = 0: z1 = 𝛼 (𝐶1𝐶𝑆 +
𝐴1𝐴𝑆

2
cos(𝜔1𝜏)) (2.10) 

 𝜙𝑆,2 =
𝜋

2
: 𝑧2 = 𝛼 (𝐶1𝐶𝑆 −

𝐴1𝐴𝑆

2
sin(𝜔1𝜏)) (2.11) 

 𝜙𝑆,3 = 𝜋: 𝑧3 = 𝛼 (𝐶1𝐶𝑆 −
𝐴1𝐴𝑆

2
cos(𝜔1𝜏)) (2.12) 

 𝜙𝑆,4 =
3𝜋

2
: 𝑧4 = 𝛼 (𝐶1𝐶𝑆 +

𝐴1𝐴𝑆

2
sin(𝜔1𝜏)). (2.13) 
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The value of 𝜔1𝜏 can then be easily recovered by the application of trigonometric relations, 

as shown in equation (2.14). 

 𝜔1𝜏 = atan (
𝑧1 − 𝑧3

𝑧2 − 𝑧4
). (2.14) 

After obtaining the time-of-flight value, 𝜏, the distance at which a given obstacle is located, 

𝑑𝑜𝑏𝑠, can be calculated with the following expression, where 𝑐 represents the speed of light 

value of the medium. 

 𝑑𝑜𝑏𝑠 =
𝜏. 𝑐

2
. (2.15) 

2.2.2 N-Point FFT Method 

As typical of AMCW, for the N-Point FFT method an estimation is obtained from N captured 

frames, with phase steps of the mixer signal equal to 
2𝜋

𝑁
 for consecutive frames. After the 

capture of N consecutive frames, the N-point sequence of the measured outputs of the camera 

sensor is computed by a discrete Fourier transform (DFT), as represented in the following 

equation, where k stands for the DFT bin index and n for the sample index of the sequence 

of obtained measurements. For performance purposes a fast Fourier transform (FFT) may be 

employed. 

 𝑍[𝑘] = ∑ 𝑧[𝑛]

𝑁−1

𝑛=0

. 𝑒−
𝑗2𝜋

𝑁
𝑘𝑛

. (2.16) 

The FFT of the captured N-point sequence contains the following: 

• A DC component 

• A tone with an angular frequency of 
2𝜋

𝑁
 and a phase of 𝜔1𝜏 

• The remaining FFT bins components with angular frequencies multiples of 
2𝜋

𝑁
 

The desired phase value 𝜔1𝜏 can thus be obtained by only calculating the FFT component 

that corresponds to the angular frequency 
2𝜋

𝑁
 and thus it is not needed to calculate all the N 

components of the FFT of the measured sequence. 
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As the length of the FFT is N, the angular frequency 
2𝜋

𝑁
 corresponds to a value of k equal to 

1, which coincides with the first frequency bin. The following equations show the acquisition 

of the delay value via the calculation of the first FFT bin. 

 𝑍[1] = ∑ 𝑧[𝑛]

𝑁−1

𝑛=0

. 𝑒−
𝑗2𝜋

𝑁
𝑛 (2.17) 

 𝜏 =
∠(𝑍[1])

𝜔1
. (2.18) 

After obtaining the delay value, 𝜏, the obstacle distance can then be calculated via equation 

(2.15). The presented N-FFT method was adapted from a similar method in [1]. 

It can be noted that the computational effort of both estimation methods is really low, due to 

the bulk of the processing being done in the analogue domain by the shutter and the camera 

sensor. 

The main disadvantage of AMCW methods, is that one has to be careful with the phase 

wrapping that occurs when the signal travel distance is equal to the distance equivalent to 

having a channel delay equal or greater than the period of the transmitted signal. With this 

in mind, it can be understood that the chosen frequency for the transmitted signal is 

dependent on the intended estimation range. 

2.3 Receiver Architecture 

The chosen receiver architecture for this system was the homodyne receiver, due to the fact 

that for this particular application it is much simpler to implement than an heterodyne 

receiver, as the transmitted signal and the mixing signal would need to be generated with 

different frequencies for the heterodyne case.  

Moreover, the beat frequency, at which the phase that has information regarding the time-

of-flight would be contained in case of performing an heterodyne demodulation [10], is equal 

to the difference between the frequencies used to modulate and demodulate the signals. This 

makes the delay information not as easy to obtain as for the homodyne case, where the phase 

induced by the delay is located on the baseband after demodulation, which can easily be 

obtained by the averaging done by the camera sensor.  
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Implementing a heterodyne receiver would thus substantially increase the complexity of the 

system operation and the number of variables to be optimized. For the homodyne AMCW 

LIDAR, only a single frequency has to be considered and optimized, although it has the 

drawback of being more sensitive to harmonic aliasing effects, provoked by the presence of 

signals with a high quantity of harmonic components.  

2.4  Communication System Implementation 

One of the objectives of this thesis was to check if it would be possible to join an optical 

communication system between different vehicles to the implemented AMCW LIDAR 

estimation architecture. There are three possible options for achieving this, with the first 

being a dedicated independent system, with the sole function of performing the 

communication tasks, with which a very good performance would be obtained for both 

estimation and communication systems, however the implementation cost would be much 

higher. A simplified scheme of this option can be found on figure 2.4. 

 

 

Figure 2.4: Conceptual schematic of the independent communication system implementation.  

The second option, would be having a shared implementation, where the estimation and 

communication signals would share the same transmitter, guaranteed that they would be 

independent from each other in at least one dimension, as for example time, frequency or 

space, which could be achieved with time, frequency or space division multiplexing. Despite 

the great flexibility that the shared implementation would provide, it would also bring some 

disadvantages to the joint system, mainly an increased complexity in terms of 
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implementation architecture and more computational power needed to control the access to 

the shared resource. Furthermore, there are several already developed LIDAR patented 

solutions about implementing different types of multiplexing for this purpose, such as in [19] 

and [20], so trying to validate a new one would not be worth it. The following figure (2.5) 

shows a scheme of the described shared estimation and communication system 

implementation. 

 

Figure 2.5: Conceptual schematic of the shared system implementation, the estimation and 

communication system operation are separated in at least one dimension. 

Last but not least there is also the possibility of having a cooperative implementation, where 

the communication would be done by using the same signals generated for the distance 

estimation operation, without impacting the performance of the LIDAR estimation. This 

could be done by obtaining the phase of the transmitter signal from a M-ary Phase Shift 

Keying (M-PSK) mapping scheme, which would map a sequence of phases based on the 

transmitted data, instead of being randomized. Thus, there is a slight increase of hardware 

complexity, due to the need of a phase modulator and demodulator. The possible optical 

receiver located at the other vehicle, which can be implemented with a photodiode and an 

objective lens, can be either realized as a coherent demodulator or with the application of a 

differential code to the transmitted phases, due to the phase shift introduced to the signal 

while travelling through the channel. A scheme of the cooperative implementation of the 

estimation and communication systems, can be found on figure 2.6. 
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Figure 2.6: Conceptual schematic of the cooperative implementation, where the estimation and 

communication system operations are done simultaneously. 

The cooperative implementation was then chosen to be simulated, as it could bring even 

more value to the studied AMCW estimation methods and because in case of working it has 

the least complex implementation of all three. Only the effects of transmitting modulated 

symbols provoked on the distance estimation behaviour were checked. The sole concern 

with the performance of the communication system was to check the maximum transmission 

symbol rate value with a negligible loss of estimation robustness. Thus, the behaviour of the 

communication system, namely the receiver part was neither simulated nor evaluated. 
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Chapter 3: Simulation Approach and Parameters 

All of the simulations described in this chapter were done with MATLAB, which enabled 

an easier implementation of the different simulations, due to its versatile tools and premade 

functions. 

3.1 Validation of Estimation Methods 

In order to check if the previously presented theory regarding the delay estimation methods 

is valid, several simulations were done. For each of these, an ideal sinusoidal signal was used 

at both the transmitter and at the mixing stage of the receiver, with the mixing signal having 

a different phase for each consecutive frame. The transmitted signal suffered a channel delay, 

τ, between 0 and 2 μs, which corresponds to a travel distance of 0 to 600 m, i.e., 0 to 300 m 

obstacle distance. This channel delay was implemented by calculating a frequency-

dependent linear phase shift proportional to the delay and applying it in the frequency 

domain, via discrete Fourier transforms. The transmitted signal was also attenuated with 

randomized attenuation between 0 and 50 dB. After the channel, the resulting (received) 

signal was mixed with the corresponding mixer signal, depending on which frame was 

captured, as there are N different mixer signals for each delay estimation, with N standing 

for the number of captured frames per estimation. Then, the mean of the after-mixing signal 

is calculated, thus emulating the power integration done over a frame period at the camera 

sensor. After performing these operations, the output signal of the camera sensor for a given 

pixel, which is dependent on the channel delay and phase difference between transmitter and 

mixer signals values, could be finally obtained for each captured frame. 

The 4-Bucket Trick Method needs 4 measurements (frames), whereas the N-Point FFT 

Method can use different values of N, provided that 𝑁 ≥ 3 and the phase increment between 
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consecutive frames is of 
2𝜋

𝑁
. The number of frames (N) needed for each delay estimation was 

varied from 1 to 10, for the validation of the N-Point FFT Method. Only the faster 

implementation of the N-Point FFT method was simulated, where only the FFT bin that 

contains useful information is calculated instead of calculating all of the FFT bins. The delay 

estimation of each method was tested for 100 uniformly spaced channel delays from 0 to 2 

us imposed on the transmitted signal, for each realization. Each method was tested in 10 

realizations. As some parameters are randomized, 10 realizations allow a simple proof of 

concept validation for each method.  

From the results of these method validation simulations, it was noted that the values 

calculated by the N-point FFT method correspond to the expected behaviour, however they 

have an offset that varies with the number of FFT-points being used (N). In the several 

simulations done for this thesis, this offset is calculated at the beginning of each realization 

and then compensated when the delay estimation is calculated. As the offset has a constant 

value for a given number N, it can be easily compensated in a practical system. 

3.2 Introduction of Interferers 

After the validation of the estimation methods, the next step was to check the robustness of 

these to adverse scenarios. 

This was firstly done by introducing interfering signals, i.e., interferers, at the receiver. The 

chosen number of interferers was 20, which corresponds to an extreme case with a very low 

probability of occurring on a practical system, so it can be considered as a worst-case 

scenario. Summing up, both the estimation methods were tested for the ideal case of 0 

interferers and for this extreme case of 20 interferers during this simulation. The following 

figure shows a block diagram of the performed interferer simulation, with the theoretical 

expressions for the case of using a sinusoidal signals. 
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Figure 3.1: Simulation Block Diagram. 

For this simulation, the interferers were considered as adjacent with a distance of 10 kHz 

between each other, and centred around the frequency of the transmitted signal, in order to 

model the case of a system in which several LIDARs are being used in adjacent frequencies, 

which can be a scenario of future practical systems. 50 %, due to the fact of the harmonic 

components introducing more errors than if they were sinusoidal, thus being the worst-case 

type of non-pulsed interferers, and permitting a better evaluation of the robustness of the 

methods. Some of the characteristics of the generated interferers and their effects on the 

received signal are shown on the following figure. 
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Figure 3.2: Interferers characteristics and influence on the received signal. The signal is the center 

channel. 

By default, several parameters were randomized for each realization, in order to simulate a 

large spectrum of possible situations. The transmitted signal was generated with a fixed 

amplitude of 1, a phase of 0 rad and a randomized DC offset between 1 and 10, as optical 

signals only have positive values. The amplitude and phase of each adjacent interferer was 

randomized, with values between 0-10 and 0-2π, respectively, the bias offset was equal to 

the amplitude, so the signal does not have negative values. The mixer wave had an amplitude 

equal to 1, a random bias offset (1-10) and its phase was given by the transmitted phase plus 

the phase increment of the respective frame that was being captured. The channel attenuation 

that affects both the transmitter signal and the interferer signals was randomized with values 

between 0 and 50 dB, as previously. Once again, a total of 10 realizations were done for each 

simulation case, which are sufficient to have a good visualization of the behaviour of the 

results, and for each realization a total of 100 different channel delays between 0 and 2 us 

were simulated. It should also be noted that both the transmitted signal and the interferers 

were the same for all the frames of each estimation (realization), which is a worst-case 
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scenario, In practice, the interferers will very hardly be the same for consecutive frames and 

if there are different interferers for each frame, then an averaging effect would be introduced 

on the estimation, thus making the case of simulating the same interferer for all frames a 

worst-case scenario. On the other hand, there are N different mixer signals for each frame of 

an estimation, due to the phase increment that happens to the mixer signal with each frame, 

which also contributes to averaging-out the impact of the interferers. 

3.3 Simulation with Filtered Square Waves 

The next simulation step of this work was to use filtered square waves instead of ideal square 

waves, in order to be closer to the practical behaviour of the system, since it is not possible 

to generate a perfect square wave in practice. 

The filter that was chosen to obtain the square wave signals was a Low-pass Bessel Filter. It 

was chosen mainly due to the fact of having a linear phase response within its passing band, 

which is an important aspect, as the information that can be obtained from the phase of each 

signal is not distorted during filtering. After applying this filter to a square signal, the filtered 

signal has most of its harmonic components cut and the previously sharp square form of the 

wave now has non-zero rise and fall times. In this simulation, the frequency response of the 

Bessel Filter was first calculated based on the desired filter order and also the desired 

bandwidth, which needs to be at least equal to or greater than the repetition rate, so that the 

frequency component that contains the phase with the delay information is not filtered out. 

The frequency response of the filter was then multiplied by the original square signal 

spectrum components, in other words it was applied in the frequency domain. 

At first, the bandwidth of the Bessel Filter was made equal to the transmitted signal 

fundamental frequency (250 kHz), i.e. repetition rate. Using this bandwidth makes the 

filtered signal almost the same as an ideal sinusoidal signal, however some slight changes in 

the delay estimation behaviour were noted when comparing the results obtained with the 

filtered and the sinusoidal signals. This is due to the filter not eliminating completely the 

harmonic components of the original square signal, which is intended, as any filtered signal 

used in the practical system will always have residual harmonic components of its 

fundamental frequency in its spectrum. For lower filter bandwidths, the simulated filter will 

not have its cut-off frequency equal to the desired bandwidth, due to the simulated filter only 
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having a order equal to 3, with which a sharp filter cannot be realized with. The 

characteristics of the simulated Bessel Filter and the output signal obtained after filtering a 

square signal, can be observed on the following figure. 

 

Figure 3.3: Bessel Filter characteristics for 250 kHz BW. 

3.4 Different Duty-Cycles 

The next tests of the delay estimation system were to simulate filtered square waves signals 

with different Duty-Cycle values between 40 % and 60 %, so that it could be understood 

how mismatches in the duty-cycle of the generated waves can affect the estimation results. 

A total of 10 realizations were done for each simulation case, with 20 different channel 

delays being estimated for each realization. 

It should be again noted that the interferers used during this simulation were adjacent 

frequency ideal square waves with a 50 % duty-cycle, as these represent the worst-case 

scenario for interference. In the case of using filtered interferers, most of their harmonic 

components would be cut and thus the error introduced by each of them would be smaller. 
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On the other hand, filtered squares were used for the transmitter and mixer signals, with a 

bandwidth equal to 250 kHz. 

From this point onwards, only the behaviour of the N-Point FFT method was simulated and 

tested, due to the fact that better results were observed for this method than for the 4-Bucket 

Trick, especially for the limit case simulations of 20 ideal square interferers. The superior 

behaviour of the N-point FFT method can be justified by having the ability to increase the 

number of captured frames per estimation(N) to obtain much better results for the limit case, 

even a slight increase of 4 to 5 frames can produce much better results. Moreover, as it will 

be later analysed, the FFT method does not have phase wrapping effects, which introduce 

phase ambiguity on the estimation, contrary to the 4-Bucket Trick that can have phase 

wrapping in some situations. Different values of the number of captured frames per 

estimation(N) were simulated to check whether effects of the duty-cycle mismatches are 

similar between these values.  

Another important aspect of this simulation has to do with the granularity of the duty-cycle, 

in other words the minimum duty-cycle distance in which two different duty-cycles can be 

distinguished in the simulation or also known as the duty-cycle resolution of the simulation. 

This granularity value depends on the sampling frequency (time resolution), used throughout 

the simulation and also on the period of the signal. For the same signal period, the greater 

the sampling frequency of the simulation is, the greater the time resolution is and the lower 

the difference between two distinguishable duty-cycles by the simulation. With the sampling 

frequency (𝑓𝑠) and the signal frequency (𝑓) that was used in these simulations, explained in 

section 3.9, the duty-cycle step was equal to 0.025 %, which enables the ability to simulate 

waves with close duty-cycle values and to check if this variation introduces any changes on 

the estimation results. The value of the duty-cycle step (𝐷𝑠𝑡𝑒𝑝 ) can be calculated with the 

following expression, 

 𝐷𝑠𝑡𝑒𝑝 =
𝑓

𝑓𝑠
.  (3.1) 

3.5  Duty-Cycle and Bessel Filter Bandwidth Dependency 

To further ascertain the robustness of the system to non-ideal signals, used both for 

transmission and at the mixer, a new simulation evaluating the maximum and the mean 
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absolute error of the delay estimation was done, for different duty-cycles between 40 and 60 

% and filter Bandwidth values between 70 and 130% of the original repetition rate, which 

means a bandwidth between 175 and 325 kHz. 

This enabled to reach the conclusion of whether it would be worth to have a system 

optimized for a set of duty-cycle and BW values, and how would mismatches in those 

parameters affect the estimation error. Different types of signals were used at the transmitter 

and at the mixer, however the shown results were obtained with a sinusoidal wave at the 

transmitter and a filtered square at the receiver, due to being thought as the most likely case 

that would be used on practice, mainly because of the characteristics of a prospective shutter. 

As already done previously, all the simulations were done for the limit case of 20 square 

adjacent interferers, due to the same reasons. The chosen number of measurements per 

estimation(N) for all of these Contour simulations was 10, such that the main cause of 

estimation errors was due to the interferers and not the estimation method itself, thus 

enabling to see which duty-cycle and BW combination would be more robust in the worse 

interference conditions. 

For each simulation, a Contour type graph was generated after calculating the error value for 

all the duty-cycle and BW pair values, in order for the visualization of the error behaviour 

to be easier. Each one of these pairs of values was simulated over 100 realizations and for 

each realization 10 different channel delay values were simulated and estimated using the 

FFT method. The maximum and mean absolute errors were calculated for each realization 

and then the error value was obtained for each duty-cycle and BW pair, by comparing the 

errors of all the realizations. 

3.6 Number of Interferers Dependency 

The next step on the evaluation of the estimation system was to choose a system working 

point(e.g. duty-cycle=50%, BW=300 kHz), based on the information obtained from previous 

simulations. Several new simulations were made for different numbers of interferers, where 

the maximum and mean absolute errors were calculated so that the evolution of the 

estimation error as the number of interferers increases could be analysed. 

The number of simulated interferers was varied from 0 to 20, with the interferers being ideal 

square with 50 % duty-cycle and allocated in the adjacent frequencies of the transmitted 
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tone, same as in the previous simulations. For each interferer iteration, 100 realizations were 

done and 10 different channel delays were simulated for each realization. As already told in 

Section 3.2, during this simulation several parameters were randomized for each realization, 

and that is the reason for running 100 realizations per iteration, so that a great number of 

situations are taken into account and thus obtaining statistically valid results, for which the 

error evolution will be closer to the real behaviour of the system. 

The maximum and mean absolute errors were calculated for each realization and then 

compared over the 100 realizations. For each simulation, graphs containing the maximum 

and mean absolute error evolution for the different numbers of interferers and also containing 

error bars drawn from the error information of all the realizations of each interferer iteration, 

were done. 

In order to understand which type of wave would be better to use on the practical system, 

different types of transmitter and mixer waves were tested. The first transmitter and mixer 

simulated case was using a sinusoidal wave at both the transmitter and the receiver, followed 

by the case of using a filtered square wave at both and lastly the case of a sinusoidal wave 

at the transmitter and a filtered square wave at the mixer. 

Table 3.1: Simulated transmitter/mixer wave cases for different numbers of interferers 

Case no. Transmitter Wave Mixer Wave 

1 Sine Sine 

2 Filtered Square Filtered Square 

3 Sine Filtered Square 

 

The choice of simulating these three specific system implementation cases, was based on the 

characteristics of the practical system, mainly those of the shutter which is used as a mixer 

on the optical domain and that will most probably be driven with a filtered square wave. The 

sinusoidal case at the mixer was only tested to check how the system behaves for the most 

ideal conditions, thus having a comparison benchmark for the other cases. It was also 

possible to obtain a rough measure of the error floor of the estimation method from these 
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simulations, which is originated from using a filtered square wave at the mixer instead of a 

sinusoidal wave and not from the presence of interferers. 

Posterior to simulating the influence of the interferers for these different types of signals, 

bandwidth of the Bessel Filter was increased and the simulations were repeated. This was 

done due to the fact that the filter bandwidth was too low and its output was very close to a 

sinusoidal wave, despite still having some residual harmonic components. By increasing the 

bandwidth of the filter, it was possible to further observe the robustness of the system to 

using waves with a lot of harmonic components of the fundamental frequency present in its 

spectrum, in other words to more square-like type of waves, which are the ones that will 

most probably be utilized in the practical system. The chosen bandwidth values were 300 

kHz, with an almost ideal sinusoidal output and not equal to the frequency of the transmitted 

signal, 1 MHz, which corresponds to an intermediate case, and 5 MHz, with an output very 

close to an ideal square and with a great deal of harmonic components, as can be seen on 

figure 3.4. The effects of increasing the bandwidth were only observed for the previously 

simulated transmitter/mixer cases that used Filtered Square Waves, using the same 

simulation methodology as explained before. 
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Figure 3.4: Bessel Filter output to square wave, for different bandwidths. 

Apart from these simulations, the effects on the absolute error evolution caused by using a 

lower number of captured frames per delay estimation were also checked. In other words, 

the number of FFT points needed for the N-Point FFT method was reduced, so that it could 

be seen whereas the same estimation error behaviour could be maintained while using less 

frames per estimation, resulting in less time needed for each delay estimation. For this 

analysis, only the case of using a sine at the transmitter and a filtered square wave at the 

mixer was simulated, the filter bandwidth was kept as 300 kHz. 

3.7 Pulsed Interferers 

As already said in Chapter 1, some of the LIDAR applications that are used nowadays are 

based on pulsed signals. In few words, Pulsed LIDAR is based on using short pulses, which 

are sent with a low frequency (~10 kHz), contrary to AMCW where a continuous wave 

usually with greater frequencies is used. As Pulsed LIDAR signals normally have a small 

Duty-Factor, usually less than 1%, each pulse contains a large amount of power. This can 

bring a lot of problems to the delay estimation in the case of a pulsed interferer being present, 
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due to these characteristics making them very hard to filter out, contrary to other types of 

interferers. 

The pulsed interferer simulations were done with the same parameters as the simulations of 

section 3.6, with the only difference being that the interferers were now generated with a 

Duty-Cycle equal to 0.1 % and a distance of 5 kHz between each other, starting from 5 kHz 

forward. Only the cases where a sine is used at the transmitter and a filtered square at the 

mixer and where a filtered square wave is used at both transmitter and mixer were simulated, 

as these correspond to the cases for which the results of the previous simulations were non-

ideal and that will probably be used in the practical system. 

The simulation methodology done to obtain the maximum and mean absolute error evolution 

for the different numbers of pulsed interferers was also similar to the previously used, with 

100 realizations being done for each interferer iteration and 10 different channel delays 

simulated for each realization. The chosen value for the number of frames per estimations 

was 10, in order for the results to show the effects caused by the pulsed interferers and not 

the errors that are caused by the estimation method itself. 

The effects of using waves with more harmonic components in its spectrum were also 

observed for this type of interferer, by increasing the bandwidth of the Bessel Filter from 

300 kHz to 5 MHz and comparing the results obtained with both simulations. This was done 

to check whether the effects of harmonic aliasing were as strong with this type of interferer 

as with the already simulated square interferers. 

3.8 Transmitter Phase Randomization 

During the previously described simulations, it was discovered that randomizing the phase 

of the transmitted signal could bring advantages to the estimation for certain situations, by 

producing an averaging effect. 

After realizing this, every simulation that is described from Section 3.2 to 3.7 was done 

twice, firstly for the case of the transmitter phase having a fixed value within all the N frames 

of an estimation, and secondly for the case of the transmitter phase being randomized 

between 0 and 2π for each captured frame of a delay estimation. This allowed the comparison 

between non-randomization and randomization of transmitter phase and to find which case 

would be better to implement in practice. Regarding the randomized transmitter phases, the 
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phase increment that is applied to the mixer signal with each captured frame is kept non-

randomized and only depends on the number of frames per estimation value that is being 

used. This is the reason why the method still works despite the randomization. It can be said 

that the phase randomization introduces some kind of averaging effect, which makes the 

interferers not introduce as much errors in the estimation as with a fixed phase and therefore 

resulting in better estimations for certain conditions.   

3.9 Simulation Parameter Choice 

All of the described simulations were controlled by a set of parameters that were kept the 

same throughout all of the simulations, unless said otherwise. 

One of the most important simulation parameters was the sampling frequency (𝑓𝑠), which 

controlled the time resolution of the simulation. The greater the time resolution is, the 

smaller the estimation errors can be calculated with precision, thus enabling the simulation 

results to not be masked by a quantization error originated for having a small time resolution 

and making it possible to truly evaluate how the methods behave. Moreover, its value needed 

to be the highest possible in order to better simulate the analogue operation of the continuous 

wave system used in practice. However, in the case of the sampling frequency being too 

high, the time needed for each simulation to run would be too high, due to the fact that a lot 

of realizations are done for each simulation case as already explained previously and a lot of 

operations are done per realization.  

After identifying a clear trade-off between having more precise simulation results and not 

having much slower simulation run, the choice of the sampling frequency value was based 

on the premise of having a time resolution of 1 ns, allowing to calculate errors as small as 1 

ns with precision, which corresponds to a distance estimation error of 30 cm, more than 

enough to check the robustness of the AMCW system, as the range in which this system 

needs to work is from 0 to 300 m. The chosen sampling frequency equivalent to the time 

resolution was then 1 GHz. 

Another important simulation parameter was the frequency (𝑓) of the signals used for the 

estimation. This parameter is also an important parameter of the real practical system, due 

to the range of values that can be estimated by the system depending on this chosen value 

and also on the power of the transmitted wave. The thought process to reach this value started 
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with the maximum distance to an obstacle that the system should be able to measure (300 

m) and then calculate the equivalent channel delay of the forth and back trip of the 

transmitted wave, which corresponded to 2 us. From this and from the information about the 

estimation methods, a frequency of 250 kHz was chosen, as the maximum measurable 

delay(2 us) is equal to half of the period of a 250 kHz frequency signal, therefore there will 

not be almost any phase ambiguity problems in the delay estimation for the range of delays 

between 0 and 2 us, a wide margin is kept before phase ambiguity effects occur and ruin an 

estimation. 

The size of the time window (𝑡𝑤𝑖𝑛𝑑𝑜𝑤) of the simulation was also a relevant parameter, as it 

controlled the duration of the generated simulated signals and consequently the duration of 

each simulation. This parameter had to be high enough to correctly simulate the power 

integration operation done at the camera sensor, where for the duration of a frame the signal 

that results from the mixing operation is captured by the sensor and integrated over the frame 

duration. With all of this in mind, the chosen time window value was 200 us, which 

corresponds to each 250 kHz signal being simulated having 50 periods. Despite this value 

being lower than what the frame duration will be in practice, this number of periods is 

enough to simulate the averaging effect that is done by the integration over the captured 

frame. Moreover, by having a time window smaller than the one used in the practical system, 

the duration of the simulations could be kept lower without any trade-off. 

The chosen value for the frequency distance (∆𝑓𝑖𝑛𝑡) between adjacent square interferers was 

10 kHz, due to the fact that it is twice the aliasing limit (5 kHz) or in other words frequency 

resolution, which depends on the size of the time window of the simulation. By keeping this 

10 kHz value, it is made sure that the estimation errors introduced by the interferers will only 

be caused by the interferers themselves, like it would happen in practice, and not by 

simulation artefacts originated from aliasing effects. Simulating adjacent interferers, enables 

the validation of the robustness of the system for LIDAR schemes where frequency hopping 

is implemented and a large array of frequencies is used. 

For the pulsed LIDAR simulations, the chosen distance between adjacent interferers was 

equal to the aliasing limit of 5 kHz, due to the fact that pulsed LIDAR signals have low 

repetition rates, and if the spacing was the 10 kHz, then for the case of 20 interferers some 
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of the higher frequency interferers would be closer to the tone frequency, which does not 

correspond to the low frequency characteristics of the pulsed LIDAR. 

Lastly, the induced channel delays were simulated with values between 0 and 2 μs due to the 

working range of the system being from 0 to 300 m as already explained previously in this 

section. 

Table 3.2: Main Simulation Parameters 

Simulation Parameters 

𝑓𝑠 1 𝐺𝐻𝑧 

𝑓 250 𝑘𝐻𝑧 

𝑡𝑤𝑖𝑛𝑑𝑜𝑤 200 𝜇𝑠 

∆𝑓𝑖𝑛𝑡 10 𝑘𝐻𝑧 

3.10 Communication System Simulation 

From the results of the previous simulations it was concluded that the system worked as 

expected and that its operation could be taken a step further. As already known, a set of N 

signals was sent for each delay estimation, corresponding to the number of frames needed 

for each estimation, and it was observed that while randomizing the transmitter for each 

frame the system continued to have a good behaviour. From these observations, the idea of 

using the already simulated delay estimation system as an optical communication system 

without affecting the delay estimation was originated.  

Implementing an optical communication system could bring many advantages for the main 

application in which this LIDAR system will be used, as for example transmitting critical 

information between two vehicles. For the implementation of the communication system in 

conjunction with the delay estimation system, three different options were available: 

dedicated, shared and free. Each of these options has its own advantages and disadvantages, 

which have been briefly summarised in Section 2.4. 

The ideal implementation for the communication system would be the free option, were the 

communication is done at the same time as the estimation, with the condition of not 

provoking any loss of estimation robustness. This can be done by transmitting phase symbols 
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based on an M-PSK scheme, instead of using a fixed or randomized phase, to control the 

phase of the transmitted wave. It can be considered that introducing a phase modulation on 

the transmitted signal makes it more unique, as consecutive transmitted signals are different, 

thus increasing its resilience to interference in a similar way to the averaging effects of phase 

randomization. 

Several simulations were done, in order to know whether this could be done and also to 

check the highest possible symbol rate value without robustness losses. These conditions 

were tested for the delay estimation range between 0 and 2 us, as estimation system needs to 

be working properly inside this range. 

The receiver side of the optical communication system was not simulated, however it can be 

implemented by using a standard coherent demodulator that tracks the phase and frequency 

of the carrier and uses that to perform the demodulation of the received signal or by applying 

a differential code to the transmitted phases. Differential phase coding can only work if the 

channel delay value has slow variations, as in the case of the channel delay suffering a high 

variation in a short period while a symbol is transmitted, the phase difference between 

consecutive symbols would be affected and the decoder at the receiver would decide 

erroneously. For automotive applications, it can be said that channel delay variations will 

not be fast enough to introduce this type of error. 

In order to make this proof of concept simulation, the most ideal case of transmission was 

considered at first, having a channel attenuation equal to 0 dB and generating the signals 

with a fixed amplitude and offset. The simulation approach was to increase the number of 

transmitted phase symbols consecutively inside the 200 us time frame, with each symbol 

being a signal with a different phase and also having a duration dependent of the symbol 

rate. After validating this transmission methodology, where different phase symbols could 

be sent without any loss of estimation robustness, the previously ideal simulation parameters 

were replaced by randomized parameters which were closer to the practical case. The 

randomized parameters were the channel attenuation, the offset of the simulated signals and 

the imposed channel delay. 

Lastly, the effects of having an interferer at the same frequency of the transmitted signal 

were observed for the case of having a sinusoidal interferer with no modulation and also for 

the case of having a modulated interferer. This was done to know how bad of a problem a 
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same frequency interferer would be, both for the estimation and for the communication parts 

of the LIDAR system.  
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Chapter 4: Results 

The structure for the presentation of the simulation results follows the structure of the 

previous chapter, with the results of each methodology presented on the previous chapter 

having their own section in this chapter. The results of phase randomization are showed in 

each section next to the respective results obtained with no randomization, for easier 

comparison. 

4.1 Method Validation Results 

After simulating the AMCW LIDAR system following the guidelines presented in Section 

3.1 and using the simulation parameters explained in Section 3.9 to check whether the 4-

Bucket Trick and N-point FFT estimation methods were valid, the following results were 

obtained. In the following graphs, the horizontal axis corresponds to the channel delay value 

imposed by the simulation and the vertical axis to the delay value calculated by the methods. 

Figure 4.1: 4-Bucket Trick and 4-Point FFT method validation. 

It can be observed that valid results were obtained for both estimation methods for different 

delay values. Focusing on the graph of the 4-Bucket Trick, a discontinuity can be noticed 
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for some realizations for the first and last estimated delay values, this is due to the occurrence 

of phase wrappings. 

The graphs containing the results of the N-Point FFT Method for values of N between 5 and 

9 were not included here, due to the fact that these are very similar to the shown graphs with 

a value of N equal or greater than 3. 

 

Figure 4.2: N-Point FFT method validation for different number of captured frame values (N) 

Regarding the N-Point FFT method, the initially expected behaviour of the method only 

working for a number of captured frames per estimation equal or greater than 3 can be 

observed, as observed by Whyte et al. in [1]. Using a value of N equal to 1 or 2 gives wrong 

estimations and should not be done in practice, this happens due to the properties of the DFT 

and the delay value being contained in the phase of the first bin of the DFT. Moreover, no 

phase wrapping effects were observed on these N-point FFT graphs for the situations where 

the system is working as intended(N≥3). 
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4.2 Simulation with Interferers Results 

The effects of the addition of interferers to the system’s simulation can be observed 

throughout the figures present in this section, which were obtained while following the 

simulation methodologies explained in Section 3.2. 

The first obtained results were the ones related to the case of using ideal sinusoidal signals 

at both transmitter and mixer, in order to be able to compare with the results obtained in 

figure 4.1. 

 

Figure 4.3: 4-Bucket Trick and 4-Point FFT method validation in the presence of interferers. 

It can be observed that both estimation methods calculate the delay estimations correctly 

while in the presence of 20 adjacent square interferers and that the estimation behaviour seen 

for 0 interferers in figure 4.1 is maintained for this case. Regarding the 4-Bucket Trick, once 

again there are some phase wrapping effects present on the estimation. 

The next step was to repeat the previous simulations while using a square wave at the 

transmitter and mixer, with which harmonic aliasing starts to introduce some estimation 

errors. 

It can be observed in figure 4.4 that even with no interferers both estimation methods have 

slightly worse results than for the previous case, due to the harmonic components of the used 

square waves. Despite the estimation error having high values, the deviations seem to have 

been similar for all the realizations.  

For the case of 20 square interferers both systems have much worse results, as the effects of 

harmonic aliasing are even further amplified by the interferers, which have their own set of 

harmonic components, resulting in a big increase of the estimation error for this case. It can 
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also be seen in figure 4.4 that the estimation behaviour changes with each realization, due to 

the fact that the amplitude and phase of the interferers are randomized per realization. It can 

then be said that for this limit case the quality of an estimation was highly affected by the 

characteristics of the interferers.  

The phase ambiguity effects of the 4-Bucket Trick method are more noticeable for 20 

interferers than in figure 4.3 and are also more frequent for the same number of realizations, 

which shows these effects also depend on the characteristics of the interferers and of the type 

of wave chosen for the transmitter and mixer. It can then be said that the 4-Bucket Trick 

method should not be implemented when square-like signals are being used.  

 

Figure 4.4: 4-Bucket Trick and 4-Point FFT estimation with square waves at transmitter and mixer 

in the presence of interferers. 

The results of increasing the number of captured frames per estimation of the FFT Method 

can be observed in figure 4.5 for the case of 0 and 20 interferers with square waves being 

used at the transmitter and mixer. Only the cases were the value of N is equal to 5 and 10 

were shown, as the results obtained for values between these two were similar. 



45 

 

Looking at the 0 interferer graphs, it can be observed that the effects of harmonic aliasing 

provoked by using square waves are not as visible as in figure 4.4, due to the fact that a 

greater number of frames was used for each estimation, which results in greater averaging 

effects that reduce the effects of harmonics, therefore a significant improvement is possible. 

This improvement is even more visible when comparing the 20 interferer graphs, as there is 

a drastic estimation error decrease and the distance between different realizations was also 

greatly reduced, for both 5 and 10-Point FFT results.  

From these results, one can say that the N-Point FFT method can produce better delay 

estimations than the 4-Bucket Trick method, due to the fact that the number of frames per 

estimation can be easily increased to increase the averaging effects for each estimation and 

reduce the error produced by the harmonic aliasing effects originated from using square 

waves and from the interferers. 

 

Figure 4.5: N-Point FFT method estimation with square waves and in the presence of interferers for 

different values of N, 10 simulation realizations were done for each case. 
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Further ahead, the effects of randomizing the transmitter phase for each captured frame were 

tested for the previously simulated limit interferer cases, where square waves were used at 

the transmitter and mixer. The randomization results for these cases can be found on figure 

4.6, where it can be observed that for N=4 there were some improvements for both methods 

when comparing with the graphs from figure 4.4. The interferers do not have as much 

influence as for the no randomization cases, the results provenient from different realizations 

are closer to each other after randomizing, although the estimation errors remain higher than 

ideal.  

Despite the improvements observed after randomization of transmitter phase, for values of 

N>4, worst results were obtained while randomizing for the graphs of figure 4.6. The reason 

for this to happen, was most probably the fact that the randomization itself introduced some 

errors for the N-Point FFT method cases with N>4, for which good results were already 

obtained without randomization, and due to the fact that this is the limit interferer case of 

having 20 adjacent square interferers. 

Summing up, the randomization of transmitter phase can be useful for both estimation 

methods when the number of captured frames is equal to 4, considering the case of using 

ideal square signals and the interferers being square as well. For a larger N, the transmitter 

phases should be kept non-randomized. 
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Figure 4.6: 4-Bucket Trick and N-Point FFT method estimation with transmitter phase randomization 

in the presence of interferers. 

4.3 Filtered Waves Results 

The next simulation results were obtained after the introduction of the Bessel Filter in order 

for the simulation behaviour to be closer to practice, as explained in Section 3.3. Some of 

the characteristics of the used Bessel Filter can be seen in figure 3.3 of that section. 

The first simulated case was to use filtered square waves with a 250 kHz BW, at both the 

transmitter and mixer, in the presence of 20 square interferers. Its results are on figure 4.7, 

where it can be observed that good results were obtained for both estimation methods, 

especially when compared with the same results obtained previously for the case of square 

waves (figure 4.4). By comparing the graphs present in these two figures, it can be concluded 

that harmonic aliasing has a big influence on how the behaviour of an estimation will be, as 

the results were much better just by reducing the number of harmonics of the simulated 

waves by filtering. However, the chosen bandwidth used with these simulation cases was the 

same as the signal frequency, which will not happen in practice, and the resulting signal after 



48 

 

filtering was almost sinusoidal with almost no harmonic components left, that is why the 

observed behaviour was better than the square wave case and slightly worse than the 

sinusoidal case (figure 4.3). 

 

Figure 4.7: 4-Bucket Trick and 4-Point FFT estimation with filtered square waves at transmitter and 

mixer in the presence of interferers. 

The transmitter phase randomization was once again tested for the case of using filtered 

square signals and the results of figure 4.8 were obtained. Randomizing did not bring any 

significant improvements to the estimation of both methods, having a small impact for this 

simulation case, where a small filter bandwidth was used. 

Similar to the already seen previously, the N-Point FFT method continues to give better 

estimations than the 4-Bucket Trick method for N=4, due to the occurrence of some phase 

wrappings in some of the realizations of the 4-Bucket Trick. Moreover, the N-Point FFT 

method gives the possibility of increasing the number of captured frames to obtain further 

better estimations.  
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Figure 4.8: 4-Bucket Trick and 4-Point FFT estimation with filtered square waves at transmitter and 

mixer in the presence of interferers, after transmitter phase randomization. 

4.4 Duty-Cycle Variation Results 

The effects of varying the Duty-Cycle of the filtered square waves used at the transmitter 

and mixer were studied following the approach explained in Section 3.4. For these 

simulations only the N-Point FFT method was tested for duty-cycle values between 40 and 

60 % and for different values of captured frames per delay estimation(N), while the BW of 

the filter was kept as 250 kHz. The reason for only simulating this method was that it is able 

to make better estimations than the 4-Bucket Trick. 

The results of these simulations can be found on the following figures and although they 

only include the graphs obtained for 40, 50 and 60 % duty-cycle values, more duty-cycle  

values were tested, and their results were similar to the shown ones, provided that the duty-

cycle granularity condition of the simulation was respected. 
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Figure 4.9: 4-Point FFT method estimation for different duty-cycles with filtered square waves and 

square interferers. 

Looking at figure 4.9, which contains the results for N=4, it can be observed that the 

estimation behaviour is constant for the different duty-cycle values, thus it can be concluded 

that duty-cycle mismatches do not have much influence on the delay estimation. This is due 

to the fact that most harmonic components are cut out by the filter and only the fundamental 

frequency and some residual harmonics which introduce harmonic aliasing remain after 

filtering, so the behaviour is the same for different duty-cycles, although the spectrum 

content of the waves changed. 
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Figure 4.10: 6-Point FFT method estimation for different duty-cycles with filtered square waves and 

square interferers. 

The results obtained after increasing the value of N to 6 are located on figure 4.10 above. 

From these it can be observed that the Duty-Cycle variation does not provoke any 

mismatches in estimation behaviour, same as for the N=4 case. Moreover, better results were 

obtained by slightly increasing the number of FFT points of the method, as it can be seen in 

the graphs that there is almost no difference between the results obtained from different 

realizations. 

This behaviour was already expected and further confirms the idea that increasing the 

number of captured frames per estimation can reduce the negative effects of the interferers 

and also of harmonic aliasing. 

As already done for the previous simulations, the effects of randomizing the transmitter 

phase for each captured frame were checked. 

The results are shown on figure 4.11 and it can be seen that the randomization did not bring 

any advantages for these simulation cases, when comparing with the no randomization 
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results on figures 4.9 and 4.10. Although the results obtained for N=4 being the same as for 

the non-randomized case, for N=6 the results of the randomized case were slightly worse 

than the non-randomized. These randomization effects were also observed in the results of 

Section 4.2 and can be once again justified by the simulation being done for the 20 interferer 

limit case. 

 

 

Figure 4.11: 4-Point and 6-Point FFT method estimation for different duty-cycles with filtered square 

waves and square interferers, after transmitter phase randomization. 
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4.5 Duty-Cycle and Filter Bandwidth Variation Results 

After observing the results of the previous section, a simulation testing the response of the 

estimation for different Duty-Cycle values as well as different Filter Bandwidth values was 

done, as described in Section 3.5. 

The type of wave used at the transmitter was sinusoidal and at the mixer was a filtered square, 

due to it corresponding the case that will most probably be used in practice. The simulated 

interferer case was the limit case of having 20 adjacent square interferers, already tested in 

the previous simulations and the chosen number of captured frames per estimation was 10, 

in order for most estimation errors to be originated from the influence of interferers and not 

from the estimation method itself. After evaluating the absolute error for all duty-cycle and 

BW pairs of values, for which 100 realizations were done per pair and 10 different channel 

delays were simulated per realization, the contour type graphs of figure 4.12 were obtained. 

 

Figure 4.12: Contour plot of the maximum and mean absolute errors with the 10-Point FFT method 

for different duty-cycle and Bessel filter bandwidth values, with a fixed transmitter phase. 

It can be observed that for this transmitter/mixer case very good results were obtained for 

most of the tested system working point pairs, as most of the maximum absolute error values 

are less than 10 ns, which corresponds to a travel distance error of 3 meters and an obstacle 

distance error of 1.5 meters. 

Regarding the mean absolute error, which corresponds to the rightmost graph, it can be seen 

that it is lower or equal than 1 ns (30 cm) for the majority of the tested situations, value that 

is equal to the lowest error that the simulations can calculate with precision, due to the chosen 

sampling frequency value.  
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From these results one can conclude that it is not worth to optimize the system to work on a 

fixed duty-cycle or BW, provided that the chosen bandwidth is not too low, as it can be seen 

that for lower bandwidths error values of at least 10 ns were obtained. 

As already done for the previous simulations, the option of utilizing randomized phases at 

the transmitter was also tested for the same conditions and with the same methodology as 

the non-randomized simulation.  

The results obtained after randomization are found in figure 4.13 and it can be observed that 

much higher estimation error values were calculated than for the no randomization case. 

When comparing these results, it is very important to notice that the greyscales used on the 

contour graphs are not the same for the no randomization and randomization cases, this was 

done in order to have a better visualization of the results. The scale of the later has higher 

values than the non-randomization results, the highest colour value is equal to 50 ns in figure 

4.13 while it is 10 ns in figure 4.12. 

It can be observed for the randomized case that even for the mean absolute error values, most 

of the calculated errors are less or equal than approximately 25 ns (7.5 m), which cannot 

happen in a practical scenario. However, it can be said that these results were obtained from 

simulating the limit interferer case of having 20 square adjacent interferers, which is the 

worst-case scenario and has a low probability of happening in practice, due to the 

characteristics of the LIDAR system that will make the delay estimation methods. 

Despite the observed behaviour, the same conclusion that it is not worth to optimize the 

system for a fixed duty-cycle and BW pair can be taken from the randomized phase results.  
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Figure 4.13: Contour plot of the maximum and mean absolute errors with the 10-Point FFT method 

for different duty-cycle and Bessel filter bandwidth values, with a randomized transmitter phase. 

4.6 Number of Interferers Results 

As explained in Section 3.6, the succeeding simulations were done with the objective of 

evaluating the behaviour of the delay estimation method for different conditions, namely 

different numbers of interferers.  

The simulated interferers were kept square-like and located on adjacent frequencies of the 

transmitted signal. The maximum and mean absolute errors were calculated over 100 

realizations for each interferer case, with 10 simulated delays per realization. Both 

randomization and no randomization of transmitter phase per captured frame cases were 

tested. The same number of captured frames per estimation used for the simulations of last 

section was kept as 10, so the errors are only due to interferers and not from the estimation 

method itself, as it was already seen that for N=10 this type of error is small. 

Different simulations were done for different types of waves used at the transmitter and 

mixer, with the first being case 1 (recall table 3.1) where a sinusoidal wave is used at both, 

whose results for both no randomization and randomization of transmitter phase can be 

found on figure 4.14. 
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Figure 4.14: 10-Point FFT method absolute error evolution for different numbers of square 

interferers, with a sinusoidal wave at transmitter and mixer, fixed (left) and randomized (right) 

transmitter phases. 

Good results were obtained for this simulation case, with most calculated error values being 

at least lower than 1 ns (30 cm), as this value is equal to the time resolution of the simulation 

and thus the calculated errors that are lower than it cannot be considered valid but can be 

considered to be lower or equal than this value. Even for the maximum number of simulated 

interferers the maximum absolute error is low, such behaviour was already seen in previous 

simulations where very good results were obtained for the case of using sinusoidal signals 

and it can be justified by the lack of harmonic aliasing. These results can be considered as 

the best possible case, however perfect ideal sinusoidal signals are almost impossible to 

generate in practice. 

Concerning the randomization, it introduced a slight estimation error reduction for this ideal 

simulation case. However, it is irrelevant to randomize the phase for this estimation case, as 

very good results are already obtained due to being the ideal case. Furthermore, this finding 

may not be reliable due to the calculated errors being below the time resolution of the 

simulation (1 ns). 

The second simulated case was the case of using a filtered square wave at both transmitter 

and mixer, with the Bessel filter having a bandwidth equal to 300 kHz at first. The results 

for this simulation case can be found on figure 4.15. 



57 

 

 

Figure 4.15: 10-Point FFT method absolute error evolution for different numbers of square 

interferers, with a filtered square wave (BW=300 kHz) at transmitter and mixer, fixed (left) and 

randomized (right) transmitter phases. 

A worse error behaviour was obtained for this case when comparing with the previous case, 

as already expected. Despite this, it can be seen that a maximum absolute error below 10 ns 

(3 m) was obtained up to 10 interferers for the case of having non-randomized transmitter 

phases, which is a good result, as this is the most probable interferer situation for which the 

system will be working.  

Looking at 0 interferers, the error had a big increase when compared with the sinusoidal 

case, thus it can be concluded that using filtered square signals instead of sinusoidal 

originates an estimation error floor, which is approximately equal to 1 ns (30 cm), same 

value as the time resolution of the simulation. 

The randomization of the transmitter phase introduces some improvements on the 

estimation, having a 10 times error reduction for some interferer cases, however for 20 

interferers the error suffered a big increase. This behaviour is in line with the results already 

observed in previous sections, where the randomization of the transmitter phase worsened 

the behaviour of the estimation. It can now be understood that the randomization can be 

useful if it is guaranteed that the number of interferers is not too high (>10). 

Using a sinusoidal wave at the transmitter and a filtered square at the mixer was the next 

simulated case, which is the case closest to the planned implementation of the practical 

system, due the characteristics of the laser used for transmission and of the shutter used for 

mixing. The results for this case are located on figure 4.16. 
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Figure 4.16: 10-Point FFT method absolute error evolution for different numbers of square 

interferers, with a sinusoid at transmitter and filtered square wave (BW=300 kHz) at mixer, fixed 

(left) and randomized (right) transmitter phases. 

Looking at this case’s results, it can be observed that for less than 10 interferers the 

maximum absolute error is below 10 ns (3 m) for the non-randomized phases simulation and 

below 1 ns (30 cm), equal to the time resolution of the simulation, for the simulation with 

randomized phases. These values are acceptable for a practical application of the proposed 

system, which has a range between 0 and 300 m. However, when in the limit case of 20 

interferers the simulated errors had values over 10 ns for the non-randomized case and over 

50 ns (15 m) for the randomized phase case, which is an unacceptable error.  

The effects introduced by the randomization were close as those observed for the previous 

cases, producing better estimation results for less or equal than 10 interferers and suffering 

a significant error increase for 20 interferers. One can also conclude from the results of this 

and the two previous cases, that there is an error floor introduced from using a filtered square 

wave at the mixer by looking at the error values for 0 interferers. This error floor is the same 

as the already observed in the previous filtered square waves case and is estimated to be at 

max approximately equal to 1 ns (30 cm). 

Posterior to simulating these three cases, the robustness of the system was tested for different 

filter bandwidth values, as detailed in Section 3.6. This was done to understand how the 

harmonic aliasing and interference effects influenced the delay estimation and also their 

relation. The results of the case where a sinusoidal wave is used for transmission and a 

filtered square wave is used to drive the mixer can be found on figures 4.17 and 4.18. 
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Figure 4.17: 10-Point FFT method absolute error evolution for different numbers of square interferers 

and different Bessel filter bandwidths, with a sinusoid at transmitter and filtered square wave at 

mixer, fixed transmitter phases. 

It can be observed that the error evolution for the 1 MHz bandwidth is very similar to the 

behaviour for 300 kHz, except for the 20 interferer limit case where a slight error increase 

can be noted.  

Regarding the 5 MHz case, which is almost the same as having an ideal square wave, the 

estimation error values suffer a big increase for more than 10 interferers, with the maximum 

error value for 20 interferers being approximately 30 ns (9 m). Despite this, for lower 

numbers of interferers the same behaviour was observed for the three bandwidths, with an 

error smaller than 1 meter for most cases. 

From all these observations, it was noted that for this simulation case the harmonic aliasing, 

provoked by the harmonic components of the square signals, has a greater impact on the 

delay estimation the greater the number of interferers that are affecting the signal. This 

makes sense, as each interferer has its own set of harmonic components, thus more interferers 
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also mean more harmonic aliasing and bigger error increases between different bandwidths 

will occur for greater numbers of interferers. 

The results obtained for the same case with the randomization of the transmitter phase are 

on figure 4.18, where a similar behaviour as that of the fixed phase case can be observed. 

 

Figure 4.18: 10-Point FFT method absolute error evolution for different numbers of square interferers 

and different Bessel filter bandwidths, with a sinusoid at transmitter and filtered square wave at 

mixer, randomized transmitter phases. 

As the bandwidths increase, the error increases slightly especially for more than 10 

interferers and for the 20 interferers limit case that effect is even more accentuated, as 

expected due to the existence of more harmonic components. Moreover, it can be seen that 

for the 5 MHz bandwidth the calculated error has a big increase when compared to the results 

of the two lower bandwidths.  

Comparing these results with the non-randomized ones, there was an error reduction for up 

to 10 interferers for the 300 kHz and 1 MHz BWs after randomization. On the other hand, 

for 20 interferers the error after randomizing had an increase, which checks out with the 
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randomization behaviour analysed from the previous results. Regarding the 5 MHz, worse 

results were obtained for more than 5 interferers after randomizing. 

From these observations it can be concluded that randomizing the transmitter phase only 

results in better results when harmonic aliasing has a low occurrence and thus also low 

influence on the estimation. 

The results obtained for the case of only using filtered square waves at both the transmitter 

and mixer can be observed on figures 4.19 and 4.20, for different bandwidths and 

randomization cases. 

 

Figure 4.19: 10-Point FFT method absolute error evolution for different numbers of square interferers 

and different Bessel filter bandwidths, with a filtered square wave at transmitter and mixer, fixed 

transmitter phases. 

From the presented fixed transmitter phase results, one can notice that there is an error 

increase as the BW value is higher, which corresponds to the expected behaviour. Focusing 

on the 5 MHz case, a big increase (10x) can be seen for the 0 interferer values, such is a 

consequence of the harmonic aliasing introduced only by using a filtered square wave at the 
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transmitter, whose spectrum has a great deal of harmonic components for this BW. It can 

then be noted that for this simulation case harmonic aliasing (filter BW) has more influence 

on the error for lower numbers of interferers, due to filtered square waves being used at both 

transmitter and mixer. 

The same conclusion can be taken from the transmitter phase randomization results of figure 

4.20, where big error increases can be observed for all interferer values, specially the 0 and 

1 interferer cases, between increasing bandwidths. 

 

Figure 4.20: 10-Point FFT method absolute error evolution for different numbers of square interferers 

and different Bessel filter bandwidths, with a filtered square wave at transmitter and mixer, 

randomized transmitter phases. 

The randomization only introduced improvements for the 300 kHz and 1 MHz bandwidths 

for up to 10 interferers, as the harmonic aliasing effects are still not too strong for these BW 

values. Despite this, for 20 interferers the estimation error increased when compared with 

the non-randomized case, point where even for low bandwidths the influence of the 

interferers in conjunction with the harmonic aliasing of the waves are unbearable for the 

delay estimation.  
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Furthermore, when looking at the 5 MHz results for both randomization cases, it can be 

observed that the randomization did not introduce almost any improvements for all interferer 

cases. This is due to the harmonic aliasing effects being too high for this simulation case for 

all numbers of simulated interferers. These observations reinforce the conclusion that the 

randomization of transmitter phase can only produce better estimations when there is not a 

lot of harmonic aliasing present. 

Summing up, it can be said that for most cases it is worth randomizing the transmitter phase 

in situations where the number of interferers is low, around less than 10. 

The following step was to reduce the number of captured frames per estimation to check 

whether the same estimation behaviour would be maintained, with the results of this 

simulation being located on figure 4.21. Only the case where a sinusoidal wave with a 

randomized phase per frame is used at the transmitter and a filtered square wave obtained 

from a 300 kHz bandwidth filter is used at the mixer was tested. This allowed to know how 

fast an estimation could be done while obtaining a close performance to that of the N=10 

simulated system. However, in practice, a pipeline methodology can be chosen for the 

estimation, for which the last N captured frames are used for the estimation, then the 

estimation latency will only depend on the frame rate of the system and not on the number 

of frames used needed by the estimation method itself. 
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Figure 4.21: Effects of the reduction of the number of captured frames per estimation (N) on the 

absolute error evolution. N=3 (top left), N=4 (top right), N=10 (bottom). 

It can be observed that when using a 4-point FFT the behaviour is approximately the same 

as for the 10-point FFT, but when using 3 captured frames per estimation, the calculated 

error values can either be low or really high (>2 us). With this in mind, it can be said that the 

chosen number of captured frames can be as low as 4. However, it should be noted that this 

simulated case was a case were not so many harmonic aliasing effects were 

present(BW=300kHz), so the system’s behaviour when using N=4 might be worse for 

signals with a higher quantity of harmonics. This can be observed on figure 4.4, obtained for 

square waves, where even for 0 interferers there are some deviations from the ideal 

estimation behaviour. Using a greater number of frames can have some advantages, as for 

example averaging out the effects of the introduced interferences. 

4.7 Pulsed Interferer Results 

The robustness of the system was also checked for the possibility of having different 

numbers of pulse-type LIDAR signals as interferers, as detailed in Section 3.7. The pulsed 
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interferers were generated as adjacent square waves starting from a 10 kHz frequency, with 

a duty-cycle equal to 0.1 %. These characteristics make this type of interferer very hard to 

filter out and thus the delay estimation suffers a significant behaviour deterioration, as will 

be seen in the following pictures. As already done previously, all the simulations presented 

in this section were done both for the case of having a non-randomized phase and the case 

of having a randomized phase at the transmitter. 

The first simulated case was to use a sinusoid at the transmitter and a filtered square obtained 

with a 300 kHz bandwidth at the mixer, whose results are on figure 4.22. 

It can be observed that even in the presence of just 1 interferer the error value had a huge 

increase, going from under 1 ns to more than 10 ns (3 m). Thus, the presence of this type of 

interferer is very problematic, due to being a high power signal, and can completely ruin the 

distance estimation. 

 

Figure 4.22: 10-Point FFT method absolute error evolution for different numbers of pulsed 

interferers, with a sinusoid at transmitter and a filtered square wave (BW=300 kHz) at mixer, fixed 

(left) and randomized (right) transmitter phases. 

For a number of interferers from 1 to 20, it can be seen that the error value increased slightly 

and can be almost considered constant when compared to the leap that occurred from no 

interferers to 1. It can be said that regarding this type of interferer it only matters whether 

there is at least one interferer or not, if so then the number of additional interferers does not 

have much impact, as the estimation is already ruined by the sole interferer.  

Regarding the randomized phase results, the error was slightly reduced for the case of having 

interferers in comparison with the fixed phase case, however the same behaviour of having 

a big error increase from 0 to 1 interferer was maintained. 
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Using a filtered square wave at both transmitter and mixer was the next simulated case and 

the obtained results can be found on figure 4.23. 

 

Figure 4.23: 10-Point FFT method absolute error evolution for different numbers of pulsed 

interferers, with a filtered square wave (BW=300 kHz) at transmitter and mixer, fixed (left) and 

randomized (right) transmitter phases. 

The same behaviour that was observed for the last simulation case, also occurred for this 

case, with the existence of a huge error leap from the presence of no interferer to the presence 

of 1 interferer and the error for more than 1 interferer only increasing slightly. These 

observations can be seen on both randomization cases. The randomization of the transmitter 

phase introduced an improvement for the obtained results for all the simulated numbers of 

interferers, cutting the absolute error values in approximately half.  

The next step was to repeat the two previous simulations while a bigger filter bandwidth (5 

MHz) was being used, which means the filtered square waves will have more harmonic 

components and thus harmonic aliasing will have a stronger influence on the estimation. 

The results for the sinusoid/filtered square case are located on figure 4.24, where the 

behaviour already seen for the two previous simulations is repeated and can thus be further 

confirmed. 
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Figure 4.24: 10-Point FFT method absolute error evolution for different numbers of pulsed 

interferers, with a sinusoid at transmitter and a filtered square wave (BW=5 MHz) at mixer, fixed 

(left) and randomized (right) transmitter phases. 

It can be also verified by looking at the 0 interferer values for both bandwidths, that the 

greater quantity of harmonic components present only in the mixer wave is not sufficient to 

introduce any negative effects on the error, for the type of waves used. This was also 

observed in the previous section, where it was seen that harmonic aliasing only started 

having influence for bigger numbers of interferers, for these types of signals. 

The results for the filtered square waves at both transmitter and mixer case are located on 

figure 4.25, where it can be observed that there is no big error increase from being in the 

presence of no interferers to having 1 interferer, contrary to the previous cases. The reason 

for this to happen is due to the harmonic aliasing that increases the estimation error for 0 

interferers and which is introduced by both transmitter and mixer filtered square waves, each 

having a lot of harmonic components in their spectrums.  

Despite this, the error values obtained from 1 to 20 interferers are almost constant and are 

similar to the ones obtained for the previous cases, being slightly over 10 ns for the case of 

using a fixed phase at the transmitter. 
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Figure 4.25: 10-Point FFT method absolute error evolution for different numbers of pulsed 

interferers, with a filtered square wave (BW=5 MHz) at transmitter and mixer, fixed (left) and 

randomized (right) transmitter phases. 

The harmonic aliasing influence on the estimation cannot be observed for more than one 

interferer, due to the fact that the error introduced by pulsed-type LIDAR interferers is so 

big that it masks the error introduced by the harmonic aliasing, which can only be observed 

for 0 interferers. The randomization of the transmitter phase was once again noted to be 

capable of reducing the error. For these simulation cases it was reduced in approximately 

half while in the presence of at least 1 interferer. 

Summing up, it can be concluded that pulse-type interferers are the worst possible type of 

interferer for the delay estimation system, as even in the presence of only one of these there 

is a great increase in the estimation error, due to each having high power and being 

concentrated in a small time interval. These characteristics make this type of interferer very 

hard to filter out and therefore also hinder the possibility of trying to minimize their effect. 

The only verified solution capable of slightly reducing the error for this situation was to 

randomize the transmitter phase for each captured frame, however the maximum error values 

continue being too high even after this improvement. Despite all this, one can say that the 

probability of a pulse-type LIDAR interference occurring is low, as the small width high 

powered pulse interferer, which has a low repeat frequency, has to be received at the same 

time as the reflected transmitted tone is received for the interference to occur, which has a 

higher frequency and a duration of the same order as the period of the pulsed signal. 
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4.8 Transmitter Phase Randomization Summary 

Some of the randomization results obtained for the previous interferer simulations were 

compiled in the following table and the improvement introduced by randomizing the 

transmitter phase was calculated. The table only contains the maximum absolute error values 

of the estimation, which corresponds to the worst system behaviour, for the different 

simulated cases. 

From the table 4.1, it can be perceived that randomization is very good for most of the 

simulated cases for up to 10 interferers. As already stated in previous sections harmonic 

aliasing highly affects the influence of randomizing the transmitter phase, the more harmonic 

aliasing there is the smaller the absolute error improvements after randomization are. Such 

can be seen by comparing the Sin/Filtered Square (300 kHz) with the Sin/Filtered Square (5 

MHz) table results, both for square and pulse-type interferers. 

Moreover, it can be concluded that the best type of wave combination to use in practice is to 

have a sinusoidal wave at the transmitter and a filtered square wave at the mixer instead of 

a filtered square at both, as overall better results were obtained for the first case for the same 

simulation conditions, particularly for the square interferer cases which are the most 

probable type of interferers.  
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Table 4.1: Randomization vs Non-randomization of transmitter phase results from different 

simulations. 

Tx Rx Interferer 
Error, Fixed Phase  Error, Random Phase  Fixed Error 

/Rand. Error [μs] [m] [μs] [m] 

Sin 
Filt. 

Square 
0.3 MHz 

Square 

0 2,80E-04 0,08 1,50E-04 0,05 1,87 

1 7,00E-04 0,21 2,00E-04 0,06 3,50 

5 2,30E-03 0,69 2,30E-04 0,07 10,00 

10 4,30E-03 1,29 2,90E-04 0,09 14,83 

20 8,00E-03 2,40 1,80E-02 5,40 0,44 

Sin 
Filt. 

Square 
5 MHz 

Square 

0 1,60E-04 0,05 1,90E-04 0,06 0,84 

1 5,00E-04 0,15 1,50E-04 0,05 3,33 

5 1,70E-03 0,51 2,10E-03 0,63 0,81 

10 6,60E-03 1,98 3,40E-03 1,02 1,94 

20 3,00E-02 9,00 1,20E-01 36,00 0,25 

Filt. 
Square 
5 MHz 

Filt. 
Square 
5 MHz 

Square 

0 2,67E-03 0,80 2,59E-03 0,78 1,03 

1 2,87E-03 0,86 2,59E-03 0,78 1,11 

5 3,55E-03 1,07 3,96E-03 1,19 0,90 

10 6,70E-03 2,01 5,00E-03 1,50 1,34 

20 2,60E-02 7,80 1,08E-01 32,40 0,24 

Sin 
Filt. 

Square 
0.3 MHz 

Pulsed 

0 2,90E-04 0,09 1,50E-04 0,05 1,93 

1 1,30E-02 3,90 5,30E-03 1,59 2,45 

5 1,97E-02 5,91 8,50E-03 2,55 2,32 

10 2,70E-02 8,10 1,00E-02 3,00 2,70 

20 2,50E-02 7,50 1,00E-02 3,00 2,50 

Sin 
Filt. 

Square 
5 MHz 

Pulsed 

0 1,70E-04 0,05 1,90E-04 0,06 0,89 

1 1,23E-02 3,69 5,70E-03 1,71 2,16 

5 2,24E-02 6,72 1,06E-02 3,18 2,11 

10 2,67E-02 8,01 1,07E-02 3,21 2,50 

20 2,40E-02 7,20 1,30E-02 3,90 1,85 

Filt. 
Square 
5 MHz 

Filt. 
Square 
5 MHz 

Pulsed 

0 2,67E-03 0,80 2,59E-03 0,78 1,03 

1 1,22E-02 3,66 6,30E-03 1,89 1,94 

5 1,89E-02 5,67 9,40E-03 2,82 2,01 

10 2,24E-02 6,72 1,08E-02 3,24 2,07 

20 2,37E-02 7,11 1,09E-02 3,27 2,17 

 

4.9 Communication System Validation 

As told in Section 3.10, after observing the delay estimation system’s behaviour and based 

on the characteristics of the method implemented to make the estimation, it was concluded 
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that a simple communication system could probably be implemented without any loss of 

estimation robustness. 

In order to check the feasibility of this idea, a fixed channel delay was chosen and different 

numbers of phase symbols were sent inside the same time window (200 us), thus changing 

the symbol rate of the system. At first, the channel attenuation was kept ideal, equal to 0 dB 

and the signal offset was kept fixed and equal to the amplitude. In order for the estimation 

operation to work, the mixer wave needs to have the same phase symbol sequence as the one 

applied to the transmitter plus the phase increment dependent on the current captured frame. 

After running some simulations, it was found out that in order for the robustness of the 

estimation system to be maintained while transmitting phase symbols, two conditions have 

to be met: 

• The duration of each symbol must be a multiple of the transmitted tone period 

• There needs to be a guard time between consecutive symbols at the transmitter and 

its duration must also be a multiple of the tone period 

The first condition can be justified by the fact that it makes the value of the integral of each 

symbol over its duration independent of its randomized phase and thus is constant for 

symbols with different phases, which can only happen if the symbol has an integer number 

of periods. By respecting this, the integral value only depends on the channel’s delay.  

The reason for applying guards between consecutive symbols at the transmitter is because 

without them, the phase jumps between symbols would ruin the estimation, as the phase 

difference between the received (delayed transmitted wave) and mixer waves would not be 

constant for the whole duration of the time window. The reason for the duration of the guard 

having to be a multiple of the tone period is also due to integration issues of the after mixing 

resultant signal, so that the integral value of the after mixing wave does not depend on the 

phase value of the symbols, only depending on the imposed channel delay. The guards also 

have a DC offset equal to the offset of the signals. 

Some results of the system’s response while transmitting phase symbols at different rates for 

different types of signals at the transmitter and mixer can be found on figure 4.26, as well as 

a sample of the signals that were used for this simulation. 
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Figure 4.26: 10-Point FFT method maximum absolute error [us] evolution for different symbol rates 

[sym/s] and different types of signals at the transmitter and mixer, with a randomized channel delay 

and channel attenuation. Mixer signal and transmitted signal after channel (top right). 

The transmission of random phase symbols does not introduce any robustness loss on the 

delay estimation, until at least a 100 ksym/s symbol rate and that it works for the working 

range of the system from 0 to 300 m (0 to 2 us). It can also be seen that for the case of using 

a sinusoid at the transmitter and filtered square wave at the mixer the behaviour was worse, 

most probably due to harmonic aliasing effects, despite this the resultant error is 

approximately 0.1 ns, which corresponds to a really low 3 cm distance error. 

The situation of having an interferer that has the same frequency as the transmitted tone was 

also simulated, so that it could be known if different frequencies would be needed to 

implement this type of system. In order to do this, a fixed symbol rate was chosen, several 

delay values were imposed onto the channel and a modulated signal was transmitted through 

the channel. The absolute error values were evaluated over 20 realizations done for each 

channel delay.  
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It can be observed on Figure 4.27 that the presence of the same frequency interferer results 

in a catastrophic error increase, although a rough distance measurement is still possible to 

be made in this condition. This situation must be avoided at all costs in a practical 

implementation of this system. Several solutions may be implemented to avoid this type of 

interference, as for example frequency hopping or assigning time slots for each LIDAR to 

operate, however that is already out of the scope of this thesis. 

 

Figure 4.27: Absolute error evolution for a 50 kSym/s rate  for different channel delay values, for the 

case of no interference (top) and with interference at the same frequency of the transmitted tone 

(bottom)   
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Chapter 5: Discussion 

5.1 Chosen Simulation Approach  

As already said throughout this thesis, both the 4-Bucket Trick and the N-Point FFT methods 

were validated for different simulation conditions. Such was done in order to understand 

what degree of performance, a cheap and simple delay estimation system implementation, 

could be reached. 

Very good results were obtained for the case of having no interferers, which optimally would 

be the best situation for the system to work in. Unfortunately, this best case scenario situation 

will probably only happen rarely in practice, due to the intended application of this AMCW 

LIDAR system on autonomous driving applications, where if it is admitted that several 

vehicles have their own LIDAR for distance measurement or scanning purposes, then 

interference will almost certainly occur between different vehicles. 

In order to address this possibility, it was decided to simulate the behaviour of the studied 

estimation methods for different types and numbers of interferers. Most of the nowadays 

developed LIDAR techniques either do not worry with the effects that interferers can cause 

on their operation and consider their occurrence as very unlikely or on the other hand 

acknowledge the high possibility of interference, but do not develop solutions for mitigating 

its effects. This was one of the main reasons why so much effort was allocated for the study 

of the influence of interferers on the delay estimation methods and why different parameters 

and different types of signals were tested, so it can be understood for which conditions the 

system’s robustness is at its best. 
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5.2 4-Bucket Trick vs N-Point FFT 

During the previous chapter, it was observed that the 4-Bucket Trick method is very fragile 

to non-ideal working conditions, as for example using ideal square waves that introduce a 

lot of harmonic aliasing and so it is not the best method to be implemented in a practical 

system. Better estimations behaviours can be easily obtained for the FFT method by 

increasing the value of N, which introduces a beneficial averaging effect that cannot be 

obtainedfor the 4-Bucket Trick.  

Moreover, this method also suffers from phase wrapping problems, which appeared in 

several of the obtained results, normally in the form of a 0 µs delay being calculated as a 2 

µs delay. This phase ambiguity effect was observed both for the case where sinusoidal waves 

were used and for the case where square waves were used, even when in the presence of no 

interferers (figure 4.1,4.2 and 4.4). The only major advantage of implementing the delay 

estimation with the 4-Bucket Trick method is that it requires less computational resources, 

despite the arctan calculation, than the N-Point FFT method, even for the case of only 

calculating the frequency bin of the DFT that has the delay encoded. The conjunction of all 

these observations enables the following conclusions: 

• The N-Point FFT Method has a better performance than the 4-Bucket Trick Method; 

• The 4-Bucket Trick can still be implemented in systems that use signals with few 

harmonic components, where the presence of only few interferers is guaranteed and 

where the system has a low computing power available for the estimation operations; 

As already explained for the AMCW estimations, the distance information is located on a 

single frequency bin and thus the information given from the other frequency bins should 

not have any influence. It is impossible to separate the information of distinct frequency bins 

when using the 4-Bucket Trick, which means that this method only works for the ideal 

scenario where there is only one frequency bin present, the one that contains the delay 

information. When not in an ideal scenario, all of the harmonic aliasing and interferer effects 

will fall on top of this single frequency bin, thus ruining the estimation. By applying a DFT, 

it becomes possible to isolate different frequency bins and only process the frequency bin 

that contains relevant information. For the DFT case, the non-ideal harmonic aliasing and 

interference effects will be spread throughout several bins, instead of being concentrated in 
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a single frequency bin, as happens for the 4-Bucket trick method, thus the FFT method is 

more robust than the 4-Bucket trick, notable for non-ideal scenarios. 

The N-Point FFT method can then be considered as the first choice to be implemented in a 

practical system. It had superior results in relation to the 4-Bucket Trick method for different 

simulation conditions as was seen from sections 4.1 to 4.3. The only major disadvantage of 

this method is that the estimated values have an offset that is dependent on the number of 

captured frames that is used per estimation and thus some estimation errors are introduced 

by the offset value, which can be obtained either via calibration of the system before the first 

estimation is taken or via having the different offset values stored in memory and changing 

the offset based on the current value of N, as the offset is constant for each N value. 

5.3 Interferer Analysis 

The main approach done to evaluate the behaviour of the system was to try to simulate the 

worst possible interference cases, which normally are highly improbable and so their results 

can be considered as an error ceiling, for which the normal operation of the system is always 

located below. 

It can be said that most of the results obtained after the addition of adjacent square interferers 

are acceptable and could be handled by a real system implementation. Even for the limit case 

of 20 interferers acceptable behaviours were obtained, as can be seen on figures 4.5 and 4.7. 

Considering the case of using ideal square waves, which have a great deal of odd harmonic 

components, this good behaviour could only be obtained for values of captured frames per 

estimation greater than 4, as can be observed from figures 4.4 and 4.5, which means that 

only the N-Point FFT method can be used to obtain a good performance in these conditions. 

Despite this, in practice the generated waves will not be perfectly square and will be closer 

to a filtered square wave, which have less harmonic components and thus will induce less 

harmonic aliasing effects on the estimation. By simulating these filtered square waves, it was 

possible to obtain a good system behaviour for N=4, even for the limit interferer case, as can 

be seen in figure 4.7. However, the system that will be implemented will most probably have 

a value of N greater than 4, due to the fact that increasing this value results in substantial 

improvements and enables the system to work well even when in bad harmonic aliasing 
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conditions and a lot of interferers (figures 4.4 and 4.5), which correspond to non-ideal 

situations. 

Now looking at the results of table 4.1, which contains the maximum absolute error values 

obtained for different simulation cases for different numbers of interferers, it can be observed 

that for the fixed transmitter phase values the highest estimated distance error in the presence 

of up to 10 square interferers was approximately 2 m. This corresponds to a good result, 

considering the intended estimation range and the low probability of occurrence of this 

number of interferers inside the time slot during which the receiver captures a frame. 

Furthermore, it can be seen that better estimation behaviours can be obtained for up to 10 

square interferers by randomizing the transmitter phase, with the highest being equal to 1.5 

m. When looking at the same results, but now for the limit case of 20 adjacent square 

interferers, a maximum error of approximately 9 m was obtained, for which although being 

significantly higher than ideal, the system would still be able to obtain a very rough 

estimation, thus still being able to provide some utility even when working in the worst 

conditions. Same as for the 10 square interferers case, the probability of occurrence of a 

scenario with this high of a number of interferences is very small. 

Despite the good system behaviour obtained in the presence of square interferers, in case 

interferences with pulse-type LIDAR signals occur, the estimation is ruined due to the high 

energy of these pulses which saturates the sensor, with maximum errors on the order of 10 

ns, which means a 30 m distance error. This makes this type of interferer the worst-case 

scenario, even with the probability of an interference of this type existing being very low, 

due to the usual characteristics of pulse-type LIDAR signals and also of the signals used to 

make the estimation. Furthermore, these characteristics make the effects of this type of signal 

impossible to be reduced via filtering the interferences out of the received signal. The 

harmonic aliasing originated from the use of signals with a great deal of harmonics does 

have a smaller influence for this type of interferer than for square interferers, due to the error 

introduced by the pulsed interferers being so high that the harmonic aliasing error is masked 

by it. This was observed in figures 4.24 and 4.25, where the filter’s bandwidth increase did 

not introduce any changes on the estimation behaviour for more than 1 interference when 

compared to the lower bandwidth results. 
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Taking a more concrete example, in order for there to occur a pulse-type interference, the 

following signals have to be captured by the receiver at the same time: 

• A 10 kHz frequency pulsed signal with a less than 1 % duty-factor, in other words a 

small width pulse (<1 us) with a 100 us period 

• The reflected transmitted signal with a 250 kHz frequency and that can have a 

duration as low as one tone period, equal to 4 us for the simulated cases. 

The receiver must be open during at least a time equal to a tone period and the maximum 

measurable time of flight, equal to 2 µs (300 m round and back trip) for the simulated cases. 

This results in a “reception” time window equal to 6 us, for which a pulse with a 100 us 

period and a 100 ns (0.1 % Duty-Factor) width will very unlikely fall in. This probability is 

even further reduced by the fact that the typical pulsed LIDAR applications are integrated 

with a rotating mechanism, in order to obtain distance estimations in different directions 

and obtain a scan of its surrounding area, and thus it is highly unlikely that a pulsed 

interference is transmitted in the exact same direction that the receiver is turned to and hits 

the receiver within its small reception time frame. 

It can then be considered that if one of this pulsed LIDAR interferences occur, it will most 

likely be a sole independent occurrence. Which in fact is not such a bad situation in case 

only one interferer is present, as can be seen on figure 4.25 where the obtained mean 

absolute error is approximately 3 ns (~1m) and also in table 4.1, where it can be observed 

that the maximum travelled distance errors for the cases of having one pulsed interferer are 

all lower than 2 meters. Thus, in case a sole independent interference occurs, only the last 

estimated delay would be corrupted by it and the next estimated delay, calculated over the 

next N captured frames, would almost certainly not suffer from these effects. As the frame 

rate of the implemented system’s photosensor is equal to 160 Hz, that means that a new 

uncorrupted estimation is available after 
𝑁

160
 seconds, if we consider N to be equal to 10 this 

value would be 62.5 ms, which corresponds to a substantial but acceptable recuperation time 

for the type of applications that this system is intended to be applied in. This corresponds to 

an important factor to consider when choosing the number of captured frames per 

estimation, as the smaller the N, the faster the system will be able to calculate a new 

uncorrupted estimation. 
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Another possible solution to reduce the disadvantages of having a high recuperation time is 

that if the channel delay is considered to have small variations between consecutive 

estimations, then the system could possibly be made able to detect that a delay estimation 

was corrupted by interferers or other effects. It could then discard this erroneous estimation 

and instead consider the present estimation as equal to the last calculated good estimation. 

By doing this, an approximation of the present uncorrupted delay value can be obtained with 

an error inferior to the error obtained from the interference corruption. This can be justified 

considering that a 10 ns estimated time of flight error corresponds to a 30 meters travelled 

distance error and to a 15 meter obstacle error (signal is reflected back) and thus the obstacle 

would need to suffer a greater than 15 meter displacement in a time interval of 62.5 

milliseconds for the error of using the previous estimation value to be higher than the error 

introduced by the pulsed interferer. In other words, the obstacle (vehicle) would need to 

move at a speed of at least 
15

62.5𝑒−3
= 240 𝑚/𝑠 = 864 𝑘𝑚/ℎ , which is a value that is much 

higher than the maximum expected obstacle speed, considering the intended practical 

applications of this system. The cost of this solution would be the need of more computing 

resources for the control of this decision and also the addition of a small time overhead on 

the estimation. 

The studied AMCW LIDAR system was designed with the intent of working in conjunction 

with other technologies developed to be used in autonomous vehicles for both obstacle 

distance estimation and also for other functions. Such technologies are for example cameras, 

ranging RADAR or a scanning LIDAR. By joining the operation of these different systems, 

the advantages of each can be used to obtain a better overall operation and the disadvantages 

of each can be covered by each other, making the system more robust to a great deal of 

situations. One example of this synergy, can be the case of the AMCW LIDAR having a lot 

of interferers causing the estimation error to increase, so in order to mitigate this the distance 

measurement could be corrected from the value estimated with a RADAR implementation, 

for example. This would come at the cost of having an increased system complexity and also 

the need of a lot of processing to control the joint operation of the different technologies. 



81 

 

5.4 Practical System Implementation 

The following discussion tries to reach the conclusion of what is the best combination of 

signals to use at the transmitter to drive the laser and to use at the mixer to drive the shutter. 

Starting with the mixer signal, throughout this thesis it was said more than once that a filtered 

square wave will most probably be used in practice. The reason for this choice is that the 

shutter is driven by a signal with an approximately 50 V amplitude and in terms of hardware 

it is much easier to generate a square wave that respects this condition than a sinusoidal 

wave.  

The filtering operation was included in the simulation, due to the fact that it is impossible to 

generate a perfect square wave in practice. Thus, by attenuating some of the harmonic 

components of a perfect square wave, a signal closer to practice can be generated and tested. 

and also in order to be able to simulate the practical case of generating waves for which the 

number of harmonics can be controlled by choosing different filter BWs. Furthermore, a 

filtered square wave also enables to simulate a practical sinusoidal signal more accurately 

by using a filter bandwidth close to the tone frequency, and thus obtaining a close to ideal 

but not perfect sinusoidal wave.  

Regarding the transmitter, the best type of wave to use in practice would be a sinusoidal 

wave, due to the fact that despite being non-ideal and having some harmonics present in 

practice, these introduce much less harmonic aliasing effects than a square wave does and 

thus will have smaller estimation errors, as was seen by comparing figures 4.18 and 4.19. In 

terms of hardware requirements for the generation of the sinusoidal signal that will drive the 

transmission laser in practice, there are no drawbacks. 

From the results of figures 4.12 and 4.13 in section 4.5, it was concluded that it is not worth 

to optimize the system to work with signals with a specific duty-cycle and filter bandwidth 

value, guaranteed that the bandwidth is located inside a given interval, as the estimation 

behaviour was roughly maintained for the different duty-cycles between 40 % and 60 % and 

for the different bandwidths between 70 % and 130 % of the transmission frequency. Of 

course, for much bigger bandwidths outside this interval, the obtained estimation behaviour 

is greatly worsened, due to the existence of stronger harmonic aliasing effects. 
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Summing up, the best transmitter/mixer combination to implement in practice would be 

using a sinusoidal signal for transmission and a filtered square signal at the mixer. Despite 

this, it should be noted that good results can also be obtained by implementing other signal 

combinations, such as for example using a filtered square wave at both transmitter and mixer, 

however these results are slightly worse than for the mentioned case, as was observed in 

figures 4.15 and 4.16 for which it was concluded that the introduction of a filtered square in 

the place of a sinusoidal wave introduced an error floor equal to 1 ns (30 cm), for the ideal 

case of 0 interferers. 

5.5 Value of Randomization 

The randomization of the transmitter phase for each new frame improved the overall 

behaviour of the estimations made for different situations. The only cost of the 

randomization implementation would be some extra system complexity, due to the need of 

storing the transmitter phase in memory, in order for the system to be able to generate a 

mixer signal with a phase equal to the transmitter phase plus the respective phase increment 

of the current frame. 

It was observed that the randomization improvements are highly dependent on the following 

factors: 

• Type of generated signals used at the transmitter and mixer 

• Type and quantity of interferers 

• Quantity of Harmonic Components present in the system’s signals 

It was concluded that for most cases it is worth randomizing, as was summed up in table 4.1, 

as long as less than 10 square interferers are present. Following the same reasoning as 

previously, the probability of having 10 interferers affecting the signal inside the same 

reception time frame can be considered as very low, however it is not 0. Even if such case 

occurs for a given frame, the following captured frames will surely have a lower number of 

interferers present, so the system will most of the time be working inside the interferer range 

for which the transmitter phase randomization produces better delay estimations than the 

case of using a fixed wave. In the case of a greater than 10 number of interferers, it will take 

at least N new captured frames, to obtain a new uncorrupted estimation. 
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One of the best observed estimation improvements caused by randomizing the transmitter 

phase was for the case of pulsed interferers, for which the error was reduced by half while 

in the presence of interferers, as can be seen from figures 4.22 to 4.25 in Section 4.7 and also 

from table 4.1. As already said, the error is cut in half just from randomizing the transmitter 

phase, however this result is even more significant by the fact that the original fixed phase 

case travel distance error was for most cases greater than 3 m, thus this means that for most 

cases a higher than 1.5 m error reduction was obtained, which corresponds to a substantial 

reduction, although the estimation error still remaining with a higher than desirable value. 

As already discussed, the randomization of the transmitter phase per captured frame has 

requires almost no extra complexity and now it was concluded that it can introduce error 

reductions greater than 1.5 meters, for the worst-case estimation scenarios of having pulsed 

interferers. With this in mind, the idea that it is better to have a system with a randomized 

phase at the transmitter is further strengthened.   

When in the presence of a great deal of harmonic aliasing effects it was seen that the 

randomization introduces little to no better results, due to the error introduced by these 

effects masking the improvements introduced by the randomization in normal conditions. 

Although obvious, it should be noted that the harmonic aliasing is not only dependent on the 

number of harmonic components of the utilized types of waves, but also on the number of 

interferers, particularly for the case of square interferers. That is the main reason for the 

underperformance of the randomization for more than 10 interferers, as the conjunction of 

the harmonic components of each interferer introduce a lot of spectral components on top of 

and around the tone frequency, as can be seen on the spectrum graphs of figure 3.1.  

After the shuttering operation, the resulting absolute value of the DC component of the 

spectrum, which is obtained at the output of the camera sensor, encodes the channel delay 

that the transmitted signal has suffered. When in the case of having a lot of harmonic 

components via interferers or via the harmonics of the transmitter and mixer waves, this 

value is increased due to the unintended contribution of the DC value of each of these waves 

and thus resulting in an estimation error. Moreover, after the frequency down-conversion 

done at the mixer, a great deal of harmonic components is shifted to near the baseband, which 

will affect the measurement obtained after the power integration done at the camera sensor 

(LPF) for each captured frame, and thus also affecting the delay estimation. When in the 
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case of having a great number of interferers, the averaging effects that are introduced by the 

randomization cannot enable has much improvements as for lower numbers of interferers, 

since the sensor’s measurements are highly sensitive to the big quantity of tones near the 

baseband, originated from the harmonic components of the different present signals. 

The inconvenient truth is that the real effects and possible advantages of the randomization 

introduction can only be confirmed by testing it with a practical implementation of the 

estimation system. 

5.6 AMCW 

From the developed work and the obtained results, it can be said that AMCW LIDAR is a 

really good option to implement obstacle distance estimation in future autonomous vehicle 

technologies. Both the 4-Point FFT method and N-point FFT method were proven to work 

efficiently for different system working conditions, even in the presence of interferers, with 

each method having its own advantages and disadvantages. 

The major advantage of AMCW when compared to other LIDAR solutions, as for example 

pulsed LIDAR, is its simplicity of implementation. This can be justified by noting that 

almost all of the processing needed for AMCW is done in the analogue domain, as for 

example the mixing operation is done by the shutter and the camera sensor acts as a power 

integrator or low pass filter, thus not needing a huge deal of digital processing resources and 

having a lower implementation complexity. Moreover, an AMCW LIDAR only uses a single 

tone, which enables the use of a low-bandwidth transmitter and receiver, and also enabling 

the use of standard laser drivers, due to the use of signals with a low peak-to-average power 

ratio, contrary to pulsed LIDAR signals. For pulsed LIDAR systems, the delay estimation is 

done via using a precise timing circuit, which needs to be synchronized with a high frequency 

clock signal, while for the AMCW the time of flight is estimated from the difference between 

the phase of the received tone and the phase of the transmitted tone. 

Combining all of these advantages together, one can say that a robust, cheap and simple 

obstacle distance estimation system working for great ranges, can be implemented with an 

AMCW LIDAR. By observing the results of the different simulations obtained for distances 

between 0 and 300 meters, it can also be noted that good precisions can be easily obtained 

with this type of implementation, for both small and great ranges. 
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However, using an AMCW solution also brings some drawbacks, such as phase wrapping 

effects for which different time of flight values can be estimated as the same value, due to 

the phases repeating every 2π, thus the maximum measurable delay being equal to the period 

of the transmitted tone. Furthermore, there is a trade-off between precision and range for this 

type of LIDAR application, and for the simulated cases a priority was put on the range, with 

the system being able to measure an obstacle between 0 and 300 m. For instance, if a better 

precision was desired despite the consequence of having a smaller estimation range, that 

could be easily obtained by increasing the frequency of both the transmitted and shutter 

signals.  

Another disadvantage of using AMCW, is that it is not very robust to Multi-Path Interference 

(MPI), which mostly occurs for very short estimation ranges, where the double reflection 

still has enough power to impair the estimation. The problem of MPI was not addressed 

throughout this work, despite being one of the worst possible occurrences for the delay 

estimation, due to the fact that the idealized system has manners of avoiding this type of 

effect, namely the fact that MPI effects can be mitigated by implementing a frequency 

hopping scheme. 

5.7 Communication System 

As explained in the previous chapters, several simulations were done in order to know if the 

delay estimation system could be used as a communication system by applying slight 

modifications and without any loss of robustness in the estimation. The chosen 

communication system was a phase modulated system, due to the observations taken from 

the results obtained for a randomized transmitter phase and being easy and efficient to 

implement. 

From the start, it was known that this was possible to implement for the case of having a 

symbol per frame, however it was needed to test if more than 1 symbol could be sent together 

in the same frame. After some tests and iterations, it was discovered that this was possible, 

provided that the duration of each symbol was a multiple of the transmitted tone’s period 

and that there was a guard band, whose duration should also be a multiple of the tone’s 

period, between each of the transmitted symbols. It can then be concluded that the maximum 

symbol rate of the communication system is dependent on these two conditions and 
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consequently also dependent on the chosen tone frequency, for there to be no loss of 

robustness on the estimation calculation. From figure 4.26, it was seen that by applying these 

conditions, the estimation system maintained a good robustness for different symbol rate 

values, with different types of signal being used at the transmitter and mixer. 

When observing the results of figure 4.26 and comparing the obtained results with the 

equivalent cases presented in figures 4.14, 4.15 and 4.16 of section 4.6, it can be concluded 

that the introduction of the described phase modulation results in slightly better estimation 

results, having a similar effect as the one seen when the phase of the transmitter signal was 

randomized. However, it should be noted that the graphs presented in figure 4.26 were 

obtained for a single randomized channel delay value and not from several simulated channel 

delay values as done for the results of section 4.6, hence more simulations are needed to 

safely conclude the effects introduced by the phase modulation. 

It was also observed that same frequency interferers introduce a great error increase on the 

estimation results for a fixed transmitted symbol rate. This was an expected behaviour, as 

the delay information located on the phase of the transmitted tone will be corrupted by the 

phase of the same frequency interferer, and thus it will be very hard to make good estimations 

in these conditions. This situation can also be considered as a MPI particular case. Despite 

the observed behaviour, it can be said that an interference with the same frequency, high 

power and that hits the same point of the receiver during the moments for which a frame is 

being captured, has a very low probability of occurrence. 
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Chapter 6: Conclusions and Future Work 

6.1 Conclusions 

Summing up, this thesis studied the robustness and behaviour of two distinct AMCW 

LIDAR ranging systems, for a wide array of both ideal and non-ideal situations. Hence 

enabling a good understanding about the application of these AMCW techniques to estimate 

the distance of an obstacle with great range and precision, which could possibly be 

implemented in future automotive driving technologies in conjunction with others already 

studied vision and ranging techniques. 

After having a grasp of the basic concepts behind both 4-Bucket Trick and N-Point FFT 

methods, which were presented and explained in chapter 2, these theoretical concepts were 

then initially validated for an ideal simplified estimation case, which acted as a proof of 

concept. 

These methodologies were then further tested for different types of transmitter and mixer 

signals. Firstly for the ideal case of using sinusoidal signals, for which very good results 

were obtained, followed by the simulation of the non-ideal case of using square-like signals, 

that introduced harmonic aliasing effects on the estimation, thus deteriorating the 

performance of both estimation methods. Filtered square waves were also tested, as these a 

closer behaviour to practice, and as expected better results were obtained for it when 

comparing with the case of pure square waves, due to some of the error inducing harmonic 

components being filtered out. It was then verified that both methods can be implemented 

and good estimations can be obtained when using different types of signals, however with a 

slightly better behaviour for the N-Point FFT method. 

Both AMCW estimation methods were also analysed for the possibility of interferer signals 

being captured at the receiver at the same time as the reflected transmitter wave is received. 
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This allowed the understanding of the robustness of each estimation method and thus 

facilitated the decision of which method would be better to employ in a practical scenario. 

From the obtained results, it was then concluded that the N-Point FFT method offers a great 

number of advantages and very few drawbacks when compared with the 4-Bucket Trick 

method. 

Despite of the strong superiority of the N-Point FFT method, it can be argued that the 4-

Bucket Trick method could still find some application in low range estimation systems were 

it is guaranteed that interferences have a really low occurrence or are non-existent and that 

the signals chosen to drive the transmitter laser and the shutter are very close to ideal 

sinusoidal signals, in other words with the least quantity of harmonics present. 

One of the most important results found out during the course of this thesis were the benefits 

of having a randomized transmitter phase for each new captured frame. This small 

implementation change introduced an averaging effect on both estimation methods, which 

enabled the achievement of significant estimation improvements for non-ideal estimation 

conditions, such as interferences and harmonic aliasing. However, it was also observed that 

for the worst non-ideal scenarios, such as the case of having 20 square adjacent interferers, 

the randomization’s averaging effects do not introduce any improvements, on the contrary 

they further worsen the obtained estimations. Overall, it can be said that it is worth to have 

a randomized phase implementation, particularly if it is applied in a scenario where a 

reasonable but not too high amount of interference occurrences is expected, and square wave 

signals are chosen. 

As pulsed LIDAR applications are one of the most prominent solutions used for ranging 

purposes nowadays, the effects of possible pulse-like interferences on the AMCW 

estimations, were also checked. It can be considered that the possibility of the occurrence of 

a pulse-type interferer is really low for several different reasons, as already discussed in 

chapter 5, however when it occurs it was observed that it significantly increases the 

estimation errors. Despite this, it was observed that the maximum absolute error was always 

below 2 m for the different pulsed interferer simulated cases, while in the presence of a single 

pulsed interferer, which is a not so bad scenario considering that the simulated estimation 

range was from 0 to 300 m. From the observed behaviour, this type of interferer was 

concluded to be the worst-case scenario in terms of interferers. 
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The possibility of transmitting modulated phase symbols using the signal that is transmitted 

for estimating the AMCW distance estimation, was also validated for different symbol rates. 

This can be a really important result of this thesis, as it enables the possible future 

implementation of a LIDAR-based optical communication systems between different 

vehicles for the share of different kinds of critical and non-critical information. The obtained 

results confirm that it is possible to modulate the transmitted signal while maintaining the 

robustness of the distance estimation system, if it is guaranteed that the modulation respects 

certain conditions. With these results, the potential of the presented AMCW techniques is 

further increased, as it may be possible to transmit information and make estimations 

simultaneously, without recurring to more complex and expensive system architectures. In 

addition, it was also observed that the introduction of phase modulation for communication 

purposes may actually slightly improve the performance of the estimation system, in a 

similar way as the effects of randomizing the phase of the transmitter. 

All in all, the main finding of this thesis is that amplitude modulated continuous wave 

techniques are a viable solution to implement in already existing and future automotive 

driving technologies. For which it can perform the function of detecting and measuring the 

distance at which an object is located.  

As every technology, AMCW offers some advantages as well as disadvantages when 

compared with other current solutions. The main advantages are that it has a simple 

architecture and implementation, such as needing a low computational effort, as most of the 

signal processing operations are done on the analogue domain instead of the digital like most 

of the rival ranging techniques. On the other hand, the main disadvantage of AMCW is that 

the maximum range for which an estimation can be obtained is not only dependent on the 

power of the transmitted signal, but also on its frequency, due to the phase wrapping that 

occurs when the channel-induced phase shift is greater or equal than 2𝜋. In other words, 

when the time of flight equivalent to the maximum range is greater or equal than the period 

of the signal. 

6.2 Future work 

Regarding the future work related to this thesis, there are several possible directions, as is 

followingly described: 
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• Making a practical validation of the studied methods and concepts, including noise 

effects, in order to confirm the results obtained from the simulations. 

• Development of a real-time working prototype, in case good results are obtained with 

the practical validation.  

• Find ways of further mitigating the negative effects introduced by the presence of 

interferers on the estimation, such as implementing a frequency hopping solution for 

which the frequency of the transmitted signal could be changed for a given time slot. 

• Study new ways for obtaining a better estimation precision, while maintaining the 

same maximum range and keeping a simple system architecture. 

• Develop a simpler and cheaper implementation for the shuttering operation, currently 

idealized to be done by using an image intensifier, which has the disadvantage of 

being a very expensive element of the AMCW receiver. 

• Development of a possible optical communication system, focusing on what is the 

best architecture for the reception of the modulated symbols and ensuing 

demodulation. In case good simulation results are obtained, make an experimental 

validation of the developed system. 
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Appendix A.  MATLAB Code 

The following MATLAB code was developed for simulating the presence of different 

numbers of interferers. Most of the results presented in sections 4.6 and 4.7 were obtained 

by using this code. The developed codes that were used to obtain the remaining results of 

this thesis are not presented, due to having the same general structure and thus being similar 

to the presented one, bar some minor changes specific to each simulation case.   

%Delay estimation using AMCW 

%Daniel Bastos nº 72077 

 

%Simulation for different numbers of interferers for a fixed DC and BW 

%Different types of transmitted Waves can be simulated 

%100 realizations per interferer situation 

 

clear all; 

close all; 

Markers = 

{'+','o','*','x','v','d','^','s','>','<','+','o','*','x','v','d','^','s','>','<'}; 

Non-randomized Simulation Parameters 

%Control variables 

squareWave=false;   %Controls if transmitter uses a sine or square-like wave 

filteredSquare=false;%Controls if transmitter wave is filtered 

filteredSquareatReceiver=false;%Controls if mixer wave is filtered 

sineatReceiver=true;%Controls if receiver uses sine or square-like wave 

 

interferer=true;   %Controls if interferers are simulated or not 

pulsedInt=false;pulsedIntDutyCycle=0.1;     %Controls if interferers are pulsed LIDAR 

signals 

squareInt=true;     %Controls if interferers are sines or ideal squares 

IntDutyCycle=50;    %Duty-Cycle of generated interferers 

 

randPhaseperFrame=false; %Controls if transmitter phase is randomized for each captured 

frame 

 

% Estimation system parameters 

Nmeas=10;          %Number of frames per estimation, number of FFT points 

toneFreq=250e3;     %Tone frequency [Hz] 

dutyCycle=50;       %Duty-Cycle of Square Wave 

BW=5000e3;          %Bessel 

 

%Simulation parameters 

fs=1000e6;            %Sampling frequency [Hz] 

timeWindow=200e-6;  %Time window [s] 
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realizations=100;  %Number of realizations 

N_tau=10;   %Number of channel delays to be simulated for each realization 

N=round(fs*timeWindow);    %Number of samples 

f=(-N/2:(N/2-1))*fs/N;      % Frequency Vector [Hz] 

t=(0:N-1)/fs;          % Time vector [s] 

 

deltaf=2*fs/N;    %distance between adjacent square interferers [Hz] 

 

phaseOffset=-pi/2;  %Phase offset for the case of transmitted sine waves 

 

%Bessel Filter 

Hjw=bessel_filter(f,BW,3);    %Frequency response of Bessel Filter 

 

%Number of interferers to be simulated 

Nint=[0 1 5 10 20]; 

 

%Matrices that contain the error values 

maxabsError=zeros(realizations,length(Nint)); 

meanabsError=zeros(realizations,length(Nint)); 

Simulation loop for the different number of interferer cases 

for in=1:length(Nint) 

    if Nint(in)~=0 

        if pulsedInt 

            %In the case of simulating pulsed interferers 

            freqTx=(1:Nint(in)+1).*fs/N; 

            ctrCh=Nint(in)+1;   %Center channel, where the generated transmitter signal is 

sent 

            freqTx(ctrCh)=toneFreq; 

            if Nint(in)==1 

                freqTx(1)=10e3 %For the case of 1 interferer, he is located at 10 kHz 

            end 

        else 

            freqTx=(floor(-Nint(in)/2):floor(Nint(in)/2))*deltaf+toneFreq %Frequency vector 

[Hz] 

            ctrCh=round(Nint(in)/2+1);  %Index of center channel 

        end 

    else 

        freqTx=toneFreq; 

        ctrCh=1; 

    end 

 

    wi=2*pi.*freqTx;     %Vector with angular frequencies of transmitted signal and 

interferers [rad/s] 
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Simulation loop performed for each realization 

    for r=1:realizations 

        % Calibration of the offset of the N-FFT method is made on the first realization 

        for calib=1:1 

            if r==1 

                %It is assumed that no interferers are present during 

                %the calibrartion 

       %(...) The calibration code is similar to the following code sample used 

for the estimation simulation of each reaization 

            end 

        end 

Transmitter Parameters 

        A=10*rand(1,length(wi));    %Interferer amplitudes 

        A(ctrCh)=1; %Amplitude of transmitted tone 

        phaseTx=2*pi*rand(1,length(wi));%Transmitted phases 

        phaseTx(ctrCh)=0; 

        Ctx=sum(A)+rand(1)*10;  %Bias, to have only positive signals 

 

        %Receiver parameters 

        As=1;   %Receiver amplitude 

        Cs=As+rand(1)*10;   %Receiver bias 

        wr=wi(ctrCh);   %Receiver angular frequency 

 

        %Channel simulation parameters 

        tau_0=1/wi(ctrCh).*linspace(0,pi,N_tau);   %Simulated delay values [s] 

        alpha=10.^((-50)*rand(1)/10);   %Channel attenuation for tone and for each 

interferer 

Transmitter signal generation 

        if randPhaseperFrame 

            x=zeros(Nmeas,N); 

            for i=1:Nmeas 

                    phiTx(i)=phaseTx(ctrCh)+2*pi*rand();   %Original phase(0) plus rand 

offset, for each frame 

                if ~squareWave 

                    x(i,:)=A(ctrCh)*sin(wi(ctrCh)*t+phiTx(i)+phaseOffset); 

                elseif filteredSquare 

                    s=A(ctrCh)*square(wi(ctrCh)*t+phiTx(i)-pi/2,dutyCycle); 

                    x(i,:)=real(ifft(ifftshift(Hjw.*fftshift(fft(s))))); 

                else 

                    x(i,:)=A(ctrCh)*square(wi(ctrCh)*t+phiTx(i)-pi/2,dutyCycle); 

                end 

            end 

            phaseRx=phiTx; 

        else 

            x=zeros(1,N); 
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            if ~squareWave 

                %Ideal sinusoidal wave transmitted 

                x=x+A(ctrCh)*sin(wi(ctrCh)*t+phaseTx(ctrCh)+phaseOffset); 

            elseif filteredSquare 

                s=A(ctrCh)*square(wi(ctrCh)*t+phaseTx(ctrCh)-pi/2,dutyCycle); 

                %Only the transmitted tone is filtered 

                x=x+real(ifft(ifftshift(Hjw.*fftshift(fft(s))))); 

            else 

                x=A(ctrCh)*square(wi(ctrCh)*t+phaseTx(ctrCh)-pi/2,dutyCycle); 

            end 

            phaseRx=repmat(phaseTx(ctrCh),1,10);    %same phase for all frames 

        end 

        x=x+Ctx; 

Mixer signal generation 

        m=zeros(Nmeas,N); 

        phaseDiff=(0:Nmeas-1)*(2*pi/Nmeas); %Phase increments for each captured frame 

        if sineatReceiver 

            for i=1:Nmeas 

                m(i,:)=Cs+As*sin(wr*t+phaseRx(i)+phaseOffset+phaseDiff(i)); 

            end 

        elseif filteredSquareatReceiver 

            for i=1:Nmeas 

                aux=As*square(wr*t+phaseRx(i)+phaseDiff(i)-pi/2,dutyCycle); 

                m(i,:)=Cs+real(ifft(ifftshift(Hjw.*fftshift(fft(aux))))); 

            end 

        else 

            for i=1:Nmeas 

                m(i,:)=Cs+As*square(wr*t+phaseRx(i)+phaseDiff(i)-pi/2,dutyCycle); 

            end 

        end 

Interferers generation 

        interfs=zeros(1,N); %Vector that contains the sum of all generated interferers 

        if interferer 

            for i=1:length(wi) 

                if i==ctrCh 

                    interfs=interfs; 

                elseif pulsedInt 

                    interfs=interfs+(A(i)*square(wi(i)*t+phaseTx(i)-

pi/2,pulsedIntDutyCycle)+A(i)); 

                elseif squareInt 

                    %Interferers are all square waves with DC=50% 

                    interfs=interfs+(A(i)*square(wi(i)*t+phaseTx(i)-

pi/2,IntDutyCycle)+A(i)); 

                else 

                    %Interferers are all ideal sinusoidal waves 

                    interfs=interfs+A(i)*sin(wi(i)*t+phaseTx(i))+A(i); 

                end 
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            end 

        end 

Simulation loop for the different channel delay values 

        for k=1:length(tau_0) 

            yinterfs=interfs*alpha; % interferers are attenuated 

            if randPhaseperFrame 

                % The transmitted signal is different for each frame, so 

                % it is needed to calculate the received signal for each frame 

                yplusInt=zeros(Nmeas,N); 

                for i=1:Nmeas 

                     after applying channel delay and 

                    %attenuation 

                    y=real(ifft(ifftshift(fftshift(fft(x(i,:))).*exp(-

1j*2*pi*f*tau_0(k)))))*alpha; 

                    yplusInt(i,:)=y+yinterfs;%Received signal with the addition of 

interferers 

                end 

            else 

                %Ideal received signal 

                y=real(ifft(ifftshift(fftshift(fft(x)).*exp(-1j*2*pi*f*tau_0(k)))))*alpha; 

                %Interferers at the receptor 

                yplusInt=y+yinterfs; 

            end 

Shutter operation simulation 

            z=zeros(Nmeas,N); 

            if randPhaseperFrame 

                for i=1:Nmeas 

                    z(i,:)=yplusInt(i,:).*m(i,:); 

                end 

            else 

                for i=1:Nmeas 

                    z(i,:)=yplusInt.*m(i,:); 

                end 

            end 

Camera sensor 

            out=zeros(1,Nmeas); 

            for i=1:Nmeas 

                out(i)=mean(z(i,:)); 

            end 
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Signal processing to obtain an estimated delay value 

            X=0; 

            for idx=1:Nmeas 

                X=X+out(idx)*exp(-j*2*pi/Nmeas*idx); 

            end 

            tau_estsinglefft(k)=angle(X)/wi(ctrCh); %vector containing the estimated delays 

        end 

Per realization loop 

        tau_estsinglefft=tau_estsinglefft-offsetFFT; 

 

        %Calculation of the absolute errors per realization, for the 

        %simulated interferer case 

        maxabsError(r,in)=max(abs(tau_estsinglefft-tau_0)); 

        meanabsError(r,in)=mean(abs(tau_estsinglefft-tau_0)); 

    end 

end 

Graphs 

%String generation for titles 

if pulsedInt 

    strInt=[' Pulsed Interferers with DC=' num2str(pulsedIntDutyCycle) '%']; 

elseif squareInt 

    strInt=[' Square Interferers with DC=50%']; 

else 

    strInt=[' Sinusoidal Interferers']; 

end 

 

if ~squareWave 

    strTxWave=[' Tx->Sine,']; 

elseif filteredSquare 

    strTxWave=[' Tx->Filt. Square,']; 

else 

    strTxWave=[' Tx->Square,']; 

end 

if sineatReceiver 

    strRxWave=[' Rx->Sine']; 

elseif filteredSquareatReceiver 

    strRxWave=[' Rx->Filt. Square']; 

else 

    strRxWave=[' Rx->Square']; 

end 

 

if randPhaseperFrame 

    strPhase=[', Rand. Tx Phase per Frame']; 
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else 

    strPhase=[', Fixed Tx Phase']; 

end 

strWave=[strTxWave strRxWave strPhase]; 

Plotting of relevant graphs 

figure; 

plot(repmat(Nint(1),1,realizations),1e6*maxabsError(:,1)',Markers{1}) 

hold on 

for i=2:length(Nint) 

    plot(repmat(Nint(i),1,realizations),1e6*maxabsError(:,i)',Markers{i}) 

end 

hold off; 

xlabel('# of Interferers');ylabel('Maximum Absolute Error [us]'); 

title({['Delay Est. with Single Bin ' num2str(Nmeas) '-point FFT for DC=' 

num2str(dutyCycle),... 

    '%, BW=' num2str(BW/1e3) ' kHz' ],strWave,strInt}) 

grid on; 

 

 

figure; 

plot(repmat(Nint(1),1,realizations),1e6*meanabsError(:,1)',Markers{1}) 

hold on 

for i=2:length(Nint) 

    plot(repmat(Nint(i),1,realizations),1e6*meanabsError(:,i)',Markers{i}) 

end 

hold off; 

xlabel('# of Interferers');ylabel('Average Absolute Error [us]'); 

title({['Delay Est. with Single Bin ' num2str(Nmeas) '-point FFT for DC=' 

num2str(dutyCycle),... 

    '%, BW=' num2str(BW/1e3) ' kHz' ],strWave,strInt}) 

grid on; 

 

figure; 

h=errorbar(Nint,mean(1e6*meanabsError),min(1e6*meanabsError),max(1e6*meanabsError),... 

    'Marker',Markers{2},'LineWidth',1,'LineStyle','--') 

hold on 

errorbar(Nint,mean(1e6*maxabsError),min(1e6*maxabsError),max(1e6*maxabsError),... 

    'Marker',Markers{2},'LineWidth',1,'LineStyle','--') 

set(get(h,'Parent'), 'YScale', 'log') 

hold off 

xlabel('# of Interferers');ylabel('[us]'); 

legend('Average Absolute Error','Maximum Absolute Error') 

title({['Delay Est. with Single Bin ' num2str(Nmeas) '-point FFT for DC=' 

num2str(dutyCycle),... 

    '%, BW=' num2str(BW/1e3) ' kHz' ],strWave,strInt}) 

xlim([0 20]) 

ylim([1e-5 1]) 

grid on; 

Published with MATLAB® R2015b 
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Appendix B.  Simulation Flowchart 

 

Figure B.1: Flowchart detailing how the general simulation approach is carried out. 

  


