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SUMMARY 
 

Haptic communication [1], [2], [3] is a science that recreates the feeling of touch or tactile 

sensation, which can be controlled by computer applications allowing interaction. The users receive 

feedback through different vibrations or forces in form of felt sensations in specific parts of the 

human body, such as hands. Typically used for games, haptic communications take advantage of 

vibrating joysticks or controllers to enhance on-screen activity, allowing the user to feel the outcome 

of having depressed a button. However, it can be also used in many other fields. 

The most sophisticated touch technology is found in industrial, military and medical 

applications, where training people for tasks that require hand-eye coordination is needed. For 

instance, in surgery, medical students are able to master delicate surgical techniques using a 

computer, whilst feeling the real sensation of dealing with muscles, suturing blood vessels or 

injecting Botox into a virtual face or body. Besides, it is widely used in teleoperation, where a human 

controls the movement of a device or a robot and, at the same time, a homologous unit is recreating 

the motion in real time. Once these techniques have been mastered in a near future, the medical 

industry will benefit from virtual surgeries that provide a revolutionary concept for medical care. 

Furthermore, haptic technology shall establish emergent industries that had not been feasible for 

the time being. 

In order to achieve the transmission of data in haptic communications, we need a 

master/slave model where a device had control over one or several devices [4]. Also known as 

primary/secondary model, both parts have to be connected via network, and in this communication, 

we have to deal with different challenges such as delay, jitter or packet loss, which cause 

troublesome effects on the system. Additionally, we have to consider that the error rate of the 

packet shall be increased by fading in wireless communications. In order to overcome these harsh 

effects, error correcting technologies are used, and, specifically in this thesis, some Forward Error 

Correction (FEC) techniques have been applied, such as BCH or LDPC codes. Moreover, multipath 

diversity methods will be used for the purpose of the enhancement of delay and reliability. In terms 

of delay, some techniques will have to be dismissed since they make impossible a real-time 

communication despite they exhibit good behavior against errors.  

 

This thesis mainly focuses on studying, proposing and implementing new approaches of 

transmitting data packets between network nodes in a wireless communication network for the 

haptic communications requirements, utilizing a forward error correction data encoding protocol 

and a method of decoding such transmitted data packet, with the aim of enhancing the reliability of 

present techniques and decreasing the delay of information transmission, based on haptics data, 

which requires a really accurate real-time communication environment to allow the user to have the 

best experience and human-machine interaction. 
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RESUMEN  
 

La comunicación háptica es una ciencia perteneciente al ‘Internet de lo Táctil’ que recrea 

distintas sensaciones recibidas a través del contacto o del tacto, las cuales pueden ser controladas 

por aplicaciones informáticas y nos permiten tener un nuevo tipo de interacción avanzada usuario-

máquina. El usuario recibe una respuesta o retroalimentación a través de diferentes fuerzas o 

vibraciones en forma de sensaciones sobre el propio cuerpo, directamente sobre la piel o en partes 

específicas como las manos. Comúnmente presente en videojuegos, las comunicaciones hápticas 

aprovechan el uso de diferentes dispositivos como mandos, controladores o joysticks con la 

capacidad de emitir vibraciones que mejoran nuestra interacción con la pantalla. De esta forma, 

podemos mejorar la experiencia de juego, y poder percibir mediante sensaciones el resultado de 

haber apretado un determinado botón. Sin embargo, encontramos esta tecnología en muchos otros 

campos. 

 Varias de las áreas más sofisticadas donde se aplica este tipo de comunicación serían 

aplicaciones industriales, militares y médicas; donde se requiere un entrenamiento del usuario para 

una coordinación precisa ojo-mano. Por ejemplo, en cirugía, los estudiantes de esta carrera podrán 

dominar técnicas muy delicadas utilizando un ordenador a la vez que están sintiendo como sería en 

la realidad trabajar con músculos, suturar una vena o inyectar Bottox en la cara o en el cuerpo. 

Además, esta tecnología es ampliamente utilizada en tele operación, donde un humano controla el 

movimiento de un dispositivo o robot y al mismo tiempo, una unidad homologa imita el movimiento 

en tiempo real. Una vez que estas técnicas sean dominadas en el futuro, la industria médica se 

beneficiará enormemente de cirugías virtuales que proporcionarán un concepto revolucionario para 

el cuidado médico.  

 Para realizar una trasmisión de datos en las comunicaciones hápticas, necesitamos un 

modelo maestro/esclavo donde un dispositivo tiene control sobre uno o varios dispositivos. Las dos 

partes deben estar conectadas a través de la red, y para comunicarse, debemos tratar con varias 

dificultades como retardo, pérdidas de paquetes, o inestabilidad en la comunicación, que causan 

efectos muy dañinos en el sistema. Además, tenemos que tener en cuenta que la tasa de error del 

paquete será incrementada debido al desvanecimiento que aparece en las comunicaciones 

inalámbricas. Para poder superar estos efectos nocivos, se utilizarán técnicas de corrección de 

errores, y, más específicamente, para esta tesis, técnicas de corrección de errores hacia adelante 

(FEC), como son los códigos LDPC o BCH. También se probarán otras técnicas,  como la diversidad 

multicamino, para poder trabajar en la fiabilidad y la disminución del retardo en este tipo de 

aplicaciones que requieren un tránsito de información a tiempo real. 

 Esta tesis se centra principalmente en el estudio e implementación de nuevos enfoques 

para la transmisión de paquetes de datos en una red de comunicaciones inalámbrica, siguiendo los 

requerimientos de las comunicaciones hápticas y utilizando protocolos de codificaciones FEC de 

datos y un método para decodificar dichos paquetes transmitidos, teniendo siempre como objetico 

la mejora de la fiabilidad y el decremento del retardo para obtener la mejor experiencia máquina-

usuario en nuestra aplicación. 
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1. INTRODUCTION 

1.1 CONTEXT 

In a communication system, noise is an inevitable factor that causes data corruption every 

time that messages with some information need to be transmitted to a receiver’s end through a 

channel, which causes distortion. Therefore, one of the main challenges is to design one or some 

strategies to transmit reliable information over a noisy channel. 

For the preservation of the integrity of the digital data, reliability can be enhanced through 

the usage of error control codes, providing different procedures for detection and correction of 

errors that may occur during the transmission. The mechanism to strengthen the data is achieved by 

adding redundancy bits, known as parity bits, forming among the data the so-called code word.  

There exits the possibility of ordering a retransmission of the data after an error had 

occurred, simply using the Automatic Repeat Query (ARQ) [5] error correction scheme. This 

technique, based on retransmission, ensures the reliability for non-coded packets, with the 

disadvantage of a growth in the delay and the necessity of a return channel. Basically, the 

transmitter sends a data packet to the receiver and waits for an acknowledgment. The receiver 

responds by a positive acknowledgment signal ACK in the case of correct CRC (Cyclic Redundancy 

Check) on the received packet. Otherwise, the receiver discards the erroneous packet and responds 

with a negative acknowledgment signal NACK requesting for a retransmission of that packet. 

However, retransmission is not always feasible depending on delay requirements, since it makes the 

communication slower. On the other hand, Forward Error Correction can correct errors when they 

occur in the data by using the previously added redundancy bits, without requirement of any 

retransmission [6]. 

 

A major set of error-control codes with a powerful error detection and correction capability 

are cyclic codes. Besides, their properties allow the use of simplified processing procedures 

compared with non-cyclic codes and their encoding is easily achieved in hardware using a linear 

feedback shift register. Additionally, we can use that circuit for the validation of the code word and 

therefore, detecting errors. Bose-Chaudhuri-Hocquenghem (BCH) codes are a class of cyclic error-

correcting codes that evolved from Hamming codes and are constructed using polynomials, 

providing a really good performance when using certain decoding techniques. Therefore, they will 

be studied throughout this thesis.  

 

Another kind linear error correcting codes that will be considered are the widely used Low-

density parity-check codes or LDPC, which are constructed by bipartite graphs and are very practical. 

Its use is increasing in applications requiring reliable and efficient information transfer. 
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1.2 BASICS OF A COMMUNICATION SYSTEM 

The main building blocks of communication system are presented in this section, to get a 

better understanding of the necessary components and the process of sending the information [7]. 

 

Figure 1: Basics of a Communication System 

1. First of all, we need an information source that produces the message to be transmitted. 

2. The Source Encoder is in charge of converting the input into a binary sequence of 0’s and 1’s 

by assigning code words to the symbols in the input sequence.  At the receiver, the decoder 

converts the binary output of the channel decoder into a symbol sequence. In a system 

where a fixed length of the code word is used, the decoder will be simpler than using 

variable lengths.  

3. The channel encoding operation deals with error control, adding redundancy bits to the 

output of the source coder. These extra bits do not carry any information but their duty is to 

help the receiver to detect and/or correct some of the errors within the information bits. As 

we shall see in the next chapter, there are two methods of channel coding: Block and 

Convolutional coding. 

4. The modulator transforms the input bit stream into an electrical waveform suitable for 

transmission over the communication channel. It is also used for minimizing the effects of 

the noise within the channel as well as for matching the frequency spectrum of transmitted 

signal with channel characteristics. For the extraction of the message information we use the 

demodulator, which output is again the bit stream. There exist different methods of 

demodulation. 

5. The Channel provides the connection between the transmitter and receiver. We are 

considering a Radio channel in this case. They have finite bandwidth, non-ideal frequency 

response and the signal may be corrupted by unwanted noise. Signal to Noise power ratio 

(SNR) is an important parameter of the channel, as well as the bandwidth or the properties 

of the existing noise. 

6. Last but not least, a destination, which can be a machine or a person who requires the 

information. 

In this thesis, we will assume that there is a sender who wants to send k messages bits over a 

channel. This message will be encoded to n bits (code word) before going through the channel. At 

the receiver, the n code word may not be the same as the transmitted, so the decoder will try to 

recover the original message using the redundancy bits (n-k) added during the encoding process. The 

main goal of the coding theory is the construction of new codes with simple schemes that could be 

used efficiently for communications. 
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1.3 ENCODING AND DECODING 

In the process of transmitting a code word, the channel that is causing the distortion in the 

code word may be modeled as additive noise, which means that some random element of the space 

is added to the transmitted code word. An important algorithmic task in coding theory is the 

decoding function for error correction codes. Generally, encoding functions are easy to perform 

while we should focus on the decoding process. The problems appear when the received code word 

needs to be compared with all the code words on a list. To solve this impractical solution, an 

algebraic structure has been imposed on the code. 

 The codes studied in this thesis are linear block codes, which mean that the codes are 

linear spaces that allow the application of linear algebra. In linear cyclic codes, we require that any 

cyclic shift of a code word also results in a code word [8].The construction of these codes involves 

choosing the point set for evaluation from an algebraic curve and the codes differ according to the 

curve in consideration. The positions in a code word are associated with the points on the curve. Due 

to their algebraic structure, these codes are much easier to encode and decode than the non-linear 

codes. 

 In order to have an easy decoding, the codes must be designed such that the receiver may 

identify the actual transmitter word. The code words are assumed to be far apart from each other, 

which means that the optimal code is the one with the maximum of the minimum distance, called 

Hamming distance [9]. Then, the decoder will be able to detect up to         errors and correct up 

to  
   

 
 . If the number of errors exceeds this limit, the decoder reports a decoding failure and the 

error patterns cannot be corrected.  
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1.4 RESEARCH OBJECTIVES AND CONTRIBUTION 

Since the beginning of the 21st century, researchers have produced tremendous 

breakthroughs in many fields of information technology. However, we have not still mastered 

systems that are able to intelligently recognize emotions or mimic precise movements from a 

homologous device. The main challenges for the haptic communication technology are dealing with 

delay times that make impossible a real time communication, and enhancing the reliability, trying to 

receive the lowest number of errors that may have occurred whilst the information is sent through 

the channel. In order to overcome these challenges, there was a need to compare different FEC 

codes which, adapted to the haptics communications requirements, such as Bit or Packet Error Rate 

or packet size, would lead to decide the best techniques to be used for haptics communications. 

Furthermore, there was a need of getting rid of Hybrid Automatic Repeat Query (HARQ) methods 

that, despite being quite useful for some network applications, are not effective for a real-time 

technology as it implies retransmissions that increase the delay.  

The contributions for this thesis may be summarised as follows: 

 A comprehensive study about haptics communications has been made and set down, 

obtaining, among many others details, its features, challenges, researches already made, 

applications that by this time are commercially available or work and future plans. Besides, it 

was important to get the error probabilities expected or the availability, the number of 

degrees of freedom that these applications usually deal with, the packet generation rates or 

the current models used for evaluating the Quality of Experience. 

 

 Conducting an exhaustive research about the best error correcting techniques that may 

apply to this kind of technology, dismissing the ones that were useless for our environment 

and comparing the most adequate, always taking into consideration the size of the bit 

stream required and choosing the most appropriate code that matched the specifications 

and made us achieve the expected performance. 

 

 Providing several software programmes that implement, compare and analyse block-codes 

FEC techniques, such as BCH and LDPC codes, contrasting and performing simulations 

varying different parameters such as the kind of decoder, code rates, block sizes, number of 

iterations on decoder, diversity etc. Besides, the channel has been modelled to represent 

the truest conditions within a noisy environment where a specific kind of fading occurs 

considering the type of application under study. 

 

 An analysis of the feasibility of a new error correcting technique that introduces multipath 

diversity prior to the decoding process has been carried out. It consists on the segregation 

and sending of the data and parity bits in different independent paths. The technique, 

coming from a patented idea of the Centre for Telecommunications Research (CTR) in the 

School of Natural and Mathematical Sciences at King’s College London (KCL), will be 

implemented and conclusions will be drawn. 
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1.5 THESIS ORGANIZATION 

This thesis has been organized in different chapters with sections structured as follows: 

Chapter 1: Introduction 

This first chapter of the dissertation, which includes the sections from 1.1 to 1.4 that can 

be found above, introduces fundamental concepts that will be explained throughout the text. Firstly, 

in order to provide a primary approach of the context (1.1), the needs for error correcting 

techniques are presented among some different ways of implementing them. Besides, the basic 

components within a communication system have briefly been explained in section 1.2. On the 

other hand, section 1.3 reviews the concepts of encoding and decoding when transmitting 

information from a transmitter to a receiver, introduces the minimum distance between code words 

and also gives an explanation about the factors that place the linear codes above the non-linear. Last 

but not least, in section 1.4 the research objectives and the personal contributions have been 

pointed out.  

Chapter 2: Background 

Section 2.1 

This section gives an insight of the two main techniques that may be used for recovering 

the original data after having experienced noise or other alterations. Both Automatic Repeat 

Request (ARQ) and Forward Error Correction (FEC) will be presented and analyzed within the 

applications of interest. Moreover, the chapter provides a brief explanation of the two different 

kinds of FEC codes, convolutional and block codes, focusing on the latter for the development of this 

study. 

 Section 2.2 

In this section, a thorough study about linear codes is conducted. Some important 

concepts for a full understanding of these codes will be presented, such as the generator matrix, the 

error syndrome, the parity check matrix, a procedure for error correction decoding and the error 

correction capabilities based on the Hamming distance between pairs of code words. 

 Section 2.3 

This section presents four of some of the best known block codes as well as provides a 

longer description of all of them. In the first place, Hamming Codes, which are the foundation of the 

codes down below, are introduced in section 2.3.1. Subsequently, Cyclic Codes are reported in 

section 2.3.2, along with the exposition of the encoding and decoding methods and their error 

correction and detection capabilities. In section 2.3.3, BCH Codes, together with their divers block 

sizes and the encoding and decoding methods are shown.  In the end, corresponding with section 

2.3.4, the reader shall find an introduction and the major characteristics of the LDPC Codes. 
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 Section 2.4 

This section provides context to the current researches, advances and challenges of haptic 

communications. Quite important values and metrics that need to be taken into consideration when 

dealing with these kinds of applications are put into numbers here. Moreover, the master/slave 

architecture is presented with some revealing figures. Lastly, the problematic and constrains within 

haptic communication applications are presented. 

 Section 2.5 

 A complete explanation of the new patented technique, which implementation is the main 

aim of the thesis, will be given in this section, including the reasons, goals and some diagrams to fully 

understand the idea. 

 

Chapter 3: LDPC Codes 

 This third part of the thesis focuses on the implementation of an encoding and decoding 

technique based on LDPC codes, following the requirements of haptic communication given in 

Chapter 2.4.  

It consists of four different sections, starting from the implementation of this kind of code 

and its decoding or size characteristics. The second and third sections provide the simulation results 

for different data block sizes depending of the sampling rate. The last part will analyse the patent 

technique explained in Section 2.5. All of these results will be part of a study of the transmission of 

the information over an AWGN channel. 

 

Chapter 4: Short Length BCH codes and its comparison with LDPC 

 It was important to consider other error correcting codes and compare them against the 

LDPC codes. Therefore, the aim of this chapter is to analyse recent researches, implement and 

explain BCH codes for our application, at the same time of comparing them with the LDPC codes 

from Chapter 3. There are no many studies that have made any research of the differences between 

the use of BCH or LDPC for short length codes, and therefore the results will be important to decide 

which code suits our application best.  

 Furthermore, for an AWGN channel, BCH will be tested for different block sizes as well as 

the performance when implementing the patent or new technique. 
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Chapter 5: Analysis of Fading Channels 

 Once all the results have been obtained for the Gaussian case, it is of huge importance to 

study a real channel with the effects of fading. Therefore, in this chapter, the reader can find an 

extensive study about the challenge or how to classify the different kinds of fading that may occur 

during a transmission in a wireless channel. Besides, in the third section some models will be 

presented in order to choose, afterwards, the most appropriate for our application. 

 In the fourth section of this chapter, we show the simulation results after the explanation 

of the fading model that has been chosen. Then, another comparison of BCH and LDPC codes is 

made, this time over a Rayleigh fading channel. Lastly, the patent is analysed over its proper 

environment. 

 

Chapter 6: Diversity Combining Techniques 

 In this chapter, the maximum ratio combining technique (MRC) is explained as a method of 

implementing multipath diversity. Then, sections 6.2 and 6.3 provide simulations and their 

conclusions where both the patent and the normal technique are compared using two or more RF 

paths to send the same information, in order to combine it at the receiver part and obtain better 

results in terms of Eb/N0 versus the Error Rate. 

 

Chapter 7: Conclusions  

 In this last chapter, the conclusions about the error correcting techniques and their use to 

the implementation of the patented idea are detailed. Besides, there are shown different future 

lines of research that should be followed in order to get improvements in terms of reliability and 

delay for haptics communications. 

 

Chapter 8: Bibliography 

 The IEEE referencing style has been used for the citation of the different researches or 

papers that were used for the development of this thesis. 
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2. BACKGROUND 

In this chapter, we will review some of the basic definitions relating to the error correcting codes 

and will define some of the standard notations that will be followed throughout the thesis. The 

different linear codes used such as Hamming, BCH or LDPC are presented. The focus will be both 

LDPC codes, since they are one of the latest and most up-to date topics within the linear correcting 

codes, and the latest strides in BCH codes. 

 

2.1 INTRODUCTION TO ERROR CONTROL CODING 

In a wireless communication system is inevitable that the data we aim to transfer is 

subjected to noise or other alterations and therefore, the receiver fails to get accurate information, 

which may cause the application to perform incorrectly. Error detection and correction techniques 

are really useful for decreasing the amount of errors in the sent data, lowering the probability of 

failure [10]. They use a specific encoding method based on adding redundancy bits to the data prior 

to the sending of the packet, before it has been exposed to the communicating channel. Once the 

data has been encoded, it will be sent to the receiver through the channel, where it will be decoded 

in order to recover the original data. For the decoding part, there are two main processes. 

 

Automatic Repeat Query (ARQ) performs a simple error detection method, and if an error is 

found, it will send a request for a retransmission of the information. This technique requires a 

feedback channel to send the acknowledgments, something that is not always feasible because of 

the conditions of the communication channel or simply because the increase of delay that 

retransmissions introduce. ARQ is not very practical for present applications, since its inefficient in 

terms of speed and energy. That is the main reason why, if used, it is combined with Forward Error 

Correction (FEC), resulting in another technique called Hybrid Automatic Repeat Query (HARQ). 

Nevertheless, we still need to deal with a feedback channel for sending the retransmissions. 

 

The second technique, as briefly mentioned above, is Forward Error Correction. It is able to 

detect and correct errors in the decoder, using the redundancy bits previously added. Depending on 

different factors, such as the sort of FEC techniques or the number of parity bits within the message, 

this decoding method shall correct up to a certain number of errors, set by the error correcting 

capability, without the need of an extra channel.  

 

Recently, there have been significant advances in FEC technology that allow today's systems 

to approach the Shannon limit [11]. Theoretically, this is the maximum level of information content 

for any given channel. Shannon said that by choosing an appropriate encoding and decoding 

strategy, we may reduce the decoding error probability to a certain small value, as long as the 

information rate (the ratio of data bits to the total number of bits per code word, where parity bits 

are included), stays below a certain threshold, the capacity, which is a specific value to each channel. 

These advances in the approach to Shannon limit are being used successfully to reduce cost and to 

increase performance in a vast array of wireless communications systems including satellites, 

wireless LANs, and fiber communications. 
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 There are two different types of FEC codes: block and convolutional codes; both encode k-

bit input messages into n-bit code words. The main difference is that, for convolutional, the code 

word is not only dependent on the input message, but also on the previous, employing memory in 

the encoder.  

Block codes are a little more straightforward. A block code will take k information bits and 

generate one or more parity bits. These parity bits are appended to the information bits, resulting in 

a group of n bits where n > k. The encoded pattern of n bits is referred to as a code word, and this 

code word is transmitted in its entirety. Then, the receiver gets the n channel metrics and the 

decoder estimates the most likely sequence from the estimations. For facilitating the decoding 

process, they use an algebraic structure. If a code is said to be in its systematic form, it has the 

property that the data bits will appear in one section of the code word and the bits for the 

redundancy as a second section. The number of redundancy bits are usually denoted by m so n = k + 

m. As stated above, this thesis will focus in different families of linear block codes. 

 

 

 

 

 

2.2 LINEAR BLOCK CODES 

An (n, k) linear block code is a block that converts k-bits message vectors into n-bits code 

word vectors with the property that all the    different code vectors form k-dimensional subspace 

of the n-dimensional vector space of all vectors of size n over the binary field [12]. An example of a 

(7, 4) linear block code in systematic form is show in the next figure:  

  

Message Redundancy 

k m 

Table 1: Systematic block code form 

Message Code Word 

[0 0 0 0] [0 0 0 0 0 0 0] 
[0 0 0 1] [0 0 0 1 0 1 1] 
[0 0 1 0] [0 0 1 0 1 1 0] 
[0 0 1 1] [0 0 1 1 1 0 1] 
[0 1 0 0] [0 1 0 0 1 1 1] 
[0 1 0 1] [0 1 0 1 1 0 0] 
[0 1 1 0] [0 1 1 0 0 0 1] 
[0 1 1 1] [0 1 1 1 0 1 0] 
[1 0 0 0] [1 0 0 0 1 0 1] 
[1 0 0 1] [1 0 0 1 1 1 0] 
[1 0 1 0] [1 0 1 0 0 1 1] 
[1 0 1 1] [1 0 1 1 0 0 0] 
[1 1 0 0] [1 1 0 0 0 1 0] 
[1 1 0 1] [1 1 0 1 0 0 1] 
[1 1 1 0] [1 1 1 0 1 0 0] 
[1 1 1 1] [1 1 1 1 1 1 1] 

        Table 2: (7, 4) Linear Block Code 
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2.2.1 GENERATOR MATRIX FOR ENCODING 
 

Since a linear block code forms a k-dimensional vector space, we can generate every code 

vector through a linear combination of k code basic vectors    to       , which are aggregated as 

row vectors in the generator matrix G. Then, a k-bit vector        , …    ] can be encoded through 

multiplication with G:  

       

[
 
 
 
 
    

 
 
 

  ]
 
 
 
 

 

For this (7, 4) block code case, the generator matrix is: 

 = [

             
             
             
             

] 

We can find the identity matrix at the left of the generator matrix, which indicates the 

systematic encoding property of this particular code. Now we are ready to encode a random k-bit 

message, being k=4 in the (7, 4) case. 

Let’s take the message             . We can encode it as: 

                [

             
             
             
             

] = [0 0 1 1 1 0 1] 

 

The first 4 bits of the code word [0 0 1 1] is the message and [1 0 1] are the redundancy or parity 

bits. 

 

2.2.2 PARITY CHECK MATRIX 

For an (n, k) linear block code C with generator matrix  , there is an (n, n-k) linear block code 

that it is the null space of the Generator Matrix  .  This matrix is called the parity check matrix H and 

describes the linear relations that the components of a code word must satisfy. It is also either used 

to decide whether a vector is a code word for the decoding algorithms [13]. Formally, a parity check 

matrix,   of a linear code   is a generator matrix of the dual code,    . This means that a code word 

c is in   if and only if:  

   =0 
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The parity-check matrix H is thus also a different way of describing the code  . For the (7, 4) 

linear block code in Table 2, the parity-check matrix takes this shape: 

 = [
             
             
             

] 

The rows of a parity check matrix are the coefficients of the parity check equations. It can be 

verified that a code word                    is a code vector of  : 

    =                  [
             
             
             

]

 

= 0 

It is easy to verify that the product      of each code word  , generated by   and the 

   matrix is zero. Therefore, once the parity-check matrix H is constructed to fulfil the original 

requirements, we can use it to test whether a received vector is a valid member of the code set. U is 

a code word generated by matrix G if and only if       . 

 

2.2.3 ERROR SYNDROME TESTING 

As stated before, the parity-check matrix H not only provides a method to validate the code 

vectors but also helps in the correction of errors [14]. Let                  (one of    n-tuples) be a 

received vector resulting from the transmission of               (one of    n-tuples). The 

vector   may be corrupted by a vector error e, such that: 

      

where                is an error vector introduced by the channel. There are a total of      

potential nonzero error patterns in the space of     n-tuples. The syndrome of r is defined as: 

      

This syndrome is the result of a parity check performed on   to check whether   is a valid 

member of the code word set or not. If so, the syndrome   will have a value 0. If r contains errors 

than can be detected, the syndrome has some nonzero values. If   contains correctable errors, the 

syndrome has some nonzero value that can detect the error pattern. Then, the FEC decoder will take 

actions to locate and correct the errors. Combining the two equations above, we can derive another 

equation for the syndrome: 

              = U       

Nevertheless, for all the members of the code word set,        and therefore: 
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An important property of linear block codes, fundamental to the decoding process, is that the 

mapping between correctable error patterns and syndrome is one to one. We need to highlight two 

required properties of the parity check matrix: 

 No column of   can be all zeros, or else an error in the corresponding word position would 

not affect the syndrome and would be undetectable. 

 All columns of    must be unique. If two columns were identical, errors in these two 

corresponding code word positions would be indistinguishable.  

2.2.3.1 Example of Syndrome Calculation 

Let’s think about the case in which the code word                   has been 

transmitted and the vector                    is received, with the first bit on the left in error. We 

first find the syndrome value: 

      = [0 1 0 1 0 0 1] 

[
 
 
 
 
 
 
     
     
     
     
     
     
     ]

 
 
 
 
 
 

           (syndrome of corrupted code vector) 

After that, we verify that the syndrome of the corrupted code vector is the same as the syndrome of 

the error pattern that caused the error: 

                                 

 

2.2.4 ERROR DETECTION AND CORRECTION 

We have detected a single error and it has shown that the syndrome test performed on 

either the corrupter code word or on the error pattern that caused it, gives us the same syndrome. 

This is therefore a clue about that we can not only detect the error but also correct it, since there is a 

one to one correspondence between correctable error patterns and syndromes. We can establish a 

procedure for error correction decoding: 

1. As explained above, we calculate the syndrome of   :        

2. Locate the error pattern   , whose syndrome equals    . We assume that this error 

pattern is the corruption caused by the channel. 

3. The corrected received vector, or code word, is identified as        .  Then, we can 

correct that error by subtracting out the identified value in error. In moulo-2 arithmetic, 

the operation of subtraction is identical to the addition one. Notice that all 1-bit error 

patterns are correctable. 
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The decoder can identify the error pattern e to which every error correspond since each 

syndrome in the table following table is unique: 

 

 

 

 

 

 

 

2.2.4.1 Example of Error Correction 

Assume again that the code word                    has been transmitted and the vector 

                   is received. Using the Syndrome look-up table above, we can correct the error in 

the way as follows: 

                              

The estimated error, from Table 3 is: 

                 

We can thus estimate the corrected vector by: 

                                   = 1 1 0 1 0 0 1 

 

2.2.5 CAPABILITIES OF ERROR DETECTION AND CORRECTION 

2.2.5.1 Hamming distance and weight 

Not all error patterns can be correctly decoded. The Hamming weight       of a code word 

  is defined to be the number of nonzero elements in U. This is equivalent, in a binary vector, to the 

number of ones in the vector. The Hamming distance between two code words U and V, that can be 

noted as         is defined to be the number of elements in which they differ. By the properties of 

modulo-2 addition, we note that the sum of two binary vectors is another vector whose binary ones 

are located in those positions in which the two vectors differ. Therefore, we observe that the 

Hamming distance between two code words is equal to the Hamming weight of their sum: 

               

  

Error pattern Syndrome 

[0 0 0 0 0 0 0] [0 0 0] 
[0 0 0 0 0 0 1] [0 0 1] 
[0 0 0 0 0 1 0] [0 1 0] 
[0 0 0 0 1 0 0] [1 0 0] 
[0 0 0 1 0 0 0] [0 1 1] 
[0 0 1 0 0 0 0] [1 1 0] 
[0 1 0 0 0 0 0] [1 1 1] 
[1 0 0 0 0 0 0] [1 0 1] 

        Table 3: Syndrome Look-up table 
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We can also see that the Hamming weight of a code word is equal to its Hamming distance 

from the all-zeros vector.  

 If we consider the set of distances between all pairs of code words in the space    , the 

smallest member of the set is the minimum distance of the code and is denoted as      . This 

minimum distance could be compared to the weakest link in a chain, which gives a measure of the 

code’s minimum capability so thus its strength. 

2.2.5.2 Error correction and detection capabilities 

The task of the decoder, after having received the vector r, is to estimate the transmitted 

code word U. The optimal strategy can be expressed in terms of the maximum likelihood algorithm 

[15]. Since for the binary symmetric channel (BSC), the likelihood of    with respect to r is inversely 

proportional to the distance between   and  , we can write: Decide in favor of    if: 

                              
 

Said in other words, the decoder determines the distance between r and each of the possible 

transmitted code words    and selects an    as the most likely for which: 

          (    )                                               

We can thus see that the error detection and correction capabilities are related to the minimum 

distance between code words. 

 The error correcting capability   of a code is defined as the maximum number of 

guaranteed correctable errors per code word, written: 

  ⌊
      

 
⌋ 

A block code needs to detect errors prior to correcting them or even just to be used as an error 

detection code. This error detecting capability is defined in terms of      as: 

          

 If a block code has a minimum distance        , then it is guaranteed that all error patterns 

       or fewer errors can be detected.   
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2.3 WELL-KNOWN BLOCK CODES 

2.3.1 HAMMING CODES 

A special class of linear block code is formed by Hamming codes. These codes exhibit, in the 

basic form, a minimum distance of three, which makes them to be used as either a single error 

correcting or double error detecting code. They are characterized by the structure: 

                              

Syndrome decoding is especially suited for Hamming codes. In fact, the syndrome can be 

formed to act as a binary pointer to identify the error location. Although Hamming codes are not 

very powerful, they are considered as perfect codes as they reach the Hamming bound, which 

means that for a  -error correcting (n, k) block code, the number of all error patterns with   or fewer 

errors equals the ratio of all possible words to valid code words: 

   ∑(
 

 
)

 

   

 

 

2.3.2 CYCLIC CODES 

An (n, k) linear block code   is considered to be cyclic if every cyclically shifted code vector 

results again in a code vector of the same code   [16]. They are an important subclass of linear block 

codes. The codes are easily implemented with feedback shift registers; the calculation of the 

syndrome is very easily accomplished with similar feedback shift registers, and the algebraic form of 

a cyclic code leads to an effective way of decoding. It can be described by the following property: If 

the n-tuple                     is a code word in the subspace S, then 

                            obtained after a shift, is also a code word in the subspace S. 

The components of a code word                     are treated as the coefficients of a 

generator polynomial as the following equation: 

                   
         

     

This function is the one that holds the digits of the code word U; that is, an n-tuple vector is 

described by a polynomial of degree n-1 or less.  The absence of a term in the code word means the 

presence of a 0 in the corresponding location of the n-tuple. If the      component is nonzero, the 

polynomial is of degree n-1. 
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2.3.2.1 Encoding of cyclic codes 

For an (n, k) cyclic code with generator polynomial        a message polynomial      of 

degree k - 1 can be translated into a code polynomial û(X), by multiplying it with the generator 

polynomial, such that                  This guarantees that the code polynomial is divisible by 

the generator polynomial. Nevertheless, the main inconvenience of this method is that the code is 

not in a systematic form. A simple solution may be provided. If the message polynomial      is pre-

multiplied by   , and then divided by      to obtain the remainder       code polynomials in the 

systematic form are produced by adding      to         

                 

 This systematic encoding process can be easily translated to hardware by employing a 

linear feedback shift register (LFSR). It consist of storage elements arranged into a circular shift 

register and XOR gates, used for coupling the feedback path with different bits from the register 

according to the generator polynomial.  

 

Figure 2: Encoder for the (7, 4) cyclic code p(X) =        [9] 

To compute the remainder, the LFSR is reset to the zero state and the message is then fed in serially, 

starting from the most significant bit. Once all the information bits have entered the circuit, m 

additional shifts are performed with the input set to zero to simulate the multiplication by   . 

Therefore, the state of the LFSR corresponds to the remainder, which can then simply be appended 

to the message to form the code word. 
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2.3.2.2 Decoding of cyclic codes 

A transmitted code word may be perturbed by noise, and hence the vector received may be 

a corrupted version of the transmitted code word. The first step of a cyclic code is the detection of 

errors in the corrupted code word. In order to fulfill this goal, the error syndrome is computed, 

which correspond, in this case, to the remainder of the division of the received polynomial and the 

generator polynomial. Since code polynomials are multiples of the generator polynomial p(X), a 

syndrome, and therefore remainder, of zero indicates the detection of no errors. If a different case 

of syndrome occurs, we can conclude that there are errors. We can easily compute the syndrome by 

using the encoding circuit in Figure 2. Once the state of the circuit is reset to zero, the whole 

received polynomial is shifted into the circuit. The register will subsequently hold the syndrome. The 

efficiency of the validation and generation of cyclic codes, using the same circuit, has contributed to 

a great popularity of cyclic codes in the field of error detection. In this context, we will refer to these 

codes as a Cyclic Redundancy Checksum (CRC) and will be of vital importance for the development of 

this Thesis. 

Let’s assume that a code word with polynomial      is transmitted and the vector Z(X) is 

received.  Since U(X) is a code polynomial, it must be a multiple of the generator polynomial p(X): 

              

 

and Z(X), the corrupted version of     , can be written as: 

               

where e(X) is the error pattern polynomial. The duty of the decoder is to test whether Z(X) is a code 

word polynomial, checking if it is divisible by     , with a zero reminder. This is achieved by 

calculating the syndrome of the received polynomial. The syndrome S(X) is equal to the reminder 

resulting from dividing Z(X) by g(X), that is: 

 

                   

 

where      is a polynomial of degree n – k – 1 or less. Therefore, the syndrome is an (n-k) tuple. We 

can get the error patter polynomial by: 

 

                          

 

If we compare the last two equations above, we see that the syndrome S(X), obtained as the 

remainder of Z(X) modulo p(X), is exactly the same polynomial obtained as the remainder of e(X) 

modulo p(X). Therefore, the syndrome of the received polynomial Z(X) contains the information 

needed for error correction of the error patter. 

 

Error correction mechanisms for cyclic codes compute and use the syndrome to 

subsequently decode the message bits in a serial way [17]. They are based on the Meggitt decoder. 

An error-pattern detection circuit is required to sense all error syndromes that correspond to 

correctable error patterns that have been shifted to the high order bit positions. The complexity of 

the decoder is determined by the number and characteristics of error patterns that are to be 

corrected. On the other hand, if just one single bit is to be corrected, the Meggitt decoder requires n 
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steps after the syndrome has been calculated in the worst case. The search is started from the 

syndrome, which is shifted inside the LFSR until we reach a predefined value in the sequence, 

signaled by the error detection circuit, so that the error position can be deducted and the error 

corrected. 

Another way of decoding that reduces the complexity of the error detection circuit is the 

error-trapping decoder [18], being an improvement for Meggitt in some cases. It is based on the fact 

that if error bits can be shifted in a cyclic way into the m least significant bits positions of the 

received vector, the corresponding syndrome will coincide with those m bits of the error pattern. It 

can be also shown that if the code is capable of correcting t errors, the weight of the syndrome will 

be t or less only if the error bits are located in the m least significant bits of the received vector. 

Therefore, the error detection circuit will be simplified since it only needs to search for syndromes 

with a weight of t or less. The inconvenience of this method compared with the Meggitt one is that 

the error bits of the correctable error patterns need to be confined to m consecutive bit positions. 

Also, as in the Meggitt decoder, n steps are required in the worst case to locate and correct a single 

bit error. 

 

2.3.2.3 Error detection and correction capabilities of cyclic codes 

Cyclic codes form a subclass of linear block codes, so they take the error detection and 

correction capabilities from their superclass explained before. Moreover, an (n, k) cyclic code 

generated by       with degree            is capable of detecting any error pattern where the 

erroneous bits are confined to m or fewer consecutive bit positions, which includes the case of the 

erroneous bits wrapping from the most to the least significant bit position of the error vector. These 

error patterns are referred to as cyclic burst errors of length m or less, which cover also the single bit 

error case. The probability that a cyclic burst error of length       was undetected is         . For 

cyclic burst errors of length   with          , the probability of not being detected is     . 

 The error detection capabilities need to be assessed in detail for each generator 

polynomial individually, as there are great variations among them. The following list, which can be 

found in [19], shows the most commonly used generator polynomial that besides, have been used 

for the realization of this project, depending on the necessity of the error detection capability: 
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CRC Method Generator Polynomial 

CRC-32 
                            
                        

CRC-24        +   +   +  +1 

CRC-16              

Reversed CRC-16             

CRC-8                  

CRC-4              

Table 4: Generator Polynomial Table 

For instance, if we consider using the CRC-32 polynomial with a total of 33 bits, we will be 

able to detect up to 32 errors within the sent frame, following the methods explained above. In the 

decoding process, a set of 32 redundancy bits will be added to the data bits prior to the sending 

through the channel, where errors may occur. Then, if the total number of errors among the entire 

array of bits is lower than 32, the code will detect the presence of incorrect data and shall take 

action on this matter and use error correcting techniques. 

The selection of this polynomial may be to block length, information rate or system design 

specifications. Secondly, only certain generator polynomials may be qualified for their use in some 

cases, due to differences in the efficiency in which the encoder and decoder can be implemented. 

Finally, there exist cyclic codes classes for which simplified error correction procedures have 

been devised as, for instance, is the case with BCH codes which are briefly outlined in the next 

section. 
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2.3.3 BCH CODES 

Bose-Chaudhuri-Hocquenghem (BCH) codes are a generalization of Hamming codes that 

allows multiple error correction. They are a powerful class of cyclic codes that provide a large 

selection of block lengths, code rates, alphabet sizes and error-correcting capabilities. The most 

commonly used BCH codes employ a binary alphabet and a code word block length of           

where m = 3, 4… The generator polynomial p(X) is defined as the polynomial of lowest degree that 

has    consecutive powers of a primitive element of the Galois Field GF (  ). Some examples are 

shown in the next table, where n is the total number of bits in the code word, k is the number of 

data bits and t the error correcting capability: 

n k t  n k t 

7 4 1  127 78 7 

15 7 2  127 64 10 

31 16 3  255 163 12 

31 11 5  255 131 18 

63 39 4  511 259 30 

63 30 6  511 19 119 

Table 5: Some BCH codes with different code rates [20] 

From Table 5, we can easily conclude that the longer is the number of parity bits added, the longer is 

the error correcting capacity, as we could assume. However, adding redundancy means having a 

higher binary rate and thus, higher bandwidth or transmission rate is required. 

The encoding of a BCH code with generator polynomial      can be accomplished in the 

same way as for general cyclic codes described in 2.3.2.1.  

 

2.3.3.1 Decoding of BCH 

BCH codes takes advantage of the roots of the generator polynomial      for the decoding 

process. A code polynomial       is assumed to be corrupted with errors such that the received 

vector is                   

The errors are located at bit positions             with                    , so that: 
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If      is evaluated at the roots    of      for        , we are evaluating      since 

the    are also roots of code polynomials passed down from the generator [21]. The syndrome of 

v(X) can alternatively be evaluated at the roots   , leading to the same result and obtaining a set of 

2t equations: 

                              

                              

                                  

Assuming that    , in the way that   or fewer errors occurred, there is a unique solution 

for the error location numbers         with         for the set of equations above. From an 

error location number   , the current error location    can be obtained by computing its discrete 

algorithm [22]. In the standard decoding method for BCH codes, an error-location polynomial       

is created: 

     (                               
       

         
   

The coefficients    for         can be computed from the values of    where        

using, i.e. the Berlekamp-Massey algorithm [23]. 

 

Once the error location polynomial      is obtained, its roots will lead to the error locations 

numbers, since the root is the inverse of an error location number. The operating method consists in 

the successive evaluation of      at all potential error location numbers from          . If we 

discover a root    , the error location number corresponds to      , and it concludes that the bit in 

error is located at the      bit position. This process can be done with some cyclic decoding 

procedures such as the Chien’s search [24]. 
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2.3.4 LOW DENSITY PARITY CHECK (LDPC) CODES 

2.3.4.1 Introduction to LDPC Codes 

LDPC are linear error correcting codes that are capacity-approaching, since they allow the 

noise threshold to be very close to the theoretical maximum (the Shannon limit) in a memoryless 

channel. This threshold defines an upper bound for the channel noise, up to which the probability 

that the information is lost is as small as desired. The use of LDPC codes is increasing in applications 

which require reliable and highly efficient information transfer over bandwidth in the presence of 

corrupting noise. 

 

LDPC codes were invented by Robert G. Gallager [25] in his PhD thesis in 1963. However, 

soon after their invention, they were forgotten, due to be impractical to implement in that moment, 

until they were rediscovered in 1996 [26].  Turbo codes, another class of high-performance forward 

error correction (FEC) codes, invented by Claude Berrou [27], became the chosen coding scheme in 

the 1990s. However, due to the advances in LDPC codes after their rediscovery, Turbo codes where 

surpassed in terms of performance in the higher code rate. 

 In 2003, a LDPC code beat six turbo codes and became the error correcting code in the new 

DVB-S2 standard for the satellite transmission of digital television. They also beat turbo codes in 

2008 as the FEC system for the ITU-T G.hn standard because of the lower decoding complexity for 

data rates around 1 Gbit/s. 

 

 LDPC are also used for 10GBase-T Ethernet, sending data at 10 Gbit/s over twisted-pair 

cables, and are part of the Wi-Fi standard 802.11n and 802.11ac as an optional part. For correcting 

some of the errors (floor errors) the get past the LDPC error correction, some systems implements 

an outer error correction system such as Reed-Solomon [28] or BCH, that are able to fix the residual 

errors after the LDPC decoding. 

2.3.4.2 Characteristics of LDPC codes 

 

Figure 3: A LDPC code [29] 
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LDPC are obtained from sparse bipartite graphs and are defined by a sparse parity check 

matrix, which is randomly generated. In the graph of Figure 3, there exist n variables or message 

nodes on the left of the graph (circles) that are connected to (n-k) check or constrain nodes 

(squares). This graph creates a linear code of block length n and dimension n-k where the n 

coordinates of the code word are associated with the n message nodes.  

The code words are those vectors (c1,    ) such that for all check nodes, the summation of 

the neighboring positions among the message nodes is zero. Then, this graph is analogous to a 

matrix representation H, being a binary k (rows) x n (columns) matrix in which the entry (i, j) is 1 if 

and only if the     check node is connected to the     message node. Therefore, the LDPC code is the 

set of vectors c = (c1,    ) so that        . The matrix H is called parity check matrix. 

Conversely, any k x n matrix can create a bipartite graph. Therefore, any linear code has a 

representation as a code associated to a graph but not all are associated to a sparse bipartite graph. 

If it does, then the code is called a LDPC code. The sparsely
1
 of the graph structure is key property 

for the algorithm efficiency of LDPC codes. 

The H matrix for an irregular LDPC code is composed of two sub matrix. The first one is the 

    systematic matrix and     is the parity one. 

LDPC codes are commonly decoded by an iterative message passing algorithm consisting of 

two sequential operations: check node update or row processing, and variable node update or 

column processing. In row processing, all check nodes receive messages from neighboring variable 

nodes, perform parity check operations and send the results back to the variable nodes. The variable 

nodes update soft information associated with the decoded bits using information from check 

nodes, and send the updates back to the check nodes and repeat this process iteratively [30]. 

  

                                                           

1. In numerical analysis, a sparse matrix is a matrix in which most of the elements are zero. By 
contrast, if most of the elements are nonzero, then the matrix is considered dense. 
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2.4 HAPTICS COMMUNICATIONS 

In recent years, different Internet designs comprised the fixed, mobile and the ‘things’. 

However, technology is constantly changing and thus new evolved techniques such as Tactile 

Internet are emerging, allowing the transmission of touch and actuation in real-time. This is leading 

to what is known as haptic communications, an emerging technology that promises to be a cutting 

edge solution for many of the challenges of 5G. 

 After the very first Internet, who allowed millions of computers to connect each other, the 

Mobile Internet came; making users of smart phones interact with others wherever and whenever 

they wished. This resulted in a revolution that completely changed the economy and the worldview. 

However, new generations have been appearing over the years, leading the human being to witness 

the outbreak of Internet of Things, connecting billions of objects and devices, revolutionizing the 

way machines engage with humans and with other machines. 

 Last but not least, the tactile Internet is overshadowing other generations, being the main 

study material of researchers currently, due to the promising future that may bring. The Tactile 

Internet will add a new dimension to human-machine interaction through building real-time 

interactive systems. It will allow remote driving, monitoring and surgery or remote education, 

training and industrial servicing, among many other applications.  

 

 Since Haptic Communications will deal with really critical areas of society, there is a 

necessity of reliability and extra capacity to allow a wide number of devices to connect with other at 

the same time. It will also need to support very low end to end latencies as otherwise it will lead to a 

poor user experience. One of the main goals is the 1ms-Challenge, what means achieving a round 

trip latency of 1 millisecond that will lead up to the required typical latencies and reliabilities for 

tactile communications. For instance, the 4G mobile networks have a latency of around 20 

milliseconds, but the target within the fifth generation (5G) is to support an order of magnitude 

faster than the previous generation.  

 

 The tactile Internet will mainly be able to provide an application and enable a medium for 

transmitting haptic communications through the Internet in real time. However, this is in addition to 

its ability of sending non haptics data such as video and audio. Traditionally, haptic information is 

composed of two different kinds of feedbacks: tactile, which provides data of surface texture or 

friction, to be felt by the human skin; and kinesthetic feedback, providing information about forces, 

position or velocity, which may be perceived by muscles or tendons of the body. The tactile Internet 

takes advantage of sensors and actuators in order to enable the best feedback possible. In case of 

non-haptic information, the feedback is only audio or visual, so there is no notion of a closed control 

loop with latency constrains unlike the kinesthetic information exchange. 
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2.4.1 ARCHITECTURE 

Tactile Internet can be split into three distinct domains: the master domain, the network 

domain, and the slave domain. The master domain usually consists of a human, acting as an 

operator, and a human system interface (HIS). The HSI is a haptics device, the master robot, which 

converts the human input into haptic data. This haptic device allows the user to interact with an 

object in real time, both manipulating and touching it, and at the same time controls the operation 

of the slave domain. 

 

Figure 4: Master and Slave domains [31] 

The network domain enables a medium for bidirectional communication between both 

devices, connecting the human to the remote environment. The slave domain consists of a 

teleoperator and is controlled by the master through several signals. This slave device interacts with 

objects in the remote environment. Habitually, there is not a previous knowledge about that 

environment, and through feedback signals, energy is exchanged between master-slave closing a 

global control loop. 

 

     Figure 5: Master, network and slave domains [32] 
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We need to make the difference between the Tactile Internet and haptics communications. 

In the same way that video or data are run over wired and mobile Internets, the primary application 

running over the Tactile Internet is haptic communications, so they have a medium and a service 

relationship. 

 

2.4.2 HAPTIC DEVICES: PROBLEMS AND CHALLENGES 

Haptic devices, as stated above, which allow a user to touch, feel and manipulate objects, 

are already commercially available, with up-to 6 degrees of freedom (DoF). This characteristic will be 

of huge importance for the development of this thesis. One popular design for haptics would be a 

system consisting of a robotic arm that may have a stylus attached to it. The robot shall track the 

position of the stylus and exert a force on its extreme. Further research must be done in order to 

increase the number of DoF to meet the demands of cutting-edge applications for haptic 

communications. Furthermore, the cost of the devices involved must be reduced. 

Regarding the digitizing of haptics information, the signals are typically sampled at 

              leading to a packet generation of 1000 packets per second [33]. Since this operation is 

done over bandwidth-limited networks, a fundamental channel for compression in context of Tactile 

Internet is the development of a standard for the haptic family, similar to the audio or video codecs 

(H.264/MPEG-4).  

Since the human brain integrates different sensory modalities [34], Tactile Internet must 

provide audio and visual feedback as well as the haptic, in order to increase the perceptual 

performance. This is another major challenge since these three modalities have different 

requirements in terms of sampling, latency or transmission rate. Therefore, a multiplexing scheme is 

needed. However, this thesis will focus on the transmission of haptic data. 

In terms of reliability, we refer to the availability of a level of communication service nearly 

the 100% of the time. Tactile Internet is expected to give service to major areas and therefore 

requires ultra-reliable network connectivity. This means a reliability of seven nines at best, meaning 

a probability of      . Besides, for haptic communications it is compulsory to achieve full-

functionality unlike the conventional voice and video application, which could offer a graceful 

degradation of service quality. The reason is that in haptic communication, a delayed arrival or loss 

may lead to instability of the system. Therefore, from a Medium Access Control (MAC) per-link point 

of view, reliability has to be provided through techniques different from ARQ or HARQ, such as FEC, 

due to the extra delay caused by retransmissions.  

With reference to quality metric, Quality of Experience (QoE) is being evaluated in haptic 

communication through subjective tests performed with human testers and hence, is difficult to 

achieve high credibility conclusions. On the other hand, when evaluated in an objective way, the 

testing area is based on several parameters related to service delivery. However, further research is 

needed in order to adopt new and sophisticated models for human haptic control into the objective 

quality metrics. 
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2.5 EXPLANATION OF THE PATENT TO ANALYZE AND IMPLEMENT 

 Due to the strict requirements of emerging applications that require a high reliability at the 

same time of boasting low delay, this idea focuses on implementing a Forward Error Correction 

technique, adapted to haptics communications specifications, which is able to show an optimal error 

rate without the need of retransmissions. 

. The method provides a way of transmitting data packets in a wireless communication 

network using a FEC data encoding protocol, with some aspects differing from the Traditional 

Technique. This approach aims to separate the bits from the original packet into two different 

packets in the following way: 

 A first data packet will include the original information bits with an error detection check. 

The indicator chosen is a Cyclic Redundancy Code with 32 bits (CRC-32), which is able to detect up to 

32 errors within the whole packet. 

 A second data packet that shall include the redundancy or parity bits associated to the 

information bits of the first packet. These bits are originated by the FEC code. 

 These two packets will be sent into two different and uncorrelated Radio Frequency paths, 

with the aim of taking advantage of multipath diversity. We assume that the base stations may be 

equipped with transceivers configured to operate using more than one radio channel at the same 

time, which will provide more reliability with the cost of increasing the complexity. 

 

Figure 6: General block diagram of the Patent Technique 
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The diagram above shows the main blocks of the system, ignoring the modulation parts or 

other logic components in the receiving part. Approximately, the intention is to use a code rate close 

to 0.5 in order to use approximately the same bandwidth, since we need the double of paths but 

with half time and data rate in each. The first and second packets are assumed to be transmitted 

fundamentally at the same time and with the utilization of the same energy, despite this latter fact 

depend on the base stations.  

 The concept behind this idea is that, if the first path, where the information bits have been 

transmitted, is experiencing good conditions in terms of noise or fading, there is no need of using 

the parity bits in the second path to correct the error as long as the CRC bits in the first packet does 

not detect any perturbation within the bit frame. In this way, if the channel is not harmful in a 

determined period of time, we will skip the process of using the decoder and we will be able to 

transmit incessantly. Therefore, we might save some extra delay time introduced by the processing 

time of some decoders.  

 

If, on the other hand, the information bits are in error, the parity bits sent in a different path 

may be received in better conditions and thus, they will be able to perform the forward error 

correction on the data of packet 1, which was previously encoded. 

A second concept is that, whilst it is possible to send both parity and information bits all 

together into two different paths, it will not be an efficient way of using the available bandwidth. If 

we split the packet into two, we will be able to take advantage of the two path system without a 

significant change in the overall required bandwidth.  

Last but not least, this method shall be extended to the use of 3 or more radio paths in order 

to get better reliable data transfer for applications such as the haptic ones, at the same time of 

decreasing the end to end time delay, which is crucial for these real-time applications. All the 

advantages and disadvantages of this new technique, along with several simulations, will be 

discussed throughout the development of this thesis.  
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3. LDPC CODES 

With the arrival of modern coding techniques, it is possible to get considerable improvement 

over other existing codes. Moreover, communication protocols continue to become more complex 

so there is a demand for more sophisticated coding capabilities. 

The Low-Density Parity-Check (LDPC) codes defined in this thesis are systematic. They have a 

relatively large minimum distance for the length of the block, and the rates for undetected errors lie 

some orders below detected bit and frame error rate for a given operating signal to noise ratio. 

3.1 IMPLEMENTATION 

LDPC codes are defined by a         parity check matrix   which consists of m linearly 

dependent rows. A coded sequence of n bits must satisfy all m-parity-check equations corresponding 

to the m rows of H. An encoder maps an input frame of        –     data or information bits into a 

code block of   bits.  

3.1.1 PARITY CHECK MATRICES: 

LDPC codes are specified by a Sparse Parity Check Matrix  , having an uniform column 

weight greater than 3 and a uniform row weight.  The main characteristic of a sparse matrix is that 

most of the elements are zero and its sparsity is the number of total zeros divided by the total 

number of elements. We will be working with binary matrices with     elements, 3 ones per 

column and 6 ones per row. 

 Sparsity deals with systems which are loosely coupled2. This concept is very useful in 

network theory, which has a low density of considerable connections. When manipulating or storing 

this matrixes on a computer, specialized algorithms are used, taking advantage of the sparse 

structure. Operations using standard dense-matrix are slow and inefficient, while sparse data is 

more easily compressed and thus requires less storage. 

The LDPC sparse matrix implementation for this thesis has been developed as follows: 

1. An     all zero H matrix is created. 

2. For each column, three 1’s are placed in rows chosen randomly, subject only to the fact that 

the 1’s will be placed in different rows. 

3. Then, rows without 1’s or just with one are sorted out. If a row has no 1’s in it, two 1’s are 

randomly placed at 2 columns of that row. If a row just has one 1 in a row, the software 

picks another column in the same row and places a 1 there. 

4. We make the number of 1’s between rows as uniform as possible. 

 

                                                           

2 A loosely coupled system is one in which there is not a direct connection among its elements and 
that each of its components has little or no knowledge of other separate components. 
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5. For any row containing a higher number of ones than 6, the software picks a column 

containing a 1 at random and tries to move that 1 to a different row within the same 

column.  

6. Last but not least, a good LDPC code has to generate a graph with no cycles in it, so the 

software runs through the graph to eliminate cycles of length 4. This may occur when a pair 

of rows shares a ‘1’ in two consecutive columns.  

 

3.1.2 ENCODING 

 Parity check bits will be generated using the sparse LU decomposition, using the sparse 

matrix properties of H. Given a code word u and the parity check matrix H, we have: 

      

Assume that the message bits s are located at the end of the code word and the redundancy bits c 

occupy the beginning: 

    |   

Also let  

    |   

We need to decompose A to become LU, where L is the lower triangular and U is the upper 

triangular. A must be non-singular and has to be reordered to give 1’s on the diagonal, as it is the 

identity matrix. Steps for reordering A can be found in [35]: 

 Set L and U to all zeros and F to H 

 Find non-zero elements of F and row and column i (diagonal) or in the latter column 

 Rearrange F and H from I onwards 

 Copy column I of F to row I of U and to row I of L 

 Add row I of F to later rows with value 1 in column i 

The minimal product strategy has been followed to choose the next non-zero element for 

the diagonal. It consists of choosing the non-zero element from column I that minimized the product 

of both the number of non-zeros in its rows minus 1 and the number of non-zeros in its columns 

minus 1. 

Finally: 

 Set B to the N-M column of the rearranged H 

 We save the newH that will be used for decoding 

Let       and solve          for c 

                   
 

We have eventually found the parity bits of our code word so the information is ready to 
be transmitted.  
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3.1.3 DECODING 

LDPC decoding is done using iterative belief propagation or sum-product algorithm (SPA). 

Among the different SPA decoders, the log-domain SPA has been chosen. 

There are 4 different steps for the decoding algorithm: 

1. Initialization and association of the received signal vector with non-zero elements of the new 

Sparse Parity Check Matrix H.  

2. Horizontal Step: We look for the non-zero values in the columns of H and then calculate the 

minimum of the previous association done in the step 1.  

3. Vertical Step: We look for non-zero values in the rows and update the values of the 

association by summation. 

4. Tentative Decoding: For every position in the code word, we decide a ‘1’ or a ‘0’ depending 

on the result of the previous summation. The algorithm iterates 100 times. 

For a deeper explanation of this algorithm, the reader can refer to [36] and [37]. 

3.1.4 BLOCK SIZE 

The first step we need to take into account is the transmitted block size, keeping in mind 

that we are working with a ½ code rate decoder. For haptics communications, there are different 

options among which we may choose, mainly depending on the degrees of freedom and the 

resolution of sampling. Typically, the latter is fixed to 16 bits per sample, but 32 bits per sample 

values may be considered for higher resolution. For this reason and due to the fact that there 

already exist haptic applications with up to 6 degrees of freedom, we are examining three different 

embodiments in two different kinds of channels, one with Additive White Gaussian Noise (AWGN), 

and the other one with AWGN plus the presence of slow Rayleigh fading. The latter one will be 

analyzed in Chapter 5.  

 

3.2 LDPC RESULTS FOR AN AWGN CHANNEL 

3.2.1 FIRST EMBODIMENT: HAPTIC DATA SAMPLED AT 16 BIT PER DOF (6 DOF) 

The first LDPC code to consider is the one with a code word length (n=256, k=128), being 

its code rate         . The number of data bits k for this code block size has been obtained by 

adding 32 bits coming from the Cyclic Redundancy Code (CRC): 

                                 

 Therefore, with a ½ coding rate, we need to add 128 redundancy bits, getting a total code 

word length n of 256 bits. Since the haptics signals are sampled at 1 KHz, we are transmitting 1 

packet every 1 millisecond and thus, we obtain a bit rate of        
    

      
 , or in other words, 

          .  
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Performance: 

The performance for this code has been determined by software simulations. The curves 

have been obtained using the log-domain SPA decoding algorithm with a maximum of 100 

iterations over a total of 10.000 frames for every value of      , where Eb is the total average 

power at the input of the detector and N0 is the power spectral density of the noise. The Code 

Word Error Rate (CWER) and the Bit Error Rate (BER) are compared with the values of the ‘The 

Consultative Committee for Space Data Systems (CCSDS)’ that can be found in [38]. There have not 

been found any errors for values of Eb/N0 over 3.5 dB for this number of frames and iterations. 

BPSK was chosen as the digital modulation scheme for this research. 

 

Figure 7: Total Error Rates for (256,128) LDPC Code 

A LDPC code is able to achieve values of BER around      for a 3.5 dB value in Eb/N0 or 

     for the Code Word Error Rate. Referring again to [38] and for the same block length, CCSDS 

researchers were able to run longer simulations obtaining the following values, which may be very 

interesting for haptic applications where fading does not occur: 

Eb/N0 (dB) CWER BER 

4               

4.5               

5               

5.5                

Table 6: Validation results for higher Eb/N0 within the (256, 128) LDPC code 

Eb/N0 (dB) 
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In order to be able to quantify the iteration variable, other simulations have been 

performed. Should we modify the decoder by decreasing the maximum number of iterations, the 

undetected error rate will increase. 

 

                  Figure 8: Comparing the number of iterations on LDPC (256,128) decoder 

From the figure above, we may conclude that by using a larger number of iterations (from 

20 to 100); we get a code gain of approximately 0.5 dB in the rightmost part of the x-axis, at a CWER 

of       . Increasing the number of iterations on the decoder to 200 seems not to be beneficial 

since same performance is achieved whilst we are greatly increasing the decoding time.3 

  

                                                           
3 It is important to clarify that the CWER term is homologous to the Packet Error Rate (PER), which is 
the most common among researchers. However, in many papers about LDPC, CWER is used and we 
will keep this naming thorough this Chapter. 

~0.5 dB 

0.5 dB 

Eb/N0 (dB) 
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3.2.2 SECOND EMBODIMENT: HAPTIC DATA SAMPLED AT 32 BIT PER DOF (6DOF) 

The second LDPC code to consider has a code word length (n=448, k=224), again with a   

coding rate. In the same way as it has been done before, the number of data bits is obtained by 

adding 32 bits from the CRC: 

                                 

 Then, adding 224 redundancy bits, we get a total code word length n of 448 bits and a total 

bit rate of           . 

Performance: 

In the same way, software simulations have been performed in order to obtain the CWER 

and the BER for 100 iterations on the decoder and a total of 10.000 frames. This code block size was 

not taking into consideration by [38], so the results will be validated in Section 3.3 where all the 

different word sizes shall be compared within the same plot. 

 

Figure 9: Total Error Rates for (448,224) LDPC Code 

  

Eb/N0 (dB) 
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Proceeding similarly as in previous cases, the results comparing different numbers of 

iterations on the decoder are shown in the following figure: 

 

 

                     Figure 10: Comparing the number of iterations on LDPC (448,224) decoder 

Analyzing the figure above, we remark that, when moving from 20 to 100 iterations, we 

obtain a code gain of 0.5dB for a        CWER and approximately a 0.3 code gain for a       BER 

value. 

When running simulations with 200 iterations, we get a very small code gain and a critical 

rise on the simulations time. Therefore, we conclude that is not well worth increasing the number of 

simulations on the decoder over 100 for this block size either. 

  

~0.5 dB 

~0.3 dB 

Eb/N0 (dB) 
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3.2.3 THIRD EMBODIMENT: HAPTIC DATA SAMPLED AT 32 BIT PER DOF (7DOF) 

Despite there are not still applications for haptics communications that comprises a 7th 

dimension of freedom, it is interesting to analyze this embodiment since the resulting block size has 

been widely studied for many other sorts of applications. We may use these extra 32 bits, for 

instance, for sending the channel state information back to the transmitter part. 

Therefore, the code word length (n=512, k=256), again with a   coding rate will be obtained 

by as follows: 

                                 

And then, adding 256 extra bits as redundancy, we get a total code word length n of 512 bits and a 

total bit rate of 0.512 Mbps. 

Performance: 

The results will be once again validated with [38] by personal software simulations, 

maintaining the number of frames transmitted in 10.000 and 100 iterations on the decoder for 

obtaining the CWER and the BER: 

 

Figure 11: Total Error Rates for (512,256) LDPC Code 

  

Eb/N0 (dB) 
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In this occasion and for the largest block code, we almost reach a          for a 3.5dB-Eb/N0. The 

validations results of Figure 11 will be sharpened for other Eb/N0 values with the following table: 

Eb/N0 (dB) CWER BER 

4               

4.5                

Table 2: Validation results for higher Eb/N0 within the (512, 256) LDPC code 

We move on now to compare the BER and CWER for different iteration numbers: 

 

Figure 12: Comparing the number of iterations on LDPC decoder 

As in previous cases, increasing the number of iterations from 20 to 100 gives us a code 

gain of 0.5 dB when comparing the range of Eb/N0 between 3.5 and 4 dB for both the CWER (    )  

and BER (       ). Likewise, it was not worth using the double of iterations since we are not getting 

any coding gain and we are considerably increasing the duration of the simulation. 

  

0.5 dB 

>0.5 dB 

Eb/N0 (dB) 
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3.3 COMPARISON OF THE THREE DIFFERENT BLOCK SIZES FOR THE BER AND CWER 

Both for the Bit Error Rate (BER) and the Code Word Error Rate (CWER), we are going to 

compare the differences among the LDPC codes behavior when modifying the block size for the 

different embodiments that have been taken into consideration in the sections above.  

 

Figure 13: Comparing BER for different sizes of LDPC codes and 100 iterations 

 

Figure 14: Comparing CWER for different sizes of LDPC codes and 100 iterations 

As we were expecting, the figures show how, by using a larger code word, we are able to 

get a better performance when Error Rate and Eb/N0 are compared. 

Eb/N0 (dB) 

Eb/N0 (dB) 



  46 
 

3.4 ANALYSIS OF THE PATENT-TECHNIQUE FOR LDPC 

For this study, we have separated the data plus CRC bits from the parity bits after the 

encoding process for the (n=512, k=256) LDPC code, as it was the one showing better performance. 

Then, parity and information bits are sent in two different paths (see Section 2.5). Every single 

symbol within a code word or frame is affected differently by the additive white Gaussian noise 

while it is being transmitted through the channel. After that, the frame eventually gets to the 

receiver. Once there, we check whether the information bits are in error using the CRC detection 

capability. We shall use the parity bits to decode the message if and only if there are errors in the 

data bits. The main goal is to avoid the use of the decoder and save time when having a channel with 

beneficial conditions, reducing thus the delay: 

 

   Figure 15: Comparing the behavior of the patent method 

The result in the picture above shows that there is not a big difference between the two 

methods. The noise is affecting all the symbols randomly and the fact of using two paths is not 

beneficial. Furthermore, the range of Eb/N0 from 1 to 3.5dB, where the software is able to find 

errors, makes the noise to be rather harmful, introducing errors within the information bits in all 

transmissions. The conclusion is that the CRC is always detecting errors and thus we will use the 

decoder to correct those errors utilizing the parity bits in path 2. Consequently, one of the aims of 

the new technique cannot be fulfilled in an AWGN channel. However, this was something expected 

since the use of diversity is remarkable for environments with presence of fading. 

  

Eb/N0 (dB) 
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4. SHORT LENGTH BCH CODES AND ITS COMPARISON WITH LDPC  

In Bose – Chaudhuri – Hocquenghem codes, multiple errors can be detected and corrected. 

BCH is a generalized form of Hamming that accepts codes for     and        with these three 

characteristics: 

Block length Parity Check bits Minimum distance 

                     

Table 7: Characteristics of BCH Codes 

These codes are one of the popular error correcting codes that has been used for multiple 

applications, from memory storage devices to long-haul optical communication systems. The aim of 

this section is to check its behavior for the characteristics of haptic communications, and compare 

the performance in terms of error rate against LDPC for short block sizes with a code rate of ½. 

4.1 IMPLEMENTATION 

4.1.1 BACKGROUND INFORMATION 

In some researches, such as [39], LDPC and BCH have been compared for high code rates and 

large block sizes, mainly in terms of power consumption. They demonstrated that the LDPC with 

block sizes between 1.000 and 10.000 bits that used the BF (bit flipping) decoding algorithm, [40] 

slightly outperforms BCH with similar code rates (0.75 to 0.85). They also exhibit lower power 

consumption, but they have more restrictions in code design. 

On the other hand, a study about efficient encoding and decoding of BCH codes [41] 

concludes that, focused on the hardware implementation, a BCH code with a strong error correction 

of 16 bits, very similar to the one used in this thesis, achieves approximately 87 Mbps encoding or 

decoding throughput in a low bit-error rate condition or 2.3 Mbps in extremely bit-error case. Then, 

the most bandwidth demanding applications such as H.264 can be satisfied and thus, BCH provide 

sufficient throughput for real-time error correction applications, without the need of retransmission, 

such as haptics communications. 

Last but not least, recent researches, such as [42], have focused on the comparison of short 

error correcting codes for soft decoding over AWGN channel, getting to the conclusion that without 

using CRC, for a code rate of ½ and a code length of 256 bits, BCH outperforms LDPC as well as Reed-

Muller. They also highlight the importance of BCH codes for short length frames. 

In Chapter 3, a simple binary LDPC code with a SPA decoder was used, which exhibited 

positive and validated results in terms of error rate. However, due to the short block sizes with 

which we are dealing and the researches from the sources above, it was of huge interest to analyze 

the performance of BCH for the same data length. 
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4.1.2 BCH ENCODER AND DECODER 

The process for the encoding of a systematic BCH code is a Galois Field division of the 

information part by a specific divisor with a certain property that makes the code words cyclic. The 

input signal accepted will be a column vector with an integer number multiple of K elements, and 

will be the word to encode. In order to simplify the decoding, and for this systematic code, the data 

symbols are first transmitted, followed by the parity symbols after an appropriate encoding. As 

indicated in Chapter 2, the encoding process is identical to that for the CRC codes but it usually has a 

larger division and thus a larger remainder. While the divisor length for CRC-32 is 32, the one for BCH 

is mt. 

Only specific message lengths are valid for a BCH code. In our case, we will consider the 

(n=255 k=131 t=18) and (n=511 k=259 t=31) BCH Codes, where n, k and t indicate the code word 

length, the data and the error correction capability, respectively.  

On the other hand, the BCH decoder recovers a binary message vector from a binary code 

word, which matches the parameters in the corresponding encoder.  

The decoding procedure of the specific BCH code used for this study, which was introduced 

in section 2.3.3.1, will be deeply studied. It consists of the following steps: 

 At the beginning, 2t syndromes are generated by the syndrome computation, originating 

the set of equations S (z). 

  The 2t terms of S (z) will be calculated with the evaluation of the powers of the received 

code words. This value, previously introduced, is the field’s primitive element   and is tested from 0 

to 2t-1. Therefore, if the code words are            ], the syndromes are: 

   ∑   
     

 

   

 

 If those 2t of S (z) terms are equal to 0, then the code has no errors and we do not need 

to perform any correction. The algorithm finishes. 

 If just one of the terms is nonzero, we need to calculate the error locator 

polynomial      , and for solving these equations, the Berlekamp Massey algorithm 

(BMA) has been used.  

 Then, it is necessary to calculate the error evaluator polynomial,      , with the 

following formula: 

                       

The BMA algorithm is a method for factoring polynomials over finite fields (Galois Fields). 

Berlekamp and Massey showed that this algorithm provided a general solution to the synthesizing of 

shortest linear feedback shift register that generates the syndrome sequence. In every step of the 

process, it adjusts the length of the register and the feedback multiplier taps in order to generate 

the syndrome sequence and it finishes once the entire sequence has been generated. The entire 

explanation of the algorithm can be found in [43] and [23]. Nevertheless, there are many visual 

diagrams that provide an immediate visualization of the iterative process to find      , such as the 

one in the following figure from [44]: 
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Figure 16: Berlekamp Algorithm 

From Figure 16, we shall obtain the error locator polynomial      . The variables used are: n, 

the iterator variable; k, the second iterator; L, length of the feedback register used to generate the 

2t terms of S (z); D (z), Correction polynomial and d, the discrepancy. 

 The error evaluator polynomial       will be then the convolution of       and S(z). 

Finally, we correct an error in the code word following the next equation: 

 

    
       

        

 

 

 

We are then getting the error magnitude     in the    position within the code word, 

where        is the derivate of the error locator polynomial obtained with the Berlekamp 

algorithm and m is a value less than the error correcting capability of the code (t-1). The 

error search process can be done with algorithms such as the Chien’s search *24+. 
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4.1.3 BLOCK SIZE 

Following the haptic specifications explained in LDPC Block Size, and given that the BCH 

encoder only accepts certain values of full-length [n, k] pairs, the following two BCH codes will be 

studied: 

n k t 

255 131 18 

511 259 30 

Table 8: BCH block sizes used 

Both codes have an approximate code rate of ½ and similar length to the LDPC code that will 

lead us to make a fair comparison. 

4.2 RESULTS FOR AN AWGN CHANNEL 

4.2.1 COMPARING DIFFERENT BLOCK SIZES FOR BCH 

These results for the two different block size are going to be compared with a soft BCH - 

OSD (Ordered Statistics Decoder) that is explained in [42]. We shall see the differences between 

using a soft and a hard decoder. We have to take into consideration that the implementation of soft 

decoders is more complex. 

 

Figure 17: Bit Error Rate BER and Packet Error Rate for different BCH Block Sizes 

Eb/N0 (dB) 
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 From now on and for BCH, the curve with the numbers of frames in error out of the total 

number of frames will be denoted as Packet Error Rate (PER) as it is the most common term. In the 

figure above, the results have been obtained for maximum of 1 million packet transmissions. 

 We can note that for higher values of Eb/N0, where Eb is the total average power at the 

input of the detector and N0 is the power spectral density of the noise, that the larger is the block 

size, the smaller is the Error Rate. Besides, we can also notice that if we had implemented a soft 

decoder for the BCH codes, we may have got an extra code gain of approximately 0.5 dB at a BER 

of     . However, the disadvantages should be taken into consideration to check if it is worth 

moving from a hard to a soft decoder in this particular case. 

4.2.2 COMPARING THE PATENT-NEW TECHNIQUE AND THE NORMAL-ONE-PATH CASE 

Since in this chapter we are just analyzing a channel perturbed by AWGN, as well as for 

simplicity, the following values have been obtained for a total of 10.000 frames in both cases. 

Getting the results for 1M is straightforward and it will vary in both curves in the same magnitude.  

For the new technique under study, it is worth stressing that separating parity and data 

bits in 2 RF paths, with the same amount of bits in each of them, shall be a fair comparison with the 

normal technique because the total average energy used is the same (read Chapter 2.5). 

 

Figure 18: Comparison of Patent Technique and Normal BCH (511 259) 

 As it occurred in the LDPC case, the results comparing these two different embodiments 

show that the error rates obtained are very similar in both cases. This is again because of the fact of 

using an environment just with AWGN. For haptics communications, this circumstance would only 

happen if both transmitter and receiver would be very close with a perfect line of sight. Analyzing 

these results would be more interesting when fading is introduced.   

Eb/N0 (dB) 
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4.2.3 COMPARING BCH AND LDPC OVER AN AWGN CHANNEL 

In order to implement this comparison, we have to set the number of transmitted frames for 

every value of Eb/N0 to 10.000, due to the reduced velocity of the LDPC decoder caused by the high 

number of iterations in order to make the algorithm converge. Despite not having this problem with 

the BMA algorithm, we set in 10.000 the number of frames sent for BCH to get a fair comparison. 

First embodiment:  LDPC (256,128) vs. BCH (255,131) 

Despite we are sending 3 more information bits for the BCH simulation, this is the fairest 

comparison of these two codes that may be made. It should be clarified that we may get better 

performance with non-binary decoders, but it has not been considered since the error rate might 

improve within the same order of magnitude for both codes: 

 

Figure 19: LDPC (256 128) and BCH (255 131) BER Comparison 

 Even though LDPC are a set of codes that exhibits a really good performance, the BCH 

algorithm that has been used in this thesis outperforms the results in terms of both Packet and Bit 

error rate, giving us a code gain of approximately 1.1 dB at a          . The main conclusion 

would be that the BMA algorithm for the decoding of BCH is really well adjusted for binary data 

transmitted over AWGN. Besides, it was explained in the introduction that BCH are a sort of codes 

that for short block length exhibit great error correcting capabilities, even better than LDPC. 

However, once we exceed the amount of 1.000 bits per frame, this behavior may change in favor of 

LDPC codes. On the other hand, there already exist some new implementations of soft decoders for 

LDPC that outperforms my results but they are still behind soft decoding implementations of BCH for 

short block sizes. 

1.1 dB 

Eb/N0 (dB) 
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Figure 20: LDPC (256 128) and BCH (255 131) PER Comparison 

 As stated above, there is also a code gain of 1.1 dB for a       PER. 

Second embodiment:  LDPC (512 256) vs. BCH (511 259) 

 

Figure 21: LDPC (512 256) and BCH (511 259) BER Comparison 

1.1 dB 

0.75 dB 

Eb/N0 (dB) 

Eb/N0 (dB) 
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Something similar occurs for this second comparison, where the BCH code is sending 3 

extra information bits that will not be necessary but are added to fulfill the encoder requirements. 

 By the time we increase the number of bits per frame, the difference between the 

performance in terms of error rate between LDPC and BCH is getting closer. Now, we are 

approximately getting a gain of 0.75 dB at a           or at a            for BCH codes, which is 

still remarkable. 

 

Figure 22: LDPC (512 256) and BCH (511 259) PER Comparison 

 As a general conclusion of this fair comparison between BCH and LDPC codes, BCH should 

be the choice as the error correcting technique for short block sizes and thus, our main option for 

enhancing the reliability of haptics communication. Besides, the implementation of the decoder, 

both for software and hardware [41], is faster in BCH, so we may get some improvements regarding 

to the delay. 

  

~ 0.75 dB 

Eb/N0 (dB) 
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5. ANALYSIS OF FADING CHANNELS  

The first mechanisms modeled for fading communications were applied to over-the-horizon 

communication, covering the high-frequency (HF, 3-30 MHz), the ultra-high-frequency (UHF, 300 

MHz-3GHz) and the super-high-frequency band (SGF, 3-30GHz). Although the fading effects in 

mobile radio channels are somewhat different than the ionosphere channels, the early models were 

really useful for characterizing the mobile radio channels. This chapter of the thesis emphasizes in a 

brief introduction to the effects of the Rayleigh fading and how should be taking into consideration 

for the development of the research. We will not analyze in depth the mathematical details or 

numbers, which can be found in [45] . 

5.1 CHALLENGE 

The classical additive white Gaussian noise (AWGN), with statically independent Gaussian 

noise samples corrupts data symbols in a communication system. Other sources of degradation are 

the thermal noise generated by the receiver or natural and man-made noise that affects the 

receiving antenna. Furthermore, in a wireless mobile communication system, a signal can travel 

from a transmitter to a receiver over multiple reflective paths, causing fluctuations in the received 

signal. This phenomenon is called multipath fading. 

5.2 CLASSIFICATION 

 There are two main types of fading that characterizes mobile communications: large-scale 

fading and small scale fading. 

Large-scale fading represents the path loss due to motion over large areas. This 

phenomenon is affected by terrain contours (obstacles, hills, buildings, etc.) between transmitter 

and receiver. The receiver is shadowed by these prominences. The statistics of this model provide us 

a model of computing an estimation of path loss as a function of distance. 

Small-scale fading refers to major changes in signal amplitude and phase experienced as a 

result of small changes (half-wavelength) in the spatial positioning between transmitter and 

receiver. For most mobile-radio applications, channel is time-variant because the motion of both 

ends results in propagation time changes. The rate of these changes accounts for the fading rapidity. 

For this sort of fading, we differentiate two main groups:  If there are multiple reflective paths and 

there is no line-of-sight signal component, the small-scale fading is called Rayleigh fading. When 

there is a dominant non-fading signal component, such as a line-of-sight path, the small-scale fading 

is conversely called Rician. 

There are three basic mechanisms that impact the signal propagation in a mobile 

communication system: Reflection, Diffraction and Scattering [46]. 

 

 For signal dispersion, the fading degradation types are categorized as being frequency-

selective or frequency-non selective (flat). On the other hand, for the time-variant manifestation, 

we sort the fading types into two: fast or slow fading. 
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5.3 FADING CHANNEL MODELS 

In this section, the different categories of fading depending on the frequency and the time 

variation are summarized. The frequency classification is made regarding to time delay spread while 

the rapidity classification is based on Doppler Spread. 

5.3.1 FREQUENCY NON SELECTIVE: FLAT FADING CHANNELS 

If the BW of the transmitted signal (    is small compared to coherence bandwidth (   , 

then all frequency components of the signal would experience the same amount of fading and thus, 

the channels is classified as flat fading. We can define the coherence bandwidth      as the inverse 

of the delay spread, which is the difference between the time of arrival of the earliest significant 

multipath component and the time of arrival of the latest. 

 

The received signal for a flat fading channel at time k may be expressed mathematically: 

     √               

where x (k) is the     transmitted symbol, h (k) is the fading channel coefficient that corresponds to 

each symbol and n (k) is the additive white Gaussian noise value.  

We assume that the average signal power  [ |    |  ]    is normalized to unity, and the 

noise has zero mean and ½ variance. Therefore, p can be interpreted as the average S/N ratio at the 

receiver. How to distribute the random channel gain depends on the model. For a Rayleigh fading 

considered in this thesis, |     |  is Rayleigh distributed and             is uniform on       . 

The dependence on the time index k is determined by the rapidity of the channel. If we consider a 

fully interleaved fading channel, all the coefficients are independent of each other. On the other 

hand, if we have a quasi-static fading channel, as it is the case, they are identical for an entire packet 

5.3.2 FREQUENCY SELECTIVE FADING CHANNELS 

 On the other hand, if the BW of the transmitted signal (    is large compared to the 

coherence bandwidth (   , then different frequency components of the signal would experience 

different amount of fading and thus the channel is classified as frequency selective fading. 

A popular model for a frequency selective fading channel is the symbol spaced tapped delay 

line model [47], stating that the received signal at time k is given by: 

     √ ∑                     

   

   

 

where L is the number of inter-symbol interference (ISI) terms and      is the complex channel 

coefficient for the ISI tap at time k. In the same way as before, p is the average S/N ratio because the 

channel coefficients are normalized to one  ∑     |       |        
   . The signal power and noise 

distribution are thus the same as the flat fading case. The coefficients corresponding to other 

channel paths are assumed to be independent and the correlations with time depends once again on 

the rapidity of the fading.  
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5.3.3 SLOW VERSUS FAST FADING CHANNELS 

In most wireless applications, the bandwidth of the transmitted signal (    is several orders 

of magnitude larger than the Doppler spread (    of the channel. That means that the symbol 

period (  ) is much smaller than the coherence time (  ) of the channel, so it remains the same over 

a whole symbol period. Therefore, for flat fading channels we can say that the multiplicative factor is 

approximately constant an entire symbol duration. That is, channel gain is simply a Gaussian random 

variable. Then the channel is classified as slow fading.  

For a slow or quasi-static fading channel, the channel remains the same for an entire frame 

of data, only changing between different frames. In this case, it is not necessary to average over the 

fading statistics by increasing the frame length.  

Fast fading is originated due to the effects of constructive and destructive patterns which are 

caused due to multipath. It presents a high Doppler spread so the symbol period (  ) is larger than 

the coherence time (  ). Therefore, channel impulse response changes rapidly within the symbol 

duration. It usually occurs for very low data rates. 

In order to know the interval where the wireless channel remains constant, we can calculate 

the coherent time and compare it with the symbol rate. Let’s think about an example in which 

motion is considered: 

If a car is moving with a constant speed of 108 km/h (30m/s) and the carrier frequency    is 1 

GHz, we can calculate the Doppler shift as follows: 

   
 

 
     = 100 Hz 

Then, the coherence time of the channel, where it remains constant is 

   
 

  

 
 

   
        

For one of the application block size (512,256), we had a symbol rate of 512 kilo symbols per second, 

and then the channel will not change for about 5120 symbols. 

 

Figure 23: Slow vs. Fast Fading [48] 
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5.4 FADING IN HAPTIC COMMUNICATIONS. SIMULATION RESULTS. 

In this thesis we focus on the effects of slow small-scale fading, that is illustrated in the 

following picture, where        is sometimes referred to as multipath or Rayleigh fading. 

 

Figure 24: Small-scale fading referred to an average constant power [45] 

For most of the haptics application we are dealing which, both the receiver and transmitter 

are not experiencing a remarkable motion, since they will be placed in a fixed position (i.e., we 

consider the case of a master-slave robot). Besides, we do not have a line-of-sight signal and we 

consider a really small time delay spread. Therefore, we will focus on the performance of a Slow and 

Flat Rayleigh Fading Channel. 

5.4.1 FADING ENVIRONMENT: SLOW RAYLEIGH FADING THROUGHOUT BURSTS 

As stated above, we will focus on Rayleigh fading, considering that in most of the cases we 

do not have a line-of-sight signal component. Thinking of applications which are not experiencing an 

important motion, the most coherent thought is that the effect of Rayleigh throughout bursts 

remains fixed, since we send one packet every 1ms and the distance covered is negligible. This 

means that every symbol, which is within the same packet, will experience the same level of 

corruption due to fading. Therefore, a slow fading will be considered inside every frame. 

On the other hand and for this environment, we are going to consider that between bursts, a 

statistically independent fading occurs. Besides, we assume the average gain of channel to be 

normalized to the unity for the following reason: We know that the long term ratio between the 

total number of errors within a stream and the total correct ones in a realization should approach 

the BER value. Therefore, since the BER values depend on the Eb/N0 ratio, Eb will represent a long 

term average value. This is an important fact when sending the information in fading channels since 

the instantaneous value of energy per bit fluctuates in the received signal. As a result, only the 

average value of this value can be linked to the modulation scheme and, being the unity, will be 

equal to the S/N ratio. 

In this case, the Rayleigh fading model has been obtained from zero-mean Gaussian 

processes (x (t) and y (t)). We simply add the random variables and multiply by the variance. The 

value of the variance will be adjusted to get a mean value of 1. Finally, we take the square root, 

obtaining the envelope that gives a Rayleigh distributed process. Phase follows uniform distribution. 
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To combat loss in SNR for flat and slow fading, the main mitigations methods are the use of 

some type of diversity to get additional uncorrelated estimates of the signal and using error 

correcting coding techniques. Continuing with the study of the LDPC and BCH codes as error 

correcting methods, we show the behavior of both decoding techniques in this chapter. 

5.4.2 BCH CODES FOR ERROR CORRECTION OVER A RAYLEIGH CHANNEL 

In the following figure, a representation of the behavior of BCH codes over a channel with 

AGWN and the kind of slow fading explained in the previous section is shown. The simulation has 

been made with a total number of 1 million transmissions, in order to getter better statistical values. 

 

Figure 25: BER vs. Packet Error Rate (PER) of the (511,259) BCH Code over Rayleigh Fading 

The figure above was obtained for a large range of Eb/N0 values, where Eb means the total 

average power at the input of the detector and N0 is the power spectral density of the noise. We can 

observe how, as we move forward in the x-axis to higher values of Eb/N0, the effect of the Rayleigh 

fading is constant since the average is the unity and the variation is caused by the decrease of the 

effect of the additive white Gaussian noise on the channel. In this example, we are facing the worst 

case possible, where there is no Rice component or, in other words, we do not have a single line of 

sight between transmitter and receiver. Therefore, we need to look upon the right-hand side to find 

acceptable error rates. The only way of improving these results would be adding some kind of 

diversity. 

Eb/N0 (dB) 
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The representation of the (255,131) BCH code has been omitted since it showed very 

similar curves and, unlike the AWGN case, the difference between block sizes is not that significant. 

5.4.3 BCH VS. LDPC CODES FOR ERROR CORRECTION OVER A RAYLEIGH CHANNEL 

There are no existing correcting codes that are able to face this level of degradation due to 

Rayleigh fading. Even though both of them are good codes in terms of error correction, the channel 

is introducing a huge amount of errors that are really difficult to detect and correct, does not matter 

which code we use. However, in most of the Eb/N0 range, it seems like BCH overcomes LDPC codes. 

In order to deal with fading, and as stated before, it is necessary to use not only an error correcting 

technique but also some sort of diversity, which will be introduced in the next Chapter. 

In the following simulation results, the BCH (511,259) and the LDPC (512 256) are 

compared. As we demonstrated in the AWGN, if we increase the number of symbols per frame, the 

difference between BCH and LDPC is getting smaller. Therefore, we are doing the comparison for the 

larger block size. In order to be as fair as possible, the simulations have been run again for BCH and 

LDPC with a total number of transmitted frames equal to 10.000: 

 

Figure 26: BCH (511 259) vs. LDPC (512 256) Rayleigh Fading Comparison 

 The fact of transmitting only 10.000 frames for BCH, make the graph to exhibit an 

important change for higher values of Eb/N0. However, we are able to detect, mainly in the BER 

curve, how the BCH codes exhibit, in the ranges between 1-21 dBs and from 30 dBs onwards, an 

approximate code gain of 2 to 3 dB at a      BER. Therefore, we can again conclude that for short 

block sizes and a fading environment, BCH codes yet outperforms LDPC. 

~ 2 dB 
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5.4.4 ANALYSIS OF THE PATENT TECHNIQUE OVER A RAYLEIGH CHANNEL WITH BCH CODES 

 As the best behavior and performance of BCH against LDPC for our specific haptic 

communication application was demonstrated, from now on we will focus on the study of the patent 

over fading channels using BCH codes for error correction purposes. 

 In a previous chapter, the performance of the new technique had been applied to an 

AWGN channel. The results were not very remarkable, since the transmission of the data in one RF 

path, and the parity in a second RF path were not appropriate for that kind of channel. In this 

section, the comparisons are made for the (255,131) BCH code, with a total of 1 million of frames 

transmitted before acquiring the results: 

Performance: 

 On the one hand, the Normal transmission of the whole 255-bits packet is made. First, the 

131 information bits are encoded to shape the 255-bits code word and then sent over 1 RF path over 

a Slow Rayleigh Fading Channel with presence of AWGN. Afterwards, it will be received, decoded, 

and its Error rate will be obtained. 

 On the other hand, for the Patent or New Technique, once the 255 code word is obtained 

after the encoding process, the information and parity bits are separated in 2 uncorrelated RF paths, 

and thus they will experience different fading conditions. This is the result: 

 

Figure 27: Comparison of the New Technique versus the Normal Case (Fading and BCH) 

As the reader can tell from the legend, the blue curves represent the traditional 

transmission, which is analogous with the results of the Section 5.4.2. It seems like the red and 

magenta curves, corresponding with the patent, exhibit certain gain, between 1 and 2 dB, in most 

parts of the Eb/N0 range values, which we can describe as diversity gain. 

Eb/N0 (dB) 
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Figure 28: Block Diagram for the comparison of the core techniques with BCH (255,131) 

The fact of sending data and parity in two different paths introduces some drawbacks such us 

increasing the complexity or adding extra hardware in order to receive both packets. However, we 

are obtaining certain diversity gain compared to the Normal 1-RF-path case.  Furthermore, one of 

the main goals of the patent is decreasing the delay by means of avoiding the use of the decoder, 

and thus the parity bits, if the information bits are not in error. The decoding time may be too little, 

but after millions of frames might be something to take into consideration. The next table gathers 

information about this fact: 

Eb/N0(dB) 1 6 11 16 21 26 

No use of 
decoder-

Parity bits 
ignored (%) 

1.92% 26.21% 43.34% 91.68% 97.3% 99.12% 

Table 9: Percentage of the times in which parity bits have been ignored using 2RF paths 

 These percentages from the table above, representing the number of times in which we 

only use the information bits path, are obtained either because the data bits are correct or because 

the number of errors exceed the maximum that the CRC-32 can detect. This Cyclic Redundancy 

Check can detect up to 32 errors and fails to detect if the number is higher. However, the BCH 

decoder has a correcting capability of t=17 for the (255, 131) BCH case or t=30 for (511, 256) and this 

means that, if the number of errors overcomes 32, the decoder will not be able to correct. 

Therefore, we anticipate this fact and ignore the parity bits. Unfortunately, we cannot put into 

numbers the exact amount of time that this environment would save, since it depends on both 

software and hardware, but that time will be avoided in its corresponding percentage. 
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6. IMPLEMENTATION OF DIVERSITY COMBINING TECHNIQUES 

This Chapter will focus on the analysis of the patented technique while increasing the 

number of paths in which the information and parity bits are sent. At the same time, fair 

comparisons will be done with the traditional case under study. 

6.1 DIVERSITY COMBINING TECHNIQUES 

 In order to overcome the harmful effects of Rayleigh fading, it is of huge importance to 

consider some diversity combining techniques where different signals are propagating in different 

paths. With the diversity, multiple copies of the frame are transmitted in different paths, 

experimenting independent effects of fading, as it occurred with the new technique, but this time 

with the possibility of using more paths and combining the results to get a better performance. 

 There exist different types of diversity [49]: 

 Space Diversity minimizes the effects of Rayleigh fading with the use of two or more 

physically separated antennas 

 Frequency diversity transmits the same information simultaneously on two or more 

independent fading carrier frequencies. 

 Polarization diversity relies on the fact that multiple copies have different fields of 

polarization. 

 Time diversity is obtained by transmitting the same information bits at time spacing that 

are separated between them at least the channel’s coherence time in order to receive 

the signals with different fading conditions. 

 Multipath diversity occurs when RF signals take different paths from the source to a 

destination, experiencing then different fading effects. 

 Field diversity consist on uncorrelating  the electric and magnetic field. 

 Angle diversity requires some directional antennas and depends on the angle of arrival. 

All of these forms present advantages and drawbacks. Since our channel is frequency-flat, 

using frequency diversity is not a good option. As our channel exhibits slow fading, time diversity is 

not an interesting option either. As mentioned before, the focus is using multipath diversity 

techniques with a combining technique. 

Along with the different ways of implementing a combiner, we find Selection Combing (SC) 

[50], Equal Gain Combining (EGC) [51] or Maximum Ratio Combining (MRC). The latter, is the 

optimum combiner, whose SNR is the sum of the SNR’s of each individual diversity branch and thus, 

we will use MRC for our simulations. 
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6.1.1 MAXIMUM RATIO COMBINING 

 MRC is the optimum combiner, but at the same time the most complex, since it requires 

that every signal is weighted and co-phased according to their SNR ratio. Therefore, it produces an 

output SNR resulting from the sum of the individual SNR’s of every branch. The advantage is 

producing an acceptable SNR even when all the signals are experimenting harmful conditions in the 

different channels.   

 An accurate representation on how the maximization of the output SNR is achieved is 

shown in the next figure from [52]: 

 

Figure 29: Maximal Ratio Combining (MRC) scheme.  

The individual signals can be represented as: 

          

where A is the amplitude or complex envelope,     the complex channel gain, and n the AWGN. The 

output of the combiner, where    are the combining weights, is therefore: 

      ∑      

 

   

 

The SNR improvement is shown in [49], where with 10 antennas, up to 10 dB gain can be 

obtained. However, we will limit the number of receiver antennas to 4 and 8, since we focus on the 

comparison of the two techniques. 
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6.2 INCREASING THE NUMBER OF RF PATHS FOR THE TRADITIONAL TECHNIQUE 

 In order to analyze other sceneries, this section focuses on a comparison between the core 

model and an increase in the number of paths in the Traditional Technique. Therefore, some 

diversity is introduced to the Normal transmission: 

 The case is sending the same whole frame, with n=255 bits into 2 RF paths, in the same 

way we did with the Patent. Thereafter, in order to be fair, the energy of both packets will be divided 

by two (-3 dB). Once we receive both packets, we combine them with the Maximum Ratio 

Combining (MRC) technique [49]. It is important to highlight that every RF path has completely 

independent Slow Rayleigh fading. This is the scheme: 

 

Figure 30: Block Diagram Comparison of core techniques and more Paths for Traditional 

 

The next figures will represent the simulation results for these 3 cases together, both for 

the Bit and the Packet error Rate for a total of 1 million frames transmitted, where the total number 

of bits n is 255 bits, the data bits k are 131 and the parity (n-k) 124 bits. Again, Eb means the total 

average power at the input of the detector and N0 is the power spectral density of the noise: 
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Figure 31: PER Comparison of a Normal Transmission with a 2-Paths one and the Patent  

 

Figure 32: BER Comparison of a Normal Transmission with a 2-Paths one and the Patent  
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 From the legend, the black curve represents the new case under study, both for the BER 

and the PER. The blue and red lines correspond to the core techniques that were shown in figure 26. 

 Thanks to using a second path for the Normal packet, as well as implementing the 

maximum ratio combining technique, where every signal is weighted according to its SNR, and 

knowing that MRC is not used for the patent (remember that we just put together information and 

parity bits), we observe that there is a massive diversity gain, both for Packet and Bit Error Rate, 

extending up to 10 dB at a PER of approximately     .  

 As a conclusion, the use of 2 RF paths for introducing diversity, with the costs involved, 

exhibits much better performance when we send the data and parity all together and we then 

combine them. Nevertheless, we have to take into consideration that we are sending the double of 

information and thus the bit rate, what possibly makes the huge difference of diversity gain. 

 In order to analyze cases in which the patent can take advantage of the MRC technique, 

there are still some environments that should be taken into consideration to obtain final 

conclusions. 

6.3 INCREASING THE NUMBER OF PATHS FOR THE PATENT TECHNIQUE 

In the previous section, we showed how, by transmitting the whole frame with half energy in 

two uncorrelated paths and then combining, we got better results than with the New Patented 

Technique. The matter to be discussed now is increasing the number of RF paths for the patent, in 

order to consider the MRC strategy for it, and provide graphic results with the comparison trying to 

keep the values of the bandwidth-energy-time the same for all the cases under study. 

 

Figure 33: Block Diagram Comparison Core techniques and more Paths for the Patent 
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Since just using one path for data and another one for parity is not enough to get 

acceptable results, it was important to check the results for 2 RF paths for every ‘half-frame’ and 

combine at the receiver. This will force us to the use of 4 antennas in the transmitter and receiver 

part, but just combining in pairs. 

 
Figure 34: Packet Error Rate of the Comparison of a Normal Transmission, the Patent and a 4-Paths Patent Transmission 

 

Figure 35: Bit Error Rate of the Comparison of a Normal Transmission, the Patent and a 4-Paths Patent Transmission 
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In the figures above, the black lines represent the new case for the Patent, both for BER 

and PER. Despite using 4 RF paths, the energy has been halved in order to make a fair comparison 

with the average energy used for the other environments. 

 The diversity gain, in this case is even higher than 10 dB from the original or core results. 

For instance, we observe a 15 dB diversity gain at a PER of     . It will be interesting then, to check 

which of the previous comparisons exhibit a larger diversity gain. Therefore, the next figure will 

show the Packet Error Rate Comparison between the core results, and the two-halved energy cases 

for the patent and the traditional technique: 

 

Figure 36: Comparison of all previous results. Patent vs. Traditional Technique 

The Patent (black dashed curve) is exhibiting between 1.5 and 2.5 dB diversity gain 

approximately with respect to the Normal Technique (pink curve) at a PER of     . As stated before, 

the only disadvantage is the fact of using the double number of antennas. The results were obtained 

for a total of 1 Million frames transmitted. The channel state, such as gain and phase is assumed to 

be known at the receiver part in the simulations as we are using the MRC technique. 

We mainly focus in the PER since for this kind of application, it is really important to have 

entire packets without any errors, because some error in bits within the packet would make a haptic 

application useless, since errors in a couple of bits may mean, for instance, a bad movement of a 

surgeon. We could calculate that, at most, we might accept 1 packet in error every minute. Given 

Eb/N0 (dB) 
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that 1000 packets are sent per second, our PER should be around         . This value is achieved 

for and Eb/N0 equal to 25 dB, so we should consider to increase the number of antennas. 

Furthermore, for all the results, the energy has been scaled to be transmitted in the same 

amount for all the cases. If in our base station, we have the chance of transmitting at full power for 

all the channels, we would increase the performance in 3 dBs, which means that, for instance,  for 

the 4-paths patent at an Eb/N0 of 16 dB, we would have a PER of        instead of     . 

 Apart from the  2 dB diversity gain that we are obtaining using the patented technique, we 

are showing again in the following table the percentage of the time in which the parity bits may be 

ignored and we shall save the decoding time spent on the decoder. 

Eb/N0(dB) 1 6 11 16 21 26 >26 

No use of 
decoder-

Parity bits 
ignored (%) 

2.276% 59.11% 90.62% 98.6% 99.959% 99.996% 

100% 
(no 

errors 
found) 

Table 10: Percentage of the times in which parity bits have been ignored using 4RF paths 

 As a conclusion, separating the information and parity bits in different paths can give us a 

certain gain against normal techniques, as well as making us slightly reduce the delay since we do 

not need to go to the decoder in an important percentage of the cases for most of the Eb/N0 shown 

in the previous table. This patent considered in advanced, that the price to pay is an increase of the 

complexity by means of doubling the number of base stations.  

 A deeper analysis should be made in order to determine if these advantages that are 

shown, really pay off the increase of the investment in hardware that will be necessary. However, 

the numbers obtained in the last table show that, when new and more complex decoders came, this 

method will avoid in a massive number of times the use of parity bits and then will allow real time 

applications to transmit information with zero or very low delay. 
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6.4 INCREASING THE NUMBER OF PATHS FOR BOTH TECHNIQUE UP TO 4 (TRADITIONAL) AND 8 

(PATENT) SCALING THE ENERGY 

 In order to get closer to values used in real life applications, this sections aims to double 

the number of paths of the previously studied cases. The number of paths for the Traditional 

technique has been increased to 4, and for the patent technique was increased to 8. Hence, in order 

to keep the same amount of energy with regard to previous comparisons, we scale the energy of the 

two new models to one quarter (-6dB). The block graph is shown in the following figure: 

 

Figure 37: Block Diagram Comparison Core techniques with increasing the number of paths twice 

 The block diagram shows how, for the patent technique, 4 out of the 8 paths are directly 

obtained from the source, while the other 4 are obtained from the encoder, since they are carrying 

the parity bits. Then, they are sent with a power that has been reduced in 6 dB, through a channel 

with independent fading. The 4-packet group of data will be combined with the MRC technique and 

then added to the group of redundancy bits, previously combined in the same way. 

This time, we need 8 transmitters and 8 receivers for the patent case, exactly the double of 

the traditional technique. However, we are using the same amount of bandwidth since we send half 

of information in each branch for the half of the time. The results, as we increase the number of 

antennas, keep showing that the patent is providing better performance: 
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Figure 38: Comparing BER results. Patent vs. Traditional Technique with 8 and 4 paths 

 

Figure 39: Comparing PER results. Patent vs. Traditional Technique with 8 and 4 paths 

6  dB 
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 Focusing mainly on Figure 39, we can observe now that with the patented technique (red 

curve), we get the approximately-calculated desired PER of          for a 13 dB Eb/N0 value, 

something that is more feasible in reality. As stated above, this value is obtained with a scaled value 

of energy. However, if our base stations would be able to transmit at full power in every branch, an 

increase of 6 dB would mean to obtain the desired PER at an Eb/N0 of 7 dB. 

 Regarding the comparison made with the traditional technique, a 2.5 dB diversity gain is 

obtained for a      PER when using the 8-path patent technique. 

 Furthermore, the improvements in delay are worth being highlighted for these last results 

of the patent technique. They are shown in the next table: 

Eb/N0(dB) 1 3 5 7 9 11 13 15 17 

No use of 
decoder-

Parity bits 
ignored 

(%) 

2.71% 14.86% 40.83% 69.63% 88.45% 96.57% 99.17% 99.82% 99.96% 

Table 11: Percentage of the times in which parity bits have been ignored using 8RF paths 

 For an Eb/N0 of 13 dB, we ignore the number of parity bits in the 99.17% of the times, 

which, compared with Table 10, where the 4-path example was analyzed, we get an increase of 

approximately 6%. 

 As a conclusion, we should try to take advantage of the multitude of base stations that are 

already installed in every building and send the information separated (data and parity) through 

different transmitters into uncorrelated paths, since the more we increase the number of paths, the 

larger is the diversity gain that we are obtaining with traditional techniques.  
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7. CONCLUSIONS AND FUTURE LINES 

7.1 CONCLUSIONS 

 The aim of this section is to highlight the main conclusions that have been reached 

throughout this thesis. They will be summarized in the following bullet points: 

 Haptic communications is an emerging technology that intends to solve the main 

challenges of 5G applications regarding to Tactile Internet and the transmission of touch, 

feelings or motion. As this technology deals with real time applications, it has strong 

requirements in terms of delay and reliability. The goal is to achieve a maximum round 

trip latency of 1 millisecond and getting an ultra-reliable connectivity with a probability 

of      for the BER or          for the PER. On the other hand, this technology takes 

advantage of 6 Degrees of Freedom that, along with a resolution sampling of 16 bits per 

sample, will require the creation of packets with at least 128 information bits. Since we 

are using a code rate of 0.5, the default block size of the code words for the study of this 

technology will be 256 bits. Hence, with a packet generation of 1000 packets per second, 

the main bit rate shall be approximately 0.256 Mbps.  

 

 LDPC are linear error correcting codes with really high reliability, which are widely used 

nowadays in many applications. Even though there already exist more optimal and thus 

more complex decoders, it was demonstrated that with the SPA decoding technique, we 

are able to obtain the Error Rate requirements for an Eb/N0 between 4 and 4.5 dB with 

256-bits packets sent over an AWGN channel. Furthermore, the simulations showed that 

to make the algorithm converges and then exhibits acceptable results, the most 

appropriate number of iterations on the decoder should be set to 100. On the other 

side, as we increase the number of bits within a packet, LDPC provides better 

performance. However, haptics communications requires the use of short length block 

sizes and this fact will make other error correcting techniques to outperform LDPC. 

 

 BCH codes have been demonstrated to be incredibly effective for correcting binary short 

length codes of approximately the size required by haptics communications. Using a 

hard decoding technique, as well as the BMA algorithm for finding the solutions to the 

equations, they exhibit a code gain of 1.1 dB at a      BER compared to LDPC codes for 

a (n=255 k=131) block size code and a channel with the presence of AWGN. If we 

increase n to 512 bits, the code gain decreases to 0.75 dB between BCH and LDPC. Once 

we overcome a block size of 1000 bits, some researches showed that LDPC starts to 

outperform BCH. 

 

 The main goal of this thesis was simulating the behavior of the new patented technique 

explained in Section 2.5 over a Fading environment. Hence, different kinds of fading 

were presented and analyzed in order to choose the most appropriate for our 

application. 
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For most haptics applications, transmitter and receiver are placed in a fixed position, 

what means low or zero motion. Moreover, thinking of the worst and most usual case, in 

which there is a remarkable distance between antennas, there will not be a line of sight. 

In addition, all packets from different transmitters are sent simultaneously and 

therefore, we consider that there will be a really small time delay spread in the receiver. 

To sum up, we will need to simulate a Flat Slow Rayleigh Fading channel, where its 

effect will remain constant within a packet or burst and, on the other hand, we will 

consider statistically independent fading between bursts. Finally, the average gain of the 

channel was normalized to unity at the end of the entire transmission. 

 Over a Rayleigh fading channel, BCH still slightly outperforms LDPC codes for short 

length block sizes in approximately 2 dB for a      BER. Hence, using BCH codes was 

considered more appropriate to work with this haptic application. 

 

The Patent, which goal was to separate parity and information bits into two different paths 

to increase the reliability and decrease the delay, has been simulated and compared with traditional 

techniques (1 path, information and parity bits within the same packet). Besides, the BCH correcting 

method explained has been applied and these are the results and conclusions: 

 The fact of just using multipath diversity and a code rate of 0.5 will make us take 

advantage of splitting the packet into two frames and send them through two different 

paths without changing the overall bandwidth. It is important to point out that the 

comparisons have been made scaling the energy to the unity when the number of 

antennas was increased and that the same amount of bits in both techniques was sent 

so that the bit rate was the same. 

 

 When using 2 RF paths, one for parity and one for information, the Patent technique 

exhibited a certain but not very remarkable diversity gain of approximately 1.5 dB. 

Moreover, the reliability for both models was very low. Therefore, some combining 

techniques, such as MRC, were used in order to increase the number of paths for both 

the patent and the traditional methods. 

 

 The most important and realistic results were obtained when we increased the number 

of paths to 8 in the patent case and thus 4 for the traditional. Four copies of the message 

were sent through the channel and were received, combined and corrected in both 

cases. The energy was divided by four (-6dB) in order to check the improvement over 

previous analysis. The results showed that the diversity gain between the two 

techniques had increased up to 2.5 dB at the targeted PER (    ) in favor of the patent. 

This desired PER was obtained, for the patented technique, at an Eb/N0 of 13 dB or at 

7dB if all the transmitter would have transmitted at full power. In terms of delay, it will 

be possible to avoid the use of the parity bits, and then save the processing time 

introduced by the decoder in a 99.17% of the time for an Eb/N0 of 13 dB. 
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 As a final conclusion, the new technique (patent) with 8 antennas gives us 

approximately 2.5 dB gain compared with the traditional one, using approximately the 

same overall bandwidth and with the only drawback of increasing the complexity by 

adding double hardware in terms of antennas. However, the main goal is to exploit as far 

as possible the antennas that are already built on an installation if this fact means more 

gain whilst sending the same amount of data to the wireless channel. 

 

7.2 FUTURE LINES OF RESEARCH 

 
 It would be really interesting to implement an error correcting method based on Turbo 

Codes that would be capable of simulating and comparing the patent with the 

techniques proposed in this thesis. 

 

 It would be worth analyzing the most appropriate number of antennas that makes the 

gain difference the largest between both techniques, at the same time of further 

improving the reliability. 

 

 In terms of delay, putting into numbers the saved time when the decoder is skipped 

would be of interest. Generally, this time may be negligible, but could be important as 

the new generations are requiring more and more rigorous enhancements. 
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