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ABSTRACT 

 

The Project I undertook was the SIMULATION of IPBX networks in the 

Higher Technical Teacher College (H.T.T.T.C.) Kumba. For this, after overview 

on telephony, we evaluate the cost; hardware and software require 

implementing it. Finally we use server TRIBOX and soft phone 3CX which are 

open source 

The telephony over IP (ToIP) is becoming a new trend in technology widely 

used nowadays in almost all business sectors. Its concepts rely on transiting the 

telephone communications through the IP network. 

Following the explosion of bandwidth on IP networks and the advent of 

broadband among professionals as well as individuals, new communication 

technologies have emerged in recent years. One of the most popular and most 

promising at the moment, is the "Voice over IP." 

 

The development of VoIP (Voice over IP) is part of a simple observation: 

of how to ensure the potential use of the IP network to make cheaper calls (even 

free calls)?The purpose of this network convergence appears to be the SIP 

protocol of big network operators. It is flexible, evolving and has a great future. 

This software allows us to set up a central telephone network on IP telephony: a 

IPBX. 

 

 

Keywords: SIP, ToIP, VoIP, IPBX, server TRIBOX 
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RESUME 

 

Le projet qui m’a été confié était l’implémentation d’un IPBX à l’école 

normale d’enseignement technique (ENSET) de Kumba Pour cela, nous avons 

après une brève historique sur la téléphonie, évaluer tous les contours tant 

logiciels que financière liés à cette implémentation. Pour finir nous avons 

simulé une implémentation grâce aux logiciels libres prévus à cet effet, il s’agit 

notamment du serveur TRIBOX et le soft phone X Lite. 

La téléphonie sur IP (ToIP ou VoIP) est une technologie qui s'impose 

progressivement dans tous les secteurs, elle consiste à faire transiter les 

communications téléphoniques par le réseau IP. Suite à l'explosion de la bande 

passante sur les réseaux IP et à l'avènement du haut débit chez les 

professionnels comme chez les particuliers, de nouvelles techniques de 

communication sont apparues ces dernières années. L'une des plus en vogue et 

des plus prometteuses actuellement, est la « Voix sur IP ». Le développement de 

la VoIP (Voice over IP) est parti d'un simple constat : comment faire en sorte 

d'utiliser les potentialités du réseau IP afin de téléphoner moins cher (voire 

gratuitement) ? C’est dans le but de convergence sur les réseaux qu'est apparu 

le protocole SIP issu des grands opérateurs réseaux. Il est souple, évolutif et il 

est soumis un grand avenir. Ce logiciel permet de mettre en place l'élément 

central d'un réseau de téléphonie sur IP : un IPBX. 

 

MOTS-CLES: SIP, ToIP, VoIP, IPBX, serveur TRIBOX 
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CHAPTER ONE: Introduction 

 

IP telephony (VoIP) [1] is the application of telecommunication that 

generates the most activity in the corporate world today. It has the particularity 

to combine both the networks concepts (transport over IP networks) and 

telecommunications concepts (communications and associated services) [2] this 

technology facilitates communication between colleagues in a company or in 

any institution. Our goal is to implement IPBX network in HTTTC Kumba, 

which will allow all administrative staff to without commercial telephony 

operator (MTN, Orange, and Camtel) and reduce the costs of communication. 

Telephony systems using VoIP bring many benefits in cost and flexibility [3]. 

1.1 Background of the study 

In order to get a telephone call travel from one place to another, it must 

pass through the telephone network [4]. This network consists of many different 

parts, operated by many different companies, but is inter-connected using 

common signaling methods. Physical components required for telephone 

networks are: Transmission Facilities, Local Loop, IOF - Interoffice facilities, 

Switching Systems, Customer Premise Equipment (CPE) [5] the convenience and 

comfort provided by a VoIP telephone system is available all over the world but 

is new in the MEME DIVISION especially in Kumba. 

 

Central Offices, signaling between different telephone systems, different 

methods of transmission, and the use of tandems (transfer) in the network are 

discussed below:On each telephone call, a talking path must be set up between 

the calling and the called telephone. The method of making this connection, 

known as switching, has progressed from the simplest of hand operated switches 

through the more complex manual systems to the present switching systems. In 

telephone switching systems, phone calls are "switched" meaning they cross 

through a switching matrix to route calls from an origination point to a 

destination point.  

 

Local "central offices" are where the end users are located. This is the 

most common switching system in the telephone network. Long Distance 



  

  

BY KALDA TCHETCHOULAI DAVID  

2 

"tandem" switches are where long-haul long distance calls are switched to 

connect local central office switches throughout the world. 

1.2 Statement of the problem 

Each academic year the Higher Teacher Training Technical College 

(H.T.T.T.C) of the University of Kumba faces many constraints which include: 

The office of administrative staff and classroom are distant, situated on four site 

(transport office, Sona Street, CPDM hall and banket hall), and when the 

director want to speak with his collaborator he must call with his phone or 

move. 

Moreover We remark many difficulties with the management of 

classroom, sometime two or more courses are programs to one classroom and to 

solve the problem the lecturer or the head of department must know free 

classroom in sona street , banket hall or CPDM. 

The interest on the choice of this subject is the result of a scientific 

orientation that we have given. Indeed, the choice of this theme is justified by 

the fact that the telephone network through a "packet" offers benefits in terms of 

reducing cost of communication and save time using PBX. This system is no 

well spread in Kumba  

Professionally, like all scientific research, this work will enable us to 

enrich our knowledge, specifically for our work; the new IP telephony 

technology, Open source Asterisk software and the Linux operating system. 

1.3 Research Questions 

In order to have a proper follow up, the following research questions acted 

as a guide to this research- How can we reduce the cost of communication in a 

HTTTC of Kumba? 

- Will H.T.T.T.C have enough resources to implement my project? - Can we 

implement IPBX network with a free software solution or create one for call 

management both locally and externally?These are the questions we try to 

answer later in the work. 

1.4 Research Objectives 

IPBX network is no well known in meme division and we start with 

implementing it in kumba. Specifically, this research work has as objectives to 
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ease and simplify communication; to save time when need information and to 

secure communication in H.T.T.T.C of Kumba 

1.5 Research hypothesis 

A hypothesis is an initial guess from which consequences are expected. 

To attain fixed goals and objectives, we put forth the following hypotheses 

H.T.T.T.C of the University of Kumba can implement IPBX Network to 

facilitate communication from different site? 

What is the benefit in term of cost and efficiency to implement this technology?  

1.6 Signification of the study 

Technologies change Daily, if we want to travel from Douala (Littoral 

Region) to Garoua (North Region) you have many way( by car, rail way, or 

plane)depending of our money and the need to arrive faster at destination, we 

know that using plane is faster than car. another example ; for tourist who want 

to visit different diversity of Africa and save time and money will choose to 

came to Cameroon because he will see many thing ( National park, forest 

mountain) because Cameroon is all Africa in one country, Cameroon offer many 

diversities. 

In the same order, there is many option to communicate, we have fax, 

email, and we have also phone offer by different operator in Cameroon like 

MTN, Orange, Nextel. However these options are cost than implement IPBX 

network. 

All the university according to the aim of government of Cameroon will 

be connected to optical fiber, H.T.T.T.C of kumba can use this technology to 

implement IPBX which will be just an additional functionality and cheapest. 

1.7 Definition of key Terms 

IP: The Internet Protocol (IP) is the method or protocol by which data is sent 

from one computer to another on the Internet 

Internet: The Internet refers to a global network of information that is 

transmitted to billions of computers and devices 

NETWORK: A network is defined as a group of two or more computer 

systems linked together 
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VOIP: VoIP (voice over IP) is the transmission of voice and multimedia 

content over Internet Protocol (IP) networks. 

IPBX: A PBX (Private Branch Exchange) is a system that connects 

telephone extensions to the Public Switched Telephone Network and 

provides internal communication for a business. An IP PBX is a PBX with 

Internet Protocol connectivity and may provide additional audio, video, or 

instant messaging communication utilizing the TCP/IP protocol stack. 

WAN: A computer network that spans a relatively large geographical 

area. Typically, a WAN consists of two or more local-area networks (LANs). 

LAN: A local-area network (LAN) is a computer network that spans a 

relatively small area 

SIP: The Session Initiation Protocol (SIP) is a standard protocol for 

initiating an interactive user session that involves multimedia elements such 

as video, voice, chat, gaming, and virtual reality. 

1.8 Organisation of dissertation 

This study is comprised of five chapters within which we shall see the 

following: 

Chapter one: 

In this chapter entitled “ introduction”, we see a detailed introduction to 

the study, comprising of background and context of the study, problem 

statement ,research question , research hypothesis ,objectives of the study, 

general objective, specific objectives, significance of the study or achievements , 

scope of the study, delimitation of the study, definition of keywords and terms 

and overview of the dissertation. 

Chapter two: 

 Entitled “Review of Related Literature and Conceptual Framework, it is 

the review of literature made up of introduction, generalities, literature review 

and partial conclusion. 

Chapter three: 

 This chapter is entitled “research methodology ”, is made up of the 

research methodology comprising of introduction, presentation of the different 

architecture of H.T.T.T.C kumba needs The methodology and materials used in 

implementing IPBX will form the focus of this chapter and Partial conclusion 

http://searchnetworking.techtarget.com/definition/protocol
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Chapter four: 

This chapter talks of Results and discussions. It includes verification of 

hypothesis.Hypotheses one, Hypotheses two, Hypotheses three, Discussions and 

Partial conclusion 

Chapter five: 

 Chapter five is the conclusion and recommendations. This will involve the 

summary of findings, conclusion, recommendations, suggestions for further 

studies and references. 
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CHAPTER TWO: Review of Related Literature and 

Conceptual Framework 

 

Introduction 

While email and other forms of electronic communication are important, one 

of the oldest forms of communication – telephony – remains of critical 

importance. Even with the advent of smart phones, tablets, unified 

communication systems and other platforms, telephony remains an integral part 

of the communications experience. Our aim in this part of research is to bring 

out history of telephony; define what is the voice over internet (VOIP), how 

does it work, why we use it and the technology requirement to implement IPBX 

network in H.T.T.T.C of Kumba which is VOIP. 

2.1 Definition of VOIP 

VOIP is an acronym for Voice over Internet Protocol, or in more common 

terms phone service over the Internet [6]. To put it simply, VoIP is the 

transmission of voice “data packets” from one IP address to another over the 

Internet. Developed around 1995, originally it served as a work-around for long-

distance and international telephone charges [7].  

2.2 Humble Beginnings and function of VOIP 

VoIP started with a company called Vocal Tec in 1995. They pioneered 

the first widely available Internet phone. It was called, quite simply, Internet 

Phone. It allowed one Internet user to call another, and it connected to the 

speakers and a microphone .In 1996, Internet voicemail applications came to 

life. Users could send voicemails over the Internet to the destination phone. This 

was also fraught with complications such as poor sound quality, periods of 

silence, and loss of connection. In the same year, Vocal Tec announced their 

Internet phone software in conjunction with Microsoft NetMeeting.  
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In 1998, Vocal Tec went on to create computer-to-telephone, and telephone-to-

telephone calling capacities for VoIP. This may appear redundant and 

unnecessary, and that’s because it is consumers agreed. By the end of the year, 

VoIP calls accounted for less than 1% of all voice calls. Perhaps this is because, 

though the calls were free, the caller had to listen to a series of advertisements 

before continuing as well as after finishing a conversation [8]. 

During this decade, telephone equipment manufacturers and 

telecommunications specialists began to use the newly developed digital 

transmissions to their benefit. The idea of transferring information via IP-based 

packages was appealing for its speed, improved quality and lower cost. They 

began to add IP capabilities to their switches, and eventually developed software 

that allowed users to attach a VoIP adaptor into their phones. 

VoIP operates by transferring voice signals between IP addresses, which 

means that these signals have to transform into pieces of data small enough to 

transmit. Vocal samples from the sender are broken down into voice “packets,” 

which are given routing information and sent to the receiving end [9]. The 

packets transmit one-by-one, then re-form as close to the original state as 

possible, creating one whole voice. This process compresses the voice signal, 

and then decompresses the signal for the receiver. 

2.3 Benefit, Growth and Popularity of VOIP 

VoIP pushed on, and in that same year, three different companies 

introduced VoIP switching software as standard add-ons in their routing 

equipment. This accessibility meant that by 2003, the number of VoIP calls leapt 

significantly to 25% of all voice calls. Consumers started to recognize that VoIP 

calling was a great way to avoid fees associated with Internet use and long-

distance telephone calls, and they supported VoIP more than ever. Companies 

that had headquarters around the world also began to take advantage of these 

perks [10]. 

The major reasons to use VOIP are: 

 

 2.3.1 Lower Cost 
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In general phone service via VOIP costs less than equivalent service from 

traditional sources. This is largely a function of traditional phone services either 

being monopolies or government entities [11]. There are also some cost savings 

due to using a single network to carry voice and data. This is especially true 

when users have existing under-utilized network capacity that they can use for 

VOIP without any additional costs. In the most extreme case, users see VOIP 

phone calls (even international) as FREE [12]. While there is a cost for their 

Internet service, using VOIP over this service may not involve any extra 

charges, so the users view the calls as free.  

2.3.2 Increased Functionality 

VOIP makes easy some things that are difficult to impossible with traditional 

phone networks. 

 Incoming phone calls are automatically routed to your VOIP phone where 

ever you plug it into the network. Take your VOIP phone with you on a 

trip, and anywhere you connect it to the Internet, you can receive your 

incoming calls. 

 Call center agents using VOIP phones can easily work from anywhere 

with a good Internet connection. 

 2.3.3 .Portability 

The convenience and comfort provided by a VoIP telephone system is 

available all over the world. Using any broadband connection, you can log in to 

your VoIP telephone, and you will get a dial tone. Regardless of where you are, 

if you have Internet access, there should not be any problems in terms of costs 

and connections. VoIP systems are also accessible via email or while you are 

traveling. Simply take your headset or IP phone, and you can contact staff or 

clients with a low cost call. 

 

2.3.4 Flexibility 

With a VoIP system, you can still use your conventional phone and a 

VoIP [14] converter or VoIP telephone adapter. A VoIP converter looks like a 

USB memory stick, which you can easily plug onto any computer. A VoIP 

converter will sense signals that are emanating from traditional or analog 

phones, and such signals will be converted to digital data that can be routed over 
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the Internet. A computer must be turned on for the service to work. A VoIP 

system will also allow you to acquire your own VoIP number, so no matter 

where you are traveling to, just as long as you have a high speed Internet 

connection, you are capable of receiving phone calls to your same number. 

 

  2.3.5 Multi-Functional 

A side from making phone calls, you can also conduct videoconferencing 

calling through your VoIP phone. This allows you to stay in touch with your co-

workers and clients to discuss important deals, affairs, meetings, files, 

documents, agendas, no matter where you are. Even while you are abroad 

attending to meetings, you still have the capacity to attend other important 

meetings in the home office without having to worry about being physically 

present [15]. 

 

2.4 The Scope of Communications 

Advances in technology meant there were several ways in which a person 

could communicate with another via VoIP: 

 PC to PC: Both persons required a sound card, microphone, and speakers, 

or a headset 

 PC to Phone: Only the PC user required a headset, and the recipient gets 

the call to their phone 

 Phone to Phone: Only the caller requires a VoIP adapter, and the 

recipient gets the call on their phone 

 IP Phone to Phone: The caller uses an IP phone, and the signal is 

transmitted over an IP network to the recipient’s regular phone 

 IP Phone to IP Phone: The call travels over an IP network from both 

ends[16] 

2.5 Session Invitation Protocol 

Session Invitation Protocol, or SIP, began to take shape in the early 2000s 

as well. SIP means that a person must initiate a VoIP conversation by inviting 

another party or group of people into the conversation. This technology has been 
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since widely used in instant messaging and chat groups, Skype software, group 

and work conferencing, and much more. 

SIP allowed developers and creators to overcome the limitations of 

hardware necessities. Developers could create applications that could comply 

with any phone system, which would in turn lower the cost of VoIP software. 

SIP is much safer than earlier VoIP standards, providing a secure network for all 

parties involved. 

Another benefit of SIP is that it can be used in just about any device that 

is associated with communication: PCs, phones and smartphones, video devices, 

etc. Microsoft enabled all of its devices to use SIP technology. This means that a 

person could use SIP to communicate no matter where they were. SIP knew 

where to reach a person if they were not home, and connected with whatever 

device they had on them at the time. 

Many people enjoyed the fact that SIP inherently supported Peer-to-Peer 

(P2P) capabilities. This means that the communication did not depend on servers 

or gateways, or any other auxiliary devices. Finally, SIP’s structure was similar 

to the web’s Hypertext Transfer Protocol (HTTP) [17]. Programmers loved this 

fact, because it allowed them to easily develop and adapt the software, as well as 

understand it. 

 

Voice over Internet Protocol (VoIP) is a multifaceted topic. There is no 

single template that can be followed when contemplating the use of this 

technology to supplant a traditional phone system. The technology itself is fairly 

generic and somewhat mature, however the impact to the external environment, 

business conditions surrounding the actual requirements, capital funding plan 

and other integral factors complicate the analysis. Implementing IPX at HTTTC 

of Kumba is much the same as elsewhere except for unique characteristics 

endemic to the University. 

There has been much discussion about VoIP phone systems within 

commercial and public environments. “Although progressing rapidly, Internet 

telephony still has some problems with reliability and sound quality, due 

primarily to limitations both in Internet bandwidth and current compression 

technology”. Some companies have adopted use of VoIP systems as a 

replacement for traditional phone systems, Public Branch exchanges (PBXs) and 
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Centrex type Services [18]. Most of this however, is on private intranets where 

bandwidth is available and predictable. Many larger organizations have adopted 

hybrid solutions due to geographic vagaries, economics or administrative 

manageability. 

2.6 Relation between VOIP, IPBX and IP PABX 

Over time, the PABX has grown to incorporate all sorts of advanced features 

such as voicemail, unified messaging, auto attendant (IVR), automatic call 

distribution (ACD), call queuing, branch office support, telecommuters, soft 

phones, CTI (integration with the PC), and more. With the advent of IP, the 

acronym PBX morphed into its latest incarnation, the IP PABX. An IP PABX is 

a PABX that supports packet-based transport protocols - commonly referred to 

as "VoIP". The most popular current protocol is SIP, which stands for "Session 

Initiation Protocol". Then, as the IP PABX began to rise 

In market share an even new label appeared called the "Hybrid IP PABX" A 

Hybrid IP PABX is an IP PABX that, along with VoIP, also supports legacy and 

analog switching protocols such as TDM. A Hybrid IP PABX will typically also 

support analog phones to complement its support of IP Phones [19]. 

 

That is, with VoIP, a PABX is still used to distribute calls throughout an 

organization, but the PABX must support the Internet Protocol being used. In 

actual practice, such an IP PABX is a computer server. Once received by the IP 

PABX and inside the organization, the call may be carried through a data 

network or via digital or analog communication lines to recipient endpoints. If 

calls are distributed inside the organization on a data network, the need for a 

dedicated communications circuit is eliminated and the calls can be carried on 

the internal LAN as data packets. 

2.7 Technology requirements 

To get started with VoIP service there are a few basic items we need: 

Broadband Internet access, computer and software if we plan to use the 

computer as our phone, adapter box if we plan on using regular house phone. 

However, for a call center there are more things to consider. 

We still need broadband Internet access but supporting hardware becomes 

more complex. First, a decision is need to determine how much bandwidth is 

required to support adequate VoIP telephone service. Then we need to determine 

the amount of bandwidth we have on our Internet access. Then we can 
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determine how many phones can be supported by a single broadband 

connection. In order to share the broadband connection an intelligent router will 

be needed to split the connection between all of the phones. 

 

Westminster College in Salt Lake City, Utah changed their phone system 

over to VoIP. Based upon their article, implementing campus-wide voice over 

Internet protocol (VoIP) phone systems at small colleges, they installed servers, 

switches, routers, phone hardware and power switches. They upgraded to a 1-

gigabit backbone for Internet. They set over 1000 phones on this system. 

 

Washington University in St. Louis changed their phone system over to 

VoIP. Based upon their article, Designing VOIP in Campus Network, they 

installed servers, switches and routers had been recommended to use instead of 

hub and fiber optic instead of copper wire in backbone network. In the backbone 

network, Gigabit Ethernet had been implemented and mostly Fast Ethernet for 

other networks. On one link, since 80 Mbps maximum capacity was used at that 

time, another 12,166 lines could be used in Campus with G.729. 

 

Rutgers, The State University of New Jersey, VoIP technology was 

implemented. Their environment was distributed and decentralized which 

subsequently fostered the growth of various systems. Each department or school 

within the University was given money from the Central Administration for 

telephone services. In some cases the department or school used those funds to 

purchase a more state-of-art system that enables them to pool telephone numbers 

thus reducing their monthly expenditures. However, this approach had resulted 

in over 350 different types of telephone systems distributed across the 

University. This model was becoming almost impossible to manage given the 

many different types of systems, voice mail, system software, etc. 

2. 8 Quality of Service 

Quality of service (QoS) is something that can be different for each and 

every individual. For some quality can refer to how well the voice sounds over 

the phone, for others it may refer to the amount of noise they hear in the 

background, echoes, reaching an individual are all issues that go into quality of 

service. Another side of quality can refer to security of a conversation as well 

reliability. A study in India showed that the majority of people preferred the 
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lower cost of service over responsiveness; value added services, reliability and 

voice quality. 

Security or privacy of phone calls is another issue for QoS. There are many 

differences between security of measures of public switched telephone networks 

(PSTN) and VoIP. 

Conclusion 

. Nowadays, IPX network is famous and implemented in many company and 

institutions over the world; it is the case of University of Ngaoundéré and Buea. 

This technology is no well known in meme division and we start with 

implementing it in kumba.
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CHAPTER THREE: Research Methodology 

Introduction 

The methodologies in implementing IPBX form the focus of this chapter. 

The chapter will start by describing the architectures as well as the modules of 

the application, an analysis of the various methods that can be used be 

discussed. A reliable method will be selected and the reason for its selection be 

explained. This chapter wills also give an explanation of the various materials 

(software) used in realizing the application and their roles. 

3.1 Architectures of the IPBX network in H.T.T.T.C Kumba 

3.1.1Base scheme  

 

 

 

 

 

 

 

 

 

 

 

Figure 1: base scheme of IPBX network 

The IP PBX server is similar to a proxy server: SIP clients, being either 

soft phones or hardware based phones, register with the IP PBX server, and 

when they wish to make a call they ask the IP PBX to establish the connection. 

The IP PBX has a directory of all phones/users and their corresponding SIP 

 

Figure 1: base scheme of IPBX network 
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address and thus is able to connect an internal call or route an external call via 

either a VoIP gateway or a VoIP service provider to the desired destination. 

 

 

3.1.2Physical Architecture  

Physical Architecture is just the layout of physical environment.  It’ll do 

well to label each component with commonly needed (by the admins anyway) 

information, such as Server Names, IP Addresses, Server Model, RAM, etc.  

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2: Physical architecture 

Explanation of the physical architecture 

 Base station: also known as a "network management center", is the 

location from which network monitoring and control, or network 

management, is exercised over a computer, telecommunication network. 

 

Figure 2:Physical architecture 
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The base station will secure our SIMULATION with the following 

equipment’s: 

- Firewall: it is a network security system designed to prevent unauthorized 

access to or from a private network 

-  Antenna omnidirectional (which cover 20km) to connect other site 

- Server IPBX (Tixbox in our case) 

- DMZ (demilitarized zone) is a physical or logical sub-network that separates 

an internal local area network (LAN) from other untrusted networks, usually the 

Internet 

This provides an additional layer of security to the LAN as it restricts the ability 

of hackers to directly access internal servers and data via the Internet. 

 Sites A, B and C, have Access point to connect them to the base station, 

each of them has VOIP and soft phone IP. 

A base station is a fixed point of communication. It is connected to an antenna 

(or multiple antennae) that receives and transmits the signal in the cellular 

network to phones and. That equipment is connected to a mobile switching 

station that connects cellular calls to the public switched telephone network 

(PSTN). 

3.1.3 Logical Architecture 

Logical architecture is a diagram of how the “components” (physical and 

virtual) interact with one another.  What role does each component play?  Who 

can access/use this component? How is it stored?  How is it secured, etc?  This 

may be a separate map, or it may be a “larger” map that includes your Physical 

Architecture Map. 
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Figure 3: Logical architecture 

3.2 IP ADDRESSING PLAN 

The IP addressing plan is the foundation upon which a successful 

logical design is built. It is a numerical label assigned to each device 

(computer, IP phone) participating in a computer network that uses the 

Internet Protocol for communication. An IP address serves two principal 

functions: host or network interface iidentification and location 

addressing. Its role has been characterized as follows: "A name indicates 

what we seek. An address indicates where it is. A route indicates how 

to get there 

Figure 3:Logical architecture 

https://en.wikipedia.org/wiki/Computer_network
https://en.wikipedia.org/wiki/Internet_Protocol
https://en.wikipedia.org/wiki/Network_address
https://en.wikipedia.org/wiki/Hostname
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Site Network WAN WAN Interface IP Network LAN Access Point IP 

Base station 172.16.1.0/32 172.16.1.254/32   

Site A 172.16.2.0/32 172.16.2.254 /32 192.168.2.0/32 192.168.2.254 /32 

Site B 172.16.3.0/32 172.16.3.254 /32 192.168.3.0/32 192.168.3.254 /32 

Site C 172.16.4.0/32 172.16.4.254 /32 192.168.4.0/32 192.168.4.254 /32 

Mobile User 172.16.5.0/32 172.16.5.254/32   

 

Table 1: Addressing plan 

A network management system (NMS) is a set of hardware and/or software 

tools that allow an IT professional to supervise the individual components of a 

network within a larger network management framework. 

3.4 Cost of SIMULATION ipbx network in h.t.t.t.c kumba 

DESIGNATION QUANTITY COST PRICE  TOTAL 

PRICE 

Cable RJ45 50m 1000 50.000 

Connector RJ45 100 100 10.000 

Plier  4 12.000 48.000 

Head phone 50 25.000 1.250.000 

Softphone open source free 0 0 

IP Phone 04 115.000 460.000 

Switch 24 ports 04 100.000 400.000 

Wireless IP phone 01 150.000 150.000 

Server TRIBOX free 0 0 

Server DELL Optiplex 9010 01 1.000.000 1.000.000 

SIMULATION  2.300.000 2.300.000 

Staff training  1.000.000 1.000.000 

Risk  500.000 500.000 

TOTAL WITH OPTICAL FIBER   7.179.000 

Omnidirectional antennal 20km raw 01 2.500.000 2.500.000 

ACCESS POINT 03 500.000 500.000 

TOTAL WITHOUT OPTICAL 

FIBER 

  10.179.000 

Table 2 cost of SIMULATION IPBX network in H.T.T.T.C kumba 

Prices of different component are take in book charge of University of 

Ngaounderé where IPBX network is implemented since 2009 and 

compared to actual price on Internet. 
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3.5 Methods of analysis and modeling 

The above table presents the materials we need to implement IPBX network 

in H.T.T.T.C Kumba and the estimative cost; however for our research we have 

to simulate this SIMULATION. The methods to be used in designing and 

realizing the application will be explained. The paragraphs below will explain 

the various methods, their advantage and disadvantages and will justify the 

model used in designing the application 

3.6 Asterisk Vs TrixBox 

The simplest way of looking at it is that Asterisk is simply one of the many 

components of TrixBox. While Asterisk is the actual PBX software, TrixBox is 

a self-installing package that installs a complete operating system, Asterisk 

PBX, and all the supporting components. 

To get an Asterisk system up and running, we would have to pick a supported 

Linux distribution, install the distribution, configure it securely, and then install 

Asterisk and configure that. With TrixBox we have one installation routine, 

which not only gives us a fully functioning operating system with Asterisk 

installed but also pre-installs all the other components for us. 

3.7 Prerequisite Skills 

The basic setup and configuration of TrixBox is fairly easy. However, to 

properly maintain and troubleshoot the system we may need a basic level of 

Linux skills such as how to update the operating system, how to navigate 

through the command-line interface, and how to download, compile, and install 

different software packages. 

3.8 The Limitations of TrixBox 

The main limitation we have is that FreePBX requires a specific layout of 

configuration files, and any hand editing could be overwritten or could break the 

FreePBX interface. 

TrixBox also locks us down to one machine. When it comes to having multiple 

machines handling our telephony, it can be difficult to migrate from TrixBox to 

multiple Asterisk boxes as the TrixBox interface only allows for single machine 

architecture. This can be manageable as long as the administrators configuring 

the telephone system are aware of the need to log in to multiple interfaces in 

order to make changes. As the telephony infrastructure and required capacity 
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grows, it can become quite difficult to manage. It's worth considering moving 

directly to multiple Asterisk systems rather than trying to run concurrent 

TrixBox systems. 

3.9 The Advantages of TrixBox 

TrixBox comes with a number of custom applications that have been created 

specifically for TrixBox. These applications show just how powerful and 

flexible the TrixBox system really is. Much of this code was created by the 

Advanced TrixBox Users Group and has been donated back to the community 

for anyone to use [21]. 

3.9.1. TrixBox is Simple to Install 

TrixBox is very easy to set up and manage. In just a few minutes, we can 

have the system fully installed and we can spend the majority of the time 

performing the important tasks relating to configuring our phone system. The 

TrixBox website is located at http://www.trixbox.org/. Once we download the 

ISO image, we will need to burn it to a CD with our favorite CD-burning 

software. All we have to do is hit the ENTER key, and we will be prompted for 

our location and a password for the root user. The rest of the installation is 

completely automatic. 

3.9.2. TrixBox is Easy to Use 

Once the system is operational, only very basic commands are needed to 

do some system maintenance and to monitor the system for troubleshooting 

purposes.  

For advanced configurations and setting up different hardware components, 

Linux administration knowledge will prove to be very useful, especially when it 

comes to troubleshooting configuration files, getting devices to function 

properly, and setting up automated tasks 

3.9.3 Hardware we will need to have 

The Tribox package will install on minimal hardware. For prototyping and 

experimenting, we can use a system as low as a PIII 500 MHz system with 384-

MB RAM and a 10-GB hard drive. The system will need to be able to boot from 

a CD-ROM drive. A keyboard and a monitor are only required during the initial 

setup. If we are planning on putting the system to use in H.T.T.T.C Kumba, 

class machine should consist of at least a 2.0 GHz processor with 1 GB RAM 

and a 100 GB hard 



  

  

BY KALDA TCHETCHOULAI DAVID  

21 

 

3.10 INITIAL PREPARATION AND PLANNING 

After study of different material we need for SIMULATION, we move to 

practice by the following steps:  

 Installation of virtual machine 

 Installation of tribox our server 

 Installation and configuration of softphone 

The techniques and features that Virtual Box provides are useful for several 

scenarios: 

Running multiple operating systems simultaneously. Virtual Box allows 

you to run more than one operating system at a time. This way, you can run 

software written for one operating system on another (for example, Windows 

software on Linux or a Mac) without having to reboot to use it. 

 

Easier software installations. Software vendors can use virtual machines 

to ship entire software configurations. For example, installing a complete mail 

server solution on a real machine can be a tedious task. With Virtual Box, such a 

complex setup (then often called an “appliance”) can be packed into a virtual 

machine. Installing and running a mail server becomes as easy as importing such 

an appliance into Virtual Box 

 

Installing Virtual Box and extension packs 

 

Virtual Box comes in many different packages, and installation depends 

on host operating 

System. On each host platform, Virtual Box uses the installation method that is 

most common and easy to use. 

The base package consists of all open-source components and is licensed under 

the GNU 

General Public License V2. Virtual Box extension packages have a .vbox-

extpack file name extension. To install an extension, simply double-click on the 

package file and a Network Operations Manager 

Window will appear, guiding you through the required steps. 
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3.11 Starting virtual Box 

After installation, Virtual Box start as follows: 

On a Windows host, in the standard “Programs” menu, click on the item in the 

“virtual Box”, you can also type “virtual Box” in the search box of the 

“Start” menu. When you start virtual Box for the first time, a window like the 

following should come up 

 

 
Figure 4:  starting virtual box 

 

This window is called the “virtual Box Manager”. On the left, you can see a 

pane that will laterlist all your virtual machines.  

 

Creating our virtual machine 

We on the “New” button at the top of the virtual Box Manager window. A 

wizard pop up to guide us through setting up a new virtual machine (VM): 
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Figure 5:creating virtual box 

 

On the following pages, the wizard asks us for the bare minimum of information 

that is needed to create a VM, in particular: 

-  The VM name will later be shown in the VM list of the virtual Box 

Manager window, and it will be used for the VM’s files on disk. 

- On the next page, select the memory (RAM) that virtual Box should 

allocate every time the virtual machine is started. The amount of memory 

given here will be taken away from your host machine and presented to 

the guest operating system, which will report this size as the (virtual) 

computers installed RAM. 

- Next, you must specify a virtual hard disk for your VM 

 

 



  

  

BY KALDA TCHETCHOULAI DAVID  

24 

 
Figure 6:hard disk 

 

Here you have the following options: 

_To create a new, empty virtual hard disk, press the “New” button. 

_ we can pick an existing disk image file. 

 

The drop-down list presented in the window contains all disk images which are 

currently remembered by virtual Box, probably because they are currently 

attached to a 

Virtual machine (or have been in the past). Alternatively, you can click on the 

small folder button next to the drop-down list to bring up a standard file dialog, 

which allows you to pick any disk image file on your host disk. 

To prevent your physical hard disk from running full, virtual Box limits the size 

of the image File 
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Figure 7: file location 

 

After having selected or created your image file, again press “Next” to go to the 

next page. 

 After clicking on “Finish”, your new virtual machine will be created. You will 

then see it in the list on the left side of the Manager window, with the name you 

entered initially. 

We can now install our server tribox in virtual machine 

Just click “create’’ and boot  
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Figure 8: starting tribox 

 

After initial system detection, select the type of keyboard that you will be using. 

Use your cursor keys to navigate the keyboard types and use the Tab key to 

move the focus to the or option. Select the appropriate keyboard. Selected and 

[Enter] 

 

 
Figure 9:choosing keyboard type 
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After system hardware probing is completed, you will be asked to select the 

Time 

Zone you are in. 

 

 
Figure 10: time zone selection 
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Use your cursor arrow keys to navigate to the appropriate time zone. In our case, 

We will selected Africa/Douala. Use the TAB key to move the focus toand hit 

[Enter] to accept (see cheat sheet to set NTP time manually). 

• Next you will be asked to enter your root password (remember this 

password). 

 

 
Figure 11:  root password 

 

After entering and confirming your password, installation will now commence 

by first formatting the Hard Disk/s. 

• From this point it will take about 30-45 minutes for the installation to be 

complete and ready for the configuration stage. 

• During this stage, you will see screens similar to the following. Linux and the 

required files are being installed. All you do is, wait for it to finish. 
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Figure 12: package installation 

When it reboots, you will be presented with the following screen. 

 

 
Figure 13: end of installing tribox 
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After a moment, it will continue and you will see lots of lines of codes. This 

process will take a while because it is building Asterisk. 

• When Asterisk build is complete, it will reboot itself. Once rebooted, Trixbox 

is ready for you to continue configuring and make changes to the system default. 

 

CHANGE DEFAULT SETTING 

Once Trixbox has been installed, some changes need to be made to secure your 

installation. Log in to your new Trixbox (user: root, password: The one you 

gave earlier) 

 
Figure 14: change default setting 

 

You will then see the following screen and possibility to change IP address  

 
Figure 15:configure TCP/IP 
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Use the Tab key to cycle through the fields. Enter the IP address that is to be 

allocated to the Asterisk box, the Net mask (subnet mask), Default Gateway, and 

Primary name serve as per the example above. In my example above, I used my 

existing network regime. 

• In the IP address field, enter an IP address Trixbox making sure it is within 

your network range e.g.: 192.168.1.100 

• Net mask is normally 255.255.255.0 unless your network has different 

Network mask. 

• Default gateway IP is the address of your router. In my case, my router 

address is 192.168.1.1 

• Primary name server is the address of your Name Server, usually your 

domain server if you have a network domain server but if you are running 

workgroup, use the address of your default gateway e.g.: 192.168.1.1 

Once done, select OK. 

3.12 SET-UP TRIXBOX 

Now, using our browser, we can connect to http://ipaddress/ (e.g. 172.16.1.254) 

in our case to configure Trixbox.  

 

 
Figure 16:connect to tribox 

 

To start configuring Trixbox, it is necessary to switch to Admin Mode. To do 

this, click on the “switch” label situated on the top right hand corner of the 

screen (marked with an arrow in the illustration above). 

A username and password dialog screen will appear where the default username 

and password need to be entered as per the illustration below. The Username is 

maint and the default password is password,  
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Figure 17:login tribox 

Once you logged in, you will be presented with the following screen with our IP 

address  
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Figure 18: interface of tribox 

 

Partial conclusion 

Throughout this chapter, we particularly carried our interest on significant 

aspects of our projects. First of all, we presented architecture of research. In this 

first part, it has been question or us to explain, details with the support, the 

method which enabled us to implement IPBX network. The choice of TRIBOX 

server enabled us to conceive what is expected. In the second part of this 

chapter, we presented the entire hardware and software device which we used to 

design SIMULATION.
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CHAPTER FOUR: Data Presentation, Analysis and 

Findings 

Introduction 

This is the chapter that gives the uniqueness of our thesis. The chapter presents 

the results and findings of these processes in line with creation of extension 

which is soft phone and simulates communication. We are going to present 

results on objective in term of cost, efficiency, security.  

4.1 Create Extensions 

Before to create extension we must first run our virtual machine and server 

tribox as show below 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 19:server tribox (HTTTC_KUMBA) on virtual machine 
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As we can on the figure we have install on the virtual machine our server tribox 

called HTTTC_KUMBA. When click on “demarrer” we run the server where 

we will be asked to enter login and password and then we have the figure below 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

After running our server tribox we open the navigator (Firefox in our case) 

where we enter the address of the server (172.16.1.254) in order to access to 

administration interface as show below 

Figure 20:connect to server HTTTC_KUMBA 
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With this interface we will click on “switch” to inter login and password of this 

interface 

 

 

 
Figure 22: login to tribox 

 

 

To create now extensions [22] [23], we do the following: 

 

Figure 21: administration interface of tribox 
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Select the Setup Tab 

2. Click on Extensions 

3. Click on Add Extension 

4. From the drop down selection box, select Generic Sip Device since we are 

going to create a SIP extension 

5. Click Submit 

 

 
Figure 23: creating extension 

 

User Extension: 401 (that’s the extension number I gave for reception) 

• Display Name: Director 

• Secret: 2000 (for simplicity, I used the exten number as the secret password), 

left the rest of the fields at their default values. Click Submit when done. 
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Figure 24:creating extension next 

 

4.2 Add Extension Screen 

Click on the orange bar on the top of the screen after every time you have 

submitted a new extension 

 

 
Figure 25: save extension 

 

 

Click on the Add Extension button to add more extensions. 
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The figure below shows some extensions that we created for our simulation. 

Notice that we use the IP address of our server 172.16.1.254 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

  

 

 

4.3 PHONE NUMBER PLAN 

To provide the best user e and prepare for future growth, it is important to use 

the correct numbering format when assigning phone numbers to users to avoid 

common mistake 

 

Figure 26 : add extension 
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NUM RESPONSABLE NUMBER SECRETARY NUMBER 

1 DIRECTOR 401 800 101 

2 DEPUTY DIRECTOR 402 801 102 

3 GENERAL SECRETERY 403 802 103 

4 DIRECTOR OF STUDY 404 803 104 

5 DIRECTOR OF FINANCE 405 804 105 

6 DIRECTOR OF RECORD 406 805 106 

7 Renewable Energy 301 806 201 

8 Administrative Techniques 

 

302 807 202 

9 Management Sciences Training 

and Orientation 

 

303 809 203 

10 Electrical and Power Engineering 304 810 204 

11 Tourism and Hospitality 

Management 

305 811 205 

12 Civil Engineering and Forestry 

Techniques 

 

306 812 206 

13 Topography and Real Estate 

Management 

307 813 207 

14 Computer Science 308 814 208 

15 Law 309 815 209 

16 Science of Education 310 816 210 

17 Social Economy and Family 

Management 

311 817 211 

18 Guidance Counselling 312 818 212 

19 Management Sciences. 313 819 213 

 

Table 3 numeration plan of extension 
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4.4 SET UP SOFTPHONES 

There are a number of softphones available for use. Some of them are free like 

X-Lite and 3CX phone 

 

 

 

 

 

 

 

 

 

 

 

 

 

After installing the softphone, we need to configure the softphone and test the 

communication from one place to another 

Figure 28 : soft phone XLITE 

Figure 27 : soft phone 3CX 
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The figure below show us some configuration on XLITE 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

From this point we can simulate call between two persons 

 

We propose here the various points that can be configure: 

 

-Welcome message 

The system must allow the establishment of greetings to allow the distribution of 

personalized messages to speaker. 

A specific waiting message can be broadcast during waiting of a call (free 

music, various information) 

These messages can be recorded through a simple telephone or integrated as 

wave or mp3 file if you use a recording studio. 

 

- Calls control 

All the traditional telephony that allows call control is available, including: 

Clamp-on: You can hold your audience, and then they will hear a customizable 

music. 

Forwarding call: You can choose the call forwarding to another extension in 

the following cases: No response - Occupation - unconditional transfer. For 

example you can transfer your calls to a colleague while on vacation, or on your 

laptop when traveling for example. 

 

Figure 29 : configuration XLITE 
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Call transfer: Two types of transfers are possible, the unconditional transfer (to 

return a call to the standard, for example), and the supervised transfer, which 

allows the recipient to announce that we will transmit a corresponding. 

Do not disturb:  a simple combination allows you to reject incoming calls. 

Outgoing calls are, meanwhile, still allowed. 

 

Masked number: You have the option to not disclose your phone number to 

your contacts. 

 

Presentation of number: The number of incoming calls is presented to you on 

the phone. 

Recall of last number: You can easily recall the last dialed, received or lost 

through the post call log. 

Double call: If you are on-line, a beep will sound if a new person is trying to 

reach you. 

Viewing the status of posts: According to the telephone, provides a look to 

know who is already online and available. Option avalable on certain items. 

4.5 Results and Findings on Objective 1: the cost 

We evaluate the cost to implement IPBX network in the preview chapter with 

two alternative totals (with optical fiber and without optical fiber) and we have 

approximate fix price during time. Before to conclude that implementing IPBX 

network in H.T.T.T.C kumba is benefit in term of cost, we make some research. 

In fact operators of communication in Cameroon (Orange, MTN) offer to 

companies or group of persons (association) to communicate between them with 

best price. The recent innovation for orange Cameroon in that way is called 

“access community”. This option give possibility to group persons (with fix 

numbers of SIM card) to communicate freely, they have also a limit connection 

to internet and the charge is pay per month .Compare this option which is the 

best available to IPBX network, we noticed that after 20 years we spend double 

price to pay, and we have limited persons who can communicate freely while 

implementing IPBX network offer same service with unlimited number of post. 

 

We suppose that we want to attribute communication to 100 persons; it will cost 

70.000 Fcfa per month and 840.000 per year. Let’s consider that after 20 years 

we use 5% change some materials in our IPBX network and compare with the 

cost of orange and MTN 
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 IPBX network Orange, MTN, 

   

Number of users unlimited 100 

01year 10.179.000 840.000 

20years 10.687.950 16.800.000 

50years 11.222.348 42.000.000 

 

Table comparison of cost  

 

Although we consider that over time some materials that are used to implement 

IPBX network need to be change, we can conclude that it is economic to 

implement IPBX network in H.T.T.T.C of kumba. 

4.6 Results and Findings on Objective 2: the efficiency 

By definition; efficiency is the (often measurable) ability to avoid wasting 

materials, energy, efforts, money, and time in doing something or in producing a 

desired result. In a more general sense, it is the ability to do things well, 

successfully, and without wasteIt often specifically comprises the capability of a 

specific application of effort to produce a specific outcome with a minimum 

amount or quantity of waste, expense, or unnecessary effort. Seen from the 

above definition implementing IPBX network in H.T.T.T.C kumba is efficient. 

4.7 Results and Findings on Objective 3: the security 

The communication is not save in server somewhere like the case of local 

operator 

The communication is secure by our firewall 

During our simulation and SIMULATION we discovered that PCs which were 

running firewall protection services affected the voice quality of the test and in 

some cases disallowed the communication of the VOIP soft phones between 

users.  

There were no DHCP and DNS server readily available for use during the 

simulation so we configured a DHCP server in the PBX box to assign IP to users 

instead of assigning static IP to users which made the SIMULATION faster and 

easier.  
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During SIMULATION, multiple users were able to register on the PBX server 

and communicate with themselves using the various services available like 

VOIP calls. 
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CHAPTER FIVE: Discussions, Conclusion and 

Recommendations 

Introduction 

 

Arrived to the end of our work we are going to presents an overview of the 

study from chapter one to the present stage, and highlight key issues that arose 

in the course of the investigation. 

 

5-1 Summary 

The main findings of the report were SIMULATION of IPBX network in 

H.T.T.T.C of kumba. Key findings on the objectives were to know this 

technology, the evolution and to compare it with the existing technology. 

The literature review shows us what the VIOP and technology 

requirement is where we choose server TRIBOX of his advantage. Because we 

have operator like Orange which offer same service we compare where we have 

the best advantage and statistic show us that implementing IPBX network is the 

best in term of cost; efficiency and security. Of course the change we have is not 

only the SIMULATION and configuration but also the maintenance. More over 

the important case that we notice is the presence of optical fiber when it will be 

effective in H.T.T.T.C is a golden opportunity to use this In order to get a 

telephone call travel from one place to another, it must pass through the 

telephone network 

 

5-2 Conclusion 

This work compelled us to simulate SIMULATION of IPBX network in 

different site of H.T.T.T.C kumba. We evaluate the cost and the benefit of 

SIMULATION. Essentiality of the communication in the global world is the 

core area of concern. This is so with the voice over internet protocols (VOIP) 
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which has now become the most useful technology to communicate for long 

distance calling. We support the importance of implementing IPBX network by 

his enormous cost savings and more communication which is the productivity  

 

5-3 recommendation 

Like most other systems in the world, this project had some limitations 

and therefore has room for improvement. Part of the limitations is the access to 

laboratory of research in order to get information about the technology and to 

bring our contribution and commendations is to implement this technology 

physically.  

 

5-4 suggestions for the further study 

Reduce faxing costs and increase efficiency with a Fax over IP (FoIP) 

Solution. Despite the increasing power of the Internet and popularity of email, 

Fax technology is still a critical communication component used.It is the 

prevailing, preferred, legally binding method for transmitting critical, time-

sensitive and confidential information, yet it is an area that often remains 

completely unmanaged and unsecured. Internal Fax communication is also an 

area that improving processes and identifying new ways to reduce costs. Fax 

over Internet Protocol (FoIP), also known as IP Faxing, is a method of sending 

faxes in the same way that Voice over IP (VoIP) changes the transmission 

medium of a phone call. 
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Abbreviations and Acronyms 

 

IP: Internet protocol 

HTTTC higher technical teacher training college 

MTN Message Transport Network 

PBX: private branch exchange 

LAN local area network 

WAN wide area network 

ISDN Integrated Services Digital Network 

SIP – session initiation protocol – controls communications sessions for video 

and voice calls 

Soft phone – software using the VoIP protocol that enables users to make phone 

calls over the internet from computers such as desktops, laptops, and smart 

phones 
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