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ABSTRACT/ SYNPOSIS
Voice over IP technology is gaining an ever-increasing popularity in the communication industry in the last two decades. As such, it has become the most widely used as a means of communication in the world, simply because of its low cost and flexibility. As a result, it has replaced the old traditional telephone communication system (PSTN). This technology is designed of delivering voice over IP networks. However, IP protocol is not designed for transporting real-time applications, especially when supporting a mix of data and voice services creates major traffic engineering challenges. Therefore, it is essential to utilise an applicable traffic engineering method such as Erlang B model to improve performance in a VoIP network.
This paper presents an in-depth research in order to show that Erlang B model can be applicable to calculate packet loss for modern VoIP networks. To demonstrate that Erlang B can be used to measure the probability of call blocking in VoIP networks, a simulation-based experiment using NetSim simulator has been designed which is established on extensive scholarly research and a critically literature review.
In this paper, we have simulated a VoIP network to estimate packet loss of voice traffics in a network. We have used NetSim modeler to run the designed scenario. The experimental results show that Erlang B can be applicable to calculate packet loss for VoIP system when the traffic load is comparatively small.
The aim of this paper is to show that Erlang B can be applied to measure for packet loss in VoIP network.
KEYWORDS: VoIP, IP, OSPF, PSTN, QoS, NetSim simulator
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CHAPTER 1- INTRODUCTION
[bookmark: _Toc38719386]INTRODUCTION
VoIP is a field of technology in the communication industry which is gaining its popularity in industries and residential customers since 1996. The Voice Over Internet Protocol, which is generally referred as VoIP, is a system which uses Internet Protocol (IP) network to carry voice, video and data through the network. VoIP has become the preferred alternative communication system to the old traditional telephone communication system, simply because of its flexibility and low cost. It also offers additional calling features than PSTN. VoIP uses packet switching, in which the voice is packetized to be conveyed across IP network, whereas PSTN uses a circuit switching process to forward voice through a dedicated cable.
However, IP protocol was not developed specifically to transport real-time applications like voice and video. It is a protocol which offers a service with no guarantees based on best effort method. Thus, in IP networks when a packet is sent, its delivery is not guaranteed. In addition, the packets order is not necessarily received in sequence of the order they were sent. Furthermore, IP network is a shared path among various types of applications such as voice, video and data. This means, packets are sent to the shared medium without reserving any bandwidth. If the shared medium is busy or occupied by other applications, then the packet must wait in queue. As a result, this will create delay or packet loss in the transmission of real-time applications. Thus, it is important to investigate traffic engineering of voice data which is vulnerable to packet loss and delay in order to maximize and improve the required performance. One of the issues with IP networks is its simultaneous behaviour. This means in IP network packets arrive according to a random process and its arrival rate is modelled under the famous probability concept called Poisson Distribution [1] [2]. 
One of the important factors in the IP network is traffic engineering. It is a procedure that is used to improve the efficiency of communication system through analysing, modelling and controlling the traffic carried through a system for a period of time. Traffic analysis can be used to assess how much bandwidth is required in the IP network for data and voice calls. Moreover, it can be used to predict grade of service or block probability using various mathematical probability principles. There are many important factors that are used when analysing traffics in IP networks. The author will further discuss this proceeding in the literature review.
Another important factor in traffic analysis is to pick the appropriate traffic model. There are various traffic models used in the telecommunication industry [3]. The most widely used is Erlang Theory which is named after the famous Danish mathematician Agner Krarup Erlang. The most common models are Erlang B and Erlang C which are models for call lost and call waiting respectively [4].
[bookmark: _Toc38719387]MOTIVATION FOR THE RESEARCH
This section discusses the three factors that motivated the researcher to conduct this study. First, there is a need of research on the technologies and advantages of using VoIP for communication. Second, there is a need to utilise and develop suitable traffic management methods to optimise the performance of VoIP. Third, to use this topic as a career path for future.
[bookmark: _Toc38719388]AIM
The main aim of this project is to model traffic engineering for VoIP using Erlang B Theory which can be applied for medium size businesses. In this project, the author will be modelling traffic measurements with Erlang Theory to provide the accurate bandwidth needed for companies that utilise VoIP network.
[bookmark: _Toc38719389]OBJECTIVES
This project is set to include the following objectives.
· Conducting a literature review regarding the current technology of VoIP
· To analyse and evaluate VoIP protocols such as H.323 and SIP
· Identifying and analysing the different traffic models of VoIP such as Erlang theory
· To design and provide a converged network for companies that are planning to deploy VoIP.
[bookmark: _Toc38719390]STRUCTURE OF THE PROJECT
This project is organised and divided into nine chapters to provide a sense of clarification on the purpose of each chapter to the reader throughout the report. The project is grouped into three main stages. The first section includes the background research and literature review related to VoIP technology and traffic engineering methods. The second part consists the practical approach of implementing a VoIP network on NetSim simulator to experiment and evaluate on applying Erlang B model for a VoIP technology. Lastly, the third section emphasis on the discussion of the results obtained from the experiment as well as conclusions.
Chapter 1: demonstrates a complete detail of the aims and objectives of this project with the overall contents of the report.
Chapter 2: targets on the background research related to the subject of this project. It includes VoIP protocols, voice codecs, QoS and thoroughly research on traffic models namely Erlang B and C.
Chapter 3: it concentrates on literature review of related works to this project by investigating and analysing to assist the researcher to have a good knowledge in applying Erlang B model for a VoIP technology.
Chapter 4: provides the research methodology approach used in this study. This chapter will help the author to proceed in a methodological structure to conduct a research thesis.
Chapter 5: provides the process of designing and implementing a VoIP network in a NetSim simulator. It also details the techniques and procedures used to utilise Erlang B for a VoIP system.
Chapter 6: this chapter provides the analyse and evaluation on the results collected from the experiments, in which the results will be compared and evaluated with the aims and objectives of this report if they were met.
Chapter 7: contains the summary of the whole work performed during the project. It provides with the information of what has been completed and established. Further, it includes with information for future recommendations.
Chapter 8: discusses with the reflections on how well the aim and objectives of this project completed. It details the obstacles encountered, lessons learned, and the skills gained by the author throughout this project.
Chapter 9:  provides the list of references used in which the author has used throughout the report writing as a reliable resource.



[bookmark: _Toc38719391]CHAPTER 2- BACKGROUND RESEARCH 
[bookmark: _Toc38719392]OVERVIEW
This chapter will introduce the reader to the history of the VoIP. Over the last several decades, VoIP technology is becoming popular in the communication industry. As a result, it is replacing the old-style communication system PSTN. A comprehensive research study was conducted on PSTN, VoIP technology development, VoIP protocols, Quality of Service (QoS), and different traffic models such as Erlang B and C to achieve a better knowledge of this technology.
[bookmark: _Toc38719393]BACKGROUND RESEARCH
There are two main technologies that are vital for the existence of VoIP, and these are telephone and internet. The first phone call was made in 1876 by Alexander Graham Bell. During that time, telephones were operated for private use between two locations. Slowly the number of users increased, and this resulted in the birth of PSTN. The PSTN is an analogue communication system that operates based on circuit-switched connections. It is a telephone network that includes telephone lines, fibre optic cables, satellites, mobile networks and cables around the world. In PSTN system, the voice is converted into electrical signal (analogue signal) to be transmitted through cable, and then the electrical signal is carried in fibre optic cables in the form of light pulses to the destination. At the receiver end the analogue signal is then converted to its original sound wave form, however, the signal has to traverse through several switches (circuits) or terminals to get to the destination. Thus, the PSTN is known as circuit-switched network. In PSTN system, communication is through a dedicated cable in which a fixed size of 64Kbps channel is allocated to establish connection between two phone lines. This means, each phone line has its own dedicated communication channel [5]. This indicates that the allocated line is idle during quiet time and thus the resource allocated is wasted during this period. Due to this, the PSTN system is expensive to use as a communication system.
Nowadays, VoIP is one of the technologies that is widely used in the communication industry. The main purpose of VoIP is to make and receive telephone calls using the Internet IP. VoIP can be used on any IP platform such as internet, WAN, LAN and WLAN. Therefore, in VoIP the voice needs to go through several processes prior to the initial transmission over IP network. This is mainly because, the IP is not designed to transport voice. VoIP procedure includes digitization, compression, encoding and packetization. Figure 1 below, shows the paths that are needed to go through from one end to the other end in VoIP communication. VoIP communication can be between PC to PC, IP Phone to IP Phone or even between Phone to Phone over IP network [6] [7]. 
[image: ]
[bookmark: _Toc38722188]Figure 1- VoIP connection process from start to finish [7].
Generally, VoIP components can be categorised into four parts: signalling, encoding, transporting and gateway control. The signalling is the protocol that supervise the connectivity between the sending and the receiving devices.  In VoIP, the analogue voice is encoded into digital format in order to be conveyed across IP networks. Next, the encoded voice data is transported across the IP network in the form of IP packets. Finally, it is the responsibility of the gateway to interconnect and convert the IP packets to another format such as PSTN [6]. In addition, the signalling process is classified into two groups; and these are: session control and media control protocols. The session control protocol is designed to set up, maintain and tear down the sessions. The two main session control protocols are H.323 and SIP. The media control is a protocol that can be used to establish and take apart media connection. In other words, it is used to open and close media on VoIP gateways. The main protocol in the media control is known as MGCP.
In the next section, we will be looking at the different VoIP signal protocols such as H.323 and SIP to understand the role of these protocols in the VoIP technology.
                                                                                               
[bookmark: _Toc38719394]H.323 Protocol
The H.323 is a standard protocol developed by the International Telecommunication Union (ITU). It is a group of standards that is used to provide services to packet-based multimedia communication. It also defines various transmission protocols such as Real-Time Control Protocol (RTCP) and Real-Time Protocol (RTP) to transmit video, audio and data over IP network. RTP is a protocol used to carry video/audio streams, whereas RTCP is used to manage the session of the RTP. Besides, H.323 includes various protocols under its umbrella namely H.225, H.245, G.7xx series, H.26x series and others to establish and maintain communication. In other words, in H.323 connections processed in stages, where each stage deploys a sub-protocol. H.225 is used for call signalling and registration with the gatekeeper, H.245 is used to negotiate audio/video compression methods and the G.7xx group are used to compress the audio/video. Thus, the G.7xx family codecs are essential for the quality of voice and bandwidth consumption. Furthermore, H.323 uses H.235 for security and authentication [8] [9] [10]. Figure 2 below shows the various H.323 family protocols.
[image: ]
[bookmark: _Toc38722189]Figure 2- H.323 family protocols.

[bookmark: _Toc38719395]SIP Protocol
SIP is another signalling protocol that performs the same functions as H.323 protocol. It is a session initiation protocol abbreviated as SIP. It operates at the application layer of the OSI network model, independently of the lower layer protocols so that it can run on TCP, UDP or other underlying network protocols. Like H.323, SIP uses the RTP protocol to carry voice data over the IP network. Its main function is to set up connection, alter and end sessions between one or more media streams. SIP operates in a fashion of client-server relationship which is similar to HTTP. Hence, SIP can be used for instant messaging, online games, video conferencing and other services [8] [11].
The SIP protocol contains proxy server, user agent and server redirect as the basic components in the SIP topology. A proxy server is an agent server that manages requests on behalf of other clients and forwards the requests to the next device or the recipient itself. The user agent (UA) is responsible for sending and receiving SIP messages. User agents operate in a fashion of client/server relationship. It uses User Agent Client (UAC) as a client and User Agent Server (UAS) as a server. The UAC is an application that creates and responses to SIP requests, while the UAS is a server that is responsible to the request generated by the UAC, and responses back to the UAC. The third component in SIP is called server redirect, which is responsible to redirecting and connecting SIP sessions to outside network [10] [12] [13]. Figure 3 below shows flow operation of SIP protocol.
[image: ]
[bookmark: _Toc38722190]                                                                 Figure 3:  SIP message flow operation [12].

[bookmark: _Toc38719396]VoIP Transport Protocols
The internet employs TCP/IP protocol to transmit data from one device to another device on the internet. The IP is a connectionless protocol in which packets are sent to the destination without establishing a connection. This means, there is no assurance that a packet will be delivered. But the internet uses another protocol called TCP which is a reliable transport protocol. The TCP provides a reliable connection by tracking the order of sequence number and sending acknowledgement replies to each packet it receives. However, TCP/IP is not appropriate to use for multimedia communication such as voice and video transmissions. This is because, real-time communications are time sensitive applications, and TCP handshake procedure is a very slow process, thereby leads to excessive delay. Hence, VoIP system uses Real Time Protocol (RTP) and User Datagram Protocol (UDP) to transmit real-time applications in the IP network. This is mainly because UDP provides faster delivery of data and RTP is designed for transmitting multimedia applications. The RTP contains port number, sequence number and time stamp on its 12 bytes size header. RTP picks randomly even ports from UDP port range 16,384 to 32,767 for carrying real-time streams, while sequence number and time stamp are used to track and reorder the packets at the receiver end, thereby RTP provides reliable connection similar to TCP. Moreover, RTP uses a pair of protocols: RTP Control protocol (RTCP) and Secure RTP (SRTP). RTCP provides call statistics and Quality of Service (QoS), while SRTP offers security by encrypting the voice stream. The RTCP uses the odd ports from UDP ports so that the data flow can be paired with the RTP stream. In a nutshell, RTP uses even ports to transmit real-time data, while RTCP supports with quality control and call statistics for any given RTP session [14] [15]. Figure 4 below shows, RTP protocol in the TCP/IP protocol model.
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[bookmark: _Toc38722191]                                  Figure 4: VoIP Transport Protocols in the TCP/IP protocol model.

[bookmark: _Toc38719397]VoIP Codecs 
The quality of voice in VoIP is affected by various factors namely, packet loss, bandwidth, jitter, hardware, voice codecs and so on. Selecting the appropriate codec can improve the quality of voice in VoIP. Besides, the quality of call and bandwidth required are defined based on codec selection. Codecs are algorithms (programs) tools that are essential in the operation of VoIP. They are used to transform the analogue voice into encoded digital format (IP packets) and vice versa. A codec can be either hardware or software. Each codec varies in using different algorithms to compress and packetize audio data. Moreover, the codecs are varied based on their sample rate, date rate, compression techniques, bandwidth required, quality of service and so on. Generally, codecs that operate at high bit rate tends to provide a high-quality voice, however, they use more bandwidth. On the contrary, codecs that function at low bit rate saves bandwidth, but they provide a low-quality voice [16] [17].
Further, codecs compress the original audio signal into small bits of data format using a specific algorithm so that the signal can be transmitted over the IP network. Conversely, the compressed digital data is decompressed into the original audio signal at the receiver end. Currently, there are various audio codecs that are established by the ITU-T union for VoIP applications. Some of the most popular codecs for use in VoIP communication are G.711, G.729, G.723.1, G.726, GSM-FR, etc [18].
G.711
G.711 is a codec that is designed to operate at a rate of 64Kbps. It uses Pulse Code Modulation (PCM) algorithm to encode the audio signal at a rate of 64Kbps with a frame length of 0.125ms. This codec uses no compression technique; hence it provides a good quality of voice. In addition, it is more suitable for VoIP over LAN. However, it requires more bandwidth [19]. 
G.729
 This codec operates at a low bit rate of 8Kbps. Consequently, G.729 tends to consume less bandwidth. The G.729 utilises Conjugate Structure – Algebraic code-excited linear prediction (CS-ACELP) technique to compress the digital data in a frame length of 10ms to produce 80-bits frame. This codec is appropriate for VoIP over WAN. Because, it demands less bandwidth. However, its quality of call can be low comparing to G.711[19] [20].
G.723.1
 This codec is designed to operate at data rate of 6.3Kbps and 5.3Kbps. It uses an algorithm called Multiple LPC with Maximum Likelihood Quantization (MPC-MLQ) for the 6.3Kbps, and ACELP for the 5.3Kbps data rate in a packet length of 30ms. This codec is more applicable for video conferencing and 3G networks [21]. Table 1 summarizes the general characteristics of the three codecs.




[bookmark: _Toc38594940]Table 1: summarized properties of the popular codecs [21].
	Codecs
	Algorithms
	Data rate (Kbps)
	Frame length (ms)

	G.711
	PCM
	64
	0.125

	G.729 
	CS-ACELP
	8
	10

	G.723.1
	MPC-MLQ
	6.3
	30

	G.723.1
	ACELP
	5.3
	30


  

[bookmark: _Toc38719398]Quality of Service (QoS)
Quality of service (QoS) is a service that allows to prioritize certain types of traffic over others. Different types of traffic place different demands on the network, for example, voice and video traffic requires greater resources from the network. They require more bandwidth to achieve the quality needed in a phone call or streaming video. QoS is needed at points in the network where congestion is experienced. Traffic congestion can occur at points where an aggregation of many links such as many computers or many users all have to go across a single wire, and it can also be experienced when there is speed mismatch, i.e. when going from faster link to lower link, for example, 1000Mbps to 100Mbps. Moreover, congestion can occur when traffic is crossing from WAN to LAN or vice versa. Without QoS, packets are processed in the order as they are received. This implies VoIP packets will be treated as the normal data packets when they are transported across the network. In other words, when there is congestion in the network, VoIP packets are kept in a queue of the device memory until resources become ready to carry them, and this will cause delay and packet loss, leading to the voice distortion. Hence, implementing QoS is essential in VoIP system. In the case of VoIP, the main factors that can  affect its quality are listed below [22] [23].
· Bandwidth- is a network parameter that measures the network capability in the number of bits that can be sent per second. Lack of bandwidth can make an impact on the performance of network applications such as quality of the voice. The maximum available bandwidth is determined by the slowest link in the network which is known as bottleneck. This means, the maximum available bandwidth equals the bandwidth of the slowest link (bottleneck). As a result, multiple flows are competing for the same bandwidth (bottleneck), resulting in much less bandwidth being available to one single application. Thereby, lack of bandwidth creates network congestion that leads into QoS difficulties for VoIP traffics. However, network congestion can be avoided by applying QoS features and increasing link capacity (bandwidth). Traffic prioritization and traffic compression are QoS tools where they can be used to provide enough room of the existing bandwidth for VoIP applications over other traffics [24].
· Delay- is one of the main factors that significantly affects the performance of VoIP. This is mainly because real-time applications such as voice are sensitive to delay and packet loss. Therefore, it is important to decrease the overall delay in IP network in order to improve the performance of VoIP technology. Delay or latency is the time it takes for a packet to move from sender to receiver across the network connection. According to the ITU-U standards, VoIP delay should be less than 150ms for one-way communication. In VoIP delay can be affected by several factors such as codec delay, queuing delay, packetization delay, propagation delay, serialization delay, de-jitter delay and others. However, delay can be controlled by increasing network bandwidth and prioritizing real-time applications over other traffics. Besides, selecting codec algorithm and queuing algorithm are essential to manage delay for voice over IP network [25] [26]. 
· Jitter- is a term used to define the difference in time of packet arrival for back to back packets. However, it is very difficult to transmit voice packets across an IP network at a constant rate. This is because, IP network is designed for unpredictable network traffics accordingly creates variable delay between each inter-arrival data packets. Jitter is caused by network congestion, incorrect queuing, incorrect configuration, a change in path and others. Based on ITU-U, the minimum jitter value for voice over IP should be less than 50ms for one-way communication. Therefore, it is important to monitor and minimize jitter to improve the performance of the VoIP system. Implementing de-jitter QoS tool at the input of the receiver side helps to manage the variation delay and reorder the packets [22] [24].
· Packet loss- VoIP is delay and drop sensitive to packets. Hence, re-transmission of dropped packets is not applicable to VoIP. This is because VoIP uses UDP and RTP which are non-reliable transmission protocols. Packet loss can occur due to network congestion or lacking enough delay buffer size at recipient side. According to the ITU-U, the minimum packet loss for voice over IP should be less than 1% to be acceptable in VoIP. To achieve this, network congestion should be avoided by implementing QoS mechanisms and providing a guaranteed bandwidth for voice calls over other traffics. Moreover, prioritizing voice calls over other traffics minimizes packet loss in network. Besides, error cover-up tool can be implemented to recover lost packets of voice streams [27] [26] [22] [24].

[bookmark: _Toc38719399]Voice Traffic Engineering
In IP network, traffic flow is unpredictable and complex than traditional based telecommunication (PSTN). Besides, the internet is a mix of applications such as data, voice and video. However, originally IP functionality is not designed for real-time applications over the internet. Thus, it is essential to understand traffic in IP to optimize the performance of VoIP. One of the main challenges in VoIP is to manage and control traffic through the IP network. In VoIP, traffic engineering is a method of allocating traffic flows across the network by modifying capacity management to achieve a certain level of service to users. To do so, traffic engineering minimizes traffic congestion and improves bandwidth operation to maximise the performance of voice calls over IP network [28]. 
In PSTN system, traffics are measured based on statistical calculations such as call blocking probability, traffic load and number of trunks. The number of incoming calls is bounded by the number of trunks or servers. This implies that incoming calls are only served depending on the availability of trunks. In other words, the incoming call can be blocked or cleared due to the finite resources of trunks (circuits). Furthermore, the arrival of calls is not predictable. Hence, it is important to analyse traffic in order to achieve a good balance between the quality of service and resizing of the available resources. This can be represented in triangular relationship among demand, capacity and performance see figure 5 below. This triangular relationship can be described in numerical using mathematical models such as Erlang B [29]. The arrival process is defined in the famous mathematical formula called Poisson call process [30].
[image: ]
[bookmark: _Toc38722192]Figure 5: triangular relationship between demand, capacity and performance [29].
 
In packet-switched network, packet arrival process is random which is similar to the PSTN system. However, it differs from the packet-switched networks. These networks serve any incoming packets based on First in First out (FIFO). Unlike in PSTN, packets are constrained by the availability of bandwidth and outgoing links. Thus, incoming packets can be held on queue or buffered for later transmission due to the limited resource of bandwidth. Consequently, this creates delay and packet loss which is not applicable to voice communication across an IP network. However, this problem can be controlled using mathematical model which is more applicable in telecommunication system. There are several factors which are important to accurately analyse traffic in telecommunication. The most common are traffic load, grade of service, traffic types and sampling methods  [31]. 
In telecommunication, traffic or traffic intensity is defined as the amount of data or voice served during a particular period of time. Traffic intensity is dimensionless unit measured in Erlang (E) which is calculated in reference to the Average Hold Time (AHT). This measurement is named after A.K. Erlang, the Danish mathematician. AHT is calculated by adding all calls during a particular period of time divided by the number of total calls over that time. Thus, traffic intensity in erlangs is computed by multiplying AHT and the total number of calls in that time divided by 3600. One erlang is equal to 3600 seconds this means, on average one channel is busy for traffic of one erlang. Another counterpart unit to measure traffic load in telecommunication field is centum call seconds (CCS). One CCS is equal to 100 seconds of calls on a specific channel. The formula for calculating traffic intensity in erlangs can be represented as shown Eq. (1). The two measurement units can be linked as: 1erlang = 36 CCS [3] [32].
Traffic intensity (A)= (Call Rate × AHT)/3600   ………………………… (Equation 1)
Where call rate represents the total number of calls during a specific period of time and AHT is the average call holding time. For example, if a company receives 40 calls in one hour, and each call had an AHT of 3 minutes, then the traffic load in erlangs and CCS can be calculated respectively as follows:
                                  
                            Traffic in erlangs = (40×3×60)/3600 = 2 Erlangs 
                            Traffic in CCS = (40×3×60)/100 = 72 CSS
[bookmark: _Toc38719400]Grade of Service (GoS)
Grade of Service (GoS) is the probability of the trunk being occupied (busy). This means, it is a measure of the call blocking in voice traffic during the busiest hour. It is expressed in the form of P.XX blocking value, where XX represents as the probability of calls that are blocked in percentage. In tele traffic, the number of users that a network can handle is defined by the number of trunks that are accessible in the network, that is, GoS or quality of service is decided by the number of trunks in the network. However, in VoIP GoS can be defined as the probability of voice queued until network resource is available. Thus, GoS is used to manage the performance and quality of service of a telecommunication network.
[bookmark: _Toc38719401]Traffic process
It is good practice to have a good understanding of how traffic process is in telecommunication system. This can help to select the appropriate traffic model. Traffic in telecommunication is modelled using mathematical formula based on the availability of resources and traffic characteristics. Figure 9 demonstrates the terminologies that are used in traffic engineering.
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[bookmark: _Toc38722193]Figure 6: Traffic operation [33].
There are several terminologies that are used in telecommunication. The common terms are explained below.
· Carried traffic- is the traffic carried in one channel link, while offered traffic is the maximum traffic that one link can provide to users. In offered traffic, calls can be lost or wait in a queue to try again due to all the trunks are occupied. In a system when the calls are dropped, carried traffic can be calculated using Eq. (2) [3].
Carried traffic = offered traffic – traffic lost………… (Equation 2)
        And, the percentage of calls that is blocked can be written as: 
GoS (B) = traffic lost/offered traffic………………… (Equation 3)
 Thus, substituting Eq. (3) into Eq. (2), can be transformed into Eq. (4) below. However, this formula only applies to calls that are lost or dropped when the trunks are busy.
Carried traffic = offered traffic(1-GoS) ……………… (Equation 4)
· Call arrival process- is essential to select an appropriate traffic model in order to achieve optimal operational efficiency of the system. However, traffic arrival is random in a telephone exchange, that is, it is possible that customers can call at random, where calls arriving in separate time interval independent of each other. This arrival process can be represented using the standard theory called Poisson process. It is a statistical experiment which can be applied to model the arrival of a continuous random calls in telecommunication system [34] [35]. The formula for Poisson process can be represented as in Eq. (5) [36] [30].
Ƒ(x;µ) = µx e-µ ……………………. (Equation 5)
                                           X!
Where X! is the factorial of X, e is a positive non-interger value of 2.71828… and µ represent events in a period of time where µ>0.
· [bookmark: _GoBack]Blocked calls [34] takes place when excess traffics are unable to be carried by the available resources. In other words, it is the traffic that cannot be served by available trunks. Using Eq. (2), blocked calls can be calculated by subtracting carried traffic from offered traffic. Blocked calls include calls that are rejected, retried, or transferred to another trunk. It can also be represented as the GoS of the system. Hence, analysing the character of the blocked calls helps to utilise and design the appropriate traffic model in order to achieve the optimal capability of the available resources.
These terminologies are the most common used in telecommunication. Besides, the concept and context of these terms applies to VoIP system. Based on the above research, call arrival process, blocked calls, carried and offered traffic are important patterns to select best traffic model that suits most to the network system. Additionally, the number of resources and call holding time are significant to decide the perfect traffic model. The procedure of selecting the best traffic model that suits to a given situation is depicted in Fig.10. In a nutshell, selecting traffic model is determined based on traffic arrival process, types of blocked calls and number of sources. There are various traffic models, however, the most popular which are applicable to VoIP system are Erlang B, Extended Erlang B, and Erlang C.
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[bookmark: _Toc38722194]Figure 7: decision tree [34].

[bookmark: _Toc38719402]Erlang B
Erlang B is the most popular probability formula in telecommunication that can be used when blocked calls are cleared, for instance, when all the available trunks are occupied. It all started by the famous Danish scientist A.K Erlang (1878-1929). The formula is developed based on unlimited sources, random call arrival, blocked calls and call holding time. However, Erlang B formula does not include calls that are retried. Hence, this formula is more applicable to design for low blocking. It is designed with three parameters: trunks, traffic intensity and Grade of service. Both traffic intensity and GoS in the formula are appropriate to packet-switched networks. However, the third parameter is not related to a VoIP system. This is because in packet-switched networks, system capacity is linked to link speed or bandwidth. Hence, the number of trunks in the formula can be associated to bandwidth calculation [37]. The Erlang B traffic model formula can be given as in Eq. (6) to calculate the probability of blocking (P) or GoS.
          …………….. (Equation 6)

Where, A represents the offered traffic and N is the number of servers (trunks). Thus, Eq. (6) can be used to find traffic load, if the values of A and N are known. For instance, if the value of N=3 and the offered traffic A=2 erlang. Then, the probability of block P can be calculated using Eq. (6) as follows:
   = = 0.211=21.1%
From the above example, it can be concluded that if the value of N increases, then the value of call block probability reduces. In addition, the formula operates the same as derived for M/M/1/k queuing system. Hence, Erlang B is applicable to estimate packet loss in VoIP system [38]. However, the situation is different in VoIP environment. Unlike in PSTN, the link is distributed among various data flows [39]. As a result, the link speed is the main feature for VoIP environment. Therefore, the number of trunks parameter (N) in the Erlang B model can be replaced with the link capacity. Moreover, there are various factors that affect the performance of VoIP such as frame size, sample size, packetization interval, codec selection, etc. Thus, traffic load (utilization) in VoIP can be given as in Eq. (7) [40].
 …………. (Equation 7)
Where,  is the packet arrival rate per time unit, and   is average packet transmission time. The measurement of  is in erlang. As an example, if the link speed between two routers is 2Gbps, and approximately 30,000 new packets are arriving with packet length of 1500 bytes. Then, the traffic load, .
The amount of bandwidth that is required for one VoIP call of using a specific codec can be obtained as in Eq. (8) [38].
 bit/s………. Equation 8
Where, d is the packet size and is the packetization time. Besides, the ideal bandwidth required for simultaneous connections can be derived using Eq. (9) [38].
  ……………. Equation 9
Where, W is the link capacity, B is the amount of bandwidth. Substituting Eq. (8) into Eq. (9) gives   bit/sec.
At this stage, all the parameters which are required for Erlang B formula are proved. Thus, theoretically Erlang B can be used to estimate packet loss in a VoIP environment. Therefore, Eq. (6) can be rewritten as follows:
                                                                                              
                                                                                  
Where,  is the traffic load in erlangs, and B is the link capacity in bits/sec. However, bandwidth calculation includes various parameters. It includes voice packet size and protocol stack overhead (L2, IP, UDP, RTP). Therefore, the total packet size is the addition of voice payload size and total packet size of the protocol stack overhead. In addition, the number of packets transmitted per second can be calculated by dividing the codec bit rate to voice payload size. Hence, bandwidth is the product of total packet size and number of packets per second. The formula can be expressed as in Eq. (10) [41] [42].

Bandwidth = packet size*packets per second…………. Equation 10
Suppose a company headquarter office is connected to its branch office using 802.2 Ethernet network. The company also uses G.711 codec with voice payload of 20 bytes to make 20 calls simultaneously. Thus, bandwidth can be calculated as:
   Total packet size in bits = voice payload in bits + (L2+RTP+IP+UDP) =20*8 + (18 +12 + 20 +8) = 160 + 58 = 218 bits
                           Packets transmitted per second = 64000/160*8 = 50pps
                            Bandwidth = 218 bits * 50*8= 87200 bits/sec= 87.2kbps for one voice call. Therefore, the total bandwidth that is required to handle for 20 calls at a time can be calculated as: 87.2kbps*20= 1744kbps = 1.744Mbps.
[bookmark: _Toc38719403]Erlang C
Erlang C is another traffic model that can be used to predict the probability of delaying a call. It can be used to estimate bandwidth in telecommunication system. It is built based on similar parameters of the Erlang B model, with the exception blocked calls are delayed. It is designed based on multiple conditions such as blocked calls delayed, Poisson arrival, unlimited sources and call holding time. The formula of Erlang C can be given in Eq. (11) [3].
 ………… (Equation11)
Where, a represents traffic intensity in erlang, c is the number of trunks and C (c, a) is the delay factor. In packet-switched network, packets can wait in buffer, if the link is occupied. Thus, delay is the total of the waiting time in buffer and the time of transmission.
[bookmark: _Toc38719404]SUMMARY
The intention of this chapter is to overview all the underlying features that are related to VoIP system and the development of this project. The research highlights the various VoIP protocols and standards such as H.323 and SIP. It also covered various characteristics of VoIP codecs. The author has explained the effect of code selection based on their packetization time, compression method and others. In addition, it introduced the basic concept of QoS. Further, the author has explained in detail the different traffic modelling techniques such as Erlang B and Erlang C that are related to this project.
The next chapter will cover a literature review of works related to traffic engineering for Voice over IP using Erlang models.











[bookmark: _Toc38719405]CHAPTER 3 - RELATED WORK
[bookmark: _Toc38719406]OVERVIEW
The purpose of this section is to undertake a literature survey in applying Erlang theory to manage and control traffics in VoIP environment, in order to enable the author to develop a VoIP system that is applicable to medium sized companies. This section will seek to examine the procedures and resources that are used to develop similar projects. Therefore, this section will benefit the author in getting more information and understanding of utilising Erlang theory to design and implement traffic flow in VoIP network. The author will use this section to develop this project by reviewing and examining these surveys.
[bookmark: _Toc38719407]LITERATURE REVIEW
Abdelwahab and Hilles in [43], researched the important elements of managing traffic flow in a VoIP network based on a resource-based control mechanism. The paper reviews traffic engineering of circuit-switched and packet-switched networks in applying Erlang B traffic model. Furthermore, the authors present the concept max call load to control the number of calls using Call Admission Control (CAC) technique to employ Erlang B model in a VoIP environment. The maximum call load is characterised by link speed and packet throughput. Call Admission Control (CAC) [44], is a method that can be utilised to control the number of incoming calls when there is not enough room for bandwidth to transmit the voice data in IP network. This is because IP network approves any incoming calls on first come first served process. As a result, congestion can occur which leads to packet loss and delay. CAC technique can be based on measurement-based or resource-based control mechanism. The measurement method utilises Resource ReSerVation Protocol (RSVP) to manage bandwidth allocation for voice calls over the internet while, resource-based is used to allocate bandwidth based on estimation. Besides, the paper highlights the benefits of routing protocols in traffic engineering using shortest path algorithm such as OSPF and IS-IS to maximise the performance of the network.
The authors concluded that max call load can be used to replace the number of trunks in the Erlang B model in order to estimate the number of calls in a VoIP network. The max call load includes bandwidth and data rate (throughput). The authors recommended to include system limitation of network devices to calculate the max call capacity for VoIP traffic engineering [43].
In [4] an experiment-based method to estimate packet loss for a VoIP network using the Erlang B traffic model was presented. The authors design a basic network layout that contains two machines in a simulation software called Network Simulator 2 (NS2), to demonstrate the utilising of Erlang B for VoIP calls across an IP network. NS2 is an open-source simulation software that is designed for research in communication network [45]. The experiment was conducted based on G.711 audio codec, where the number of simultaneous calls is 11 at a time and with other various input conditions to vary. The result of the experiment showed that the theoretical estimation delivers a higher limit than the measured packet loss in all conditions. This is due to the fact that packets are kept in the waiting container called buffer until the link becomes free of traffic load to transmit the packets to the next node or destination device. Large buffer size is determined to have less packet loss, but there is a chance of transmission delay to increase, which can result in poor-quality service for real-time applications. Hence, packet loss calculation can be affected by the buffer size of the devices in the network. However, the Erlang B formula can be utilised to estimate the higher limits of the packet loss without considering buffer size [4]. The method used was simple and effective to measure bandwidth efficiency in VoIP system. However, this paper does not consider other parameters of VoIP such as delay and jitter.
Similar authors in [38] produced a comprehensive comparison between Erlang B formula and M/G/1/K queue model using NS2 simulation software to measure packet loss in VoIP environment. The focus of this paper is to provide the best technique or solution to measure packet loss chance in VoIP mesh. The results from [38] showed that Erlang loss formula gives good estimation when the traffic load is <=20 Erl, and the M/G/1/K queue model offers good calculation in the event over higher values of traffic load. The M/G/1/K is a standard formula of describing queues, where M represents Markovian arrival process, i.e. Poisson, G is the general distribution of service time, and the number of servers is equal to 1 [46]. However, it is necessary to use both models to get a better estimation of the packet loss measurement [38].   
The researchers in [47] reviewed and examined the operation of Erlang B and C formulas on video traffic in IP connectivity. The authors utilise MATLAB simulation software to compare the results with real-time implemented. The real measurement is based on a variable bit rate of video traffics through one link using Linux machine that functions as a server, router, and three other client machines to generate and receive video traffics. Linux ability to alter packets can be used to operate as a router to label and create filters, classes and queues for traffic engineering. The authors of this paper utilise Random Early Detection (RED) and Stochastic Fairness Queuing (SFQ) as queue tools for Erlang B and Erlang C, respectively. Erlang C from MATLAB simulation provides good estimation with the real-time measurements due to the capability of the SFQ queue mechanism. But this does not provide accurate results on packet loss. The result of the experiment proved that packet loss estimation using Erlang formulas provides a higher value compared to the live measurements due to data transmission process in IP network and the various attributes of VBR video [47].
The system proposed by the authors is efficient to estimate packet loss in the IP network using Erlang traffic models. This simple and cost-effective method enables the collection of accurate data by implementing in real-time. It also identifies the effect of choosing traffic models in the IP network. However, implementing Linux OS to collect and analyse data is a complex procedure. Furthermore, the simulation does not examine the performance of VoIP traffics with the other constraints such as latency and jitter.
 Yu and Ajarmeh in [1], presented an experiment-based method to achieve traffic engineering of VoIP system using Erlang loss formula. The authors of this paper provide a comprehensive survey of traffic management for voice over an IP mesh, as well as, an improved traffic management method for VoIP using resource-based control method. The resource-based control can be used to calculate the amount of bandwidth required for the maximum number of calls in voice over IP design. Therefore, the number of calls can be applied to replace the capacity of trunks in the Erlang B formula.  The maximum number of calls depends on the number of packets transmitted per second and the rate of data carried in bits per second. Thus, maximum number of calls is limited by the capability of network devices such as routers and switches to process packets in seconds and the rate of data transferred through a given link. Furthermore, the authors researched various VoIP network designs, including VoIP for enterprise network, access network and carrier Voice over IP backbone. 
The experiment in [1] was conducted on four different network designs and connections on Linux platform to accurately measure the maximum number of calls under various conditions of VoIP network. It was carried out on several audio codecs such as G.711, G.729A and G.723.1 with various packet sampling rate. The first experiment was performed on two Linux computers connected through cisco 2950 switch on full-duplex 10/1000BaseTX connection, the second was on two routers through serial link of various bandwidth, including 768Kbps, 2Mbps and 4Mbps on full-duplex connection, the third was using three routers on half-duplex connection, and the last method used was using Linux computer as a router. The results from [1]  indicated that increasing the sampling rate increases the number of calls in VoIP system. However, this increases the delay, thus degrades the quality of voice. In addition, estimating the maximum number of calls in reliance on the link bandwidth capacity provided inaccurate measurement, particularly with the fast speed connections. Consequently, the appropriate procedure to calculate the number of calls in a VoIP network includes bandwidth and the rate of data packets [1]. 
 The proposed system is satisfactory to determine the number of calls supported for a given VoIP network using the Erlang B formula. The approach of examining on a various codec with different link speed and network devices approves to be the perfect method to measure the maximum number of calls. However, the experiment does not inspect the performance of VoIP traffic with other applications such as FTP, HTTP and others. Furthermore, the approach of using Linux OS and Cisco devices is difficult and expensive to implement.
[bookmark: _Toc38719408]SUMMARY
From the literature, bandwidth is not the only factor that can affect the performance of voice over IP network. The author concluded that there are various factors which are important to develop the complete design of this project. The Erlang formulas are perfect traffic management tools for PSTN systems. However, Erlang B needs to be modified in order to be applicable for VoIP design. Thus, the author has determined that Erlang B model is more applicable for traffic engineering of VoIP network when it is deployed using Call Admission Control technique.









[bookmark: _Toc38719409]CHAPTER 4 - RESEARCH METHODS AND DEVELOPMENT METHODOLOGY
[bookmark: _Toc38719410]OVERVIEW
The target of this chapter is to identify the different research methodologies and procedures, which were used to develop and produce the aims and objectives of the project. The main purpose of the project was to deploy traffic management models for a VoIP design using the Erlang B formula. This chapter will briefly explore and investigate the research methodologies, which is based on the research onion principle [48].
[bookmark: _Toc38719411]RESEARCH PROCESS
The research process is based on an experiment that was used to design and manage traffics for VoIP using the Erlang loss formula. It comprises in-depth literature studies to develop a structured approach designed at utilising the Erlang B formula for traffic engineering of VoIP. The research process helps to identify and gain a better understanding of the formulated problem by cross-referencing the authenticity and reliability of the information research. Thus, creating a structured research methodology, the researcher follows the research onion principle [48]. Figure 8 explains the research onion elements. 

[image: ]
[bookmark: _Toc38722195]Figure 8:the research onion [49].

[bookmark: _Toc38719412]RESEARCH PHILOSOPHY
Research philosophy is an essential part of a research methodology which defines how the research is investigated to justify the research process. The research philosophy is classified as Positivism, Realism and Interpretivism. Positivism is an approach that builds on scientific evidence, to justify by means of gathering data, observing, and analysing in a factual manner. This philosophy uses namely experiment and statistical evidence methods to vindicate the assumptions created, and this project is an experiment based which includes testing and analysing the results. Thus, the philosophy used in this research is based on Positivism [50].
[bookmark: _Toc38719413]RESEARCH APPROACH
The deductive method was used as a research approach to examine and complete the study in order to confirm or reject the aims and objectives of the project. It was used to investigate the research by relying on the available facts from the previous work results, which are similar or related to the project. Therefore, a comprehensive study was conducted based on similar literature works to perceive the procedures and methods used in the experiment to achieve the requirements of the project. Hence, the deductive reasoning was used as a research approach for the project [51].
[bookmark: _Toc38719414]RESEARCH DESIGN
The role of a research design is to integrate the different ideas of the research to the chosen procedures of the project in a consistent and logical way, thus, offering the direction to the aims and objectives of the project. The research design contains several methods to examine and explore the research results to utilise Erlang B formula for traffic engineering of voice over IP environment. It is build based on the philosophy of the available facts developed from the literature review process on utilising Erlang B formula for VoIP technology to perform an experiment-based research. A design process that integrates the various components of the study has been created (see figure 9) to achieve the experiment of applying Erlang B for VoIP technology using NetSim simulation platform.
[image: ]
[bookmark: _Toc38722196]Figure 9: Research Design Process.

[bookmark: _Toc38719415]DATA COLLECTION
The data collection concept which is based on the research onion principles (please see Fig.8) contains several methods namely interviews, observation, surveys, and sampling. As presented earlier the researcher has used various methods to collect data which includes similar work findings, literature review and experiment of the project, thereby, the author has gained a better understanding of the Erlang B formula and VoIP technology. Table 2 below illustrates the data gathering methods.





[bookmark: _Toc38594941]Table 2: data collection method.
	Sections
	                                Data gathering methods

	
	Data types
	Action Research 

	Literature review

	Qualitative- from literature review.
	Discuss on similar work findings and develop better understanding on VoIP technology and Erlangs models.

	Research methodology
	Qualitative-research methodologies.
	Survey on previous works and findings.   

	Design and Implementation
	Qualitative- create a project design based on the literature review.
	Observation from previous works and studies.

	Testing and evaluation
	Qualitative- based on experiment and literature survey.
	Creating results from the experiment.

	Conclusion and recommendation
	Qualitative
	Reflection based on the previous studies and result

	Reflection 
	Qualitative
	Reflection based on the previous studies and result


                                                                                                                              

[bookmark: _Toc38719416]TIME HORIZONS
The time horizon is part of the research onion concept that deals with the time limit of the project to be accomplished. According to Saunders et al in [50], there are two types of time horizons namely cross-sectional and longitudinal methods. The cross-sectional method applies to observing and collecting information at a certain point in time, while longitudinal methods refer to observing and gathering information over an extended period. In this project, the data will be observed and collected at a certain point in time on a NetSim simulation software, hence, the time horizon selected is cross-sectional. Figure 10 shows the timeline of the major tasks and milestones used in operating this research study.

[bookmark: _Toc38722197]Figure 10: major milestones of the research.

[bookmark: _Toc38719417]DEVELOPMENT METHODOLOGY
The author proceeds to use NetSim simulation software to compare the theoretical with the experimental results. Thus, the development methodology follows an iterative process which is rested on feature-driven development (FDD) procedure [52]. Figure14 shows the development approach for this projcet.
[image: ]
[bookmark: _Toc38722198]Figure 14: development methodology approach.


[bookmark: _Toc38719418]SUMMARY
In summary, the research onion pattern was used to design the procedure of an experimental research. The procedures selected were; Positivism, deductive reasoning, experiment, cross-sectional, qualitative, sampling and observation. These approaches have been appropriate and associated to this project. The data collected and observed from the simulation software will be examined to approve or reject of applying Erlang B formula for a VoIP technology. 
The next section will focus on the design and implementation of creating a prototype to utilise Erlang B model of applying in a VoIP environment.

















[bookmark: _Toc38719419]CHAPTER 5 - DESIGN AND IMPLEMENTAION

[bookmark: _Toc38719420]OVERVIEW
The internet and advancement of new technology is providing a low cost, simple and flexible communication to individuals and business companies. Nowadays, the most common communication system is the VoIP technology which uses the IP as a platform for communication. However, the IP is not designed to transport voice. As a result, implementing voice over IP is complex, and requires reliable traffic management methods to be deployed on IP network.  This section focuses on the design and development of utilising Erlang B formula for traffic engineering of a VoIP network based on previous findings and related work. This formula is used to design traffic flow in the old telecommunication system. 
[bookmark: _Toc38719421]PROBLEM FORMULATION
Today, VoIP is becoming the main communication system in the world due to its cost-effective and simplicity. However, deploying VoIP is technically challenging, and has a very low QoS comparing to PSTN.
The internet (IP) is the main platform for VoIP development, though it is not originally designed for transporting voice. However, real-time applications such as voice and video are sensitive to delay, packet loss and jitter. One of the main issues in VoIP network is that the available bandwidth is a limited resource, and this can result to network congestion. Therefore, bandwidth must be reserved and distributed to achieve a desirable QoS. However, it is difficult to properly distribute and reserve the amount of bandwidth needed in a shared medium to provide an acceptable QoS of VoIP. Furthermore, voice packets can be dropped when the network is congested. Therefore, implementing VoIP network requires strict traffic classification and prioritization in order to deliver a good quality service to customers. To achieve this, the author proceeds an experimental approach using a specialized network simulation software called NetSim. The author utilises Erlang B mathematical formula to estimate call blocking probability in a VoIP environment based on link capacity (Bandwidth).

[bookmark: _Toc38719422]DESIGN
It is good practice to create an ideal design of the implementation before implementing them. Thus, the author first builds a network design using draw.io to apply the knowledge of the concept aimed to proceed on NetSim simulation software. The system design contains various network devices such as PC’s, routers and switches. The proposed system is designed to represent the actual enterprise network system; hence, it contains one head office, three branch office and data center where all are connected through the backbone router. The data center unit contains FTP server, Database server and Email server where all are connected to the backbone router via cloud. These servers are used to receive background traffic which are generated from nodes or clients. This helps to evaluate the effects of the background traffic on the VoIP. Further, the model contains one PC as a VoIP server. Figure 12 illustrates the logical topology of the proposed system.
[image: ]
[bookmark: _Toc38722199]Figure 12: the proposed system design [53].
In this proposed system, the author has used the OSPF protocol to create connectivity between the enterprise branch offices and the cloud data center. This is because OSPF has an effective capability for traffic engineering purposes and fast convergence. Therefore, the author intended to use OSPF for this project.


[bookmark: _Toc38719423]IMPLEMENTATION DESIGN

[image: ]
[bookmark: _Toc38722200]Figure 13: Implementation prototype design on NetSim.

[bookmark: _Toc38719424]IMPLEMENTATION 
This project is aimed to implement traffic engineering methods that can be applicable for voice over IP system. The overall system is designed and implemented on simulation software. Setting up experimental equipment for real-time networking measurements is expensive. In contrast, the use of simulation software’s such as NetSim is affordable, effective and realistic. Moreover, NetSim is the only network simulation software for the university use. In this project, the author will be using NetSim simulation software in conjunction with Wireshark.
[bookmark: _Toc38719425]SOFTWARE
· NetSim (Academic version)
NetSim is a commercial network simulation software which can be used to virtually create a network containing network devices, links, applications etc. This software can be used to analyse the behaviour and performance of the network. Moreover, it can be used for various reasons such as analysing the performance of protocols, application modelling and analysing, network design and planning, test and verification. This software enables the users to examine various protocols operating in many networks namely LTE networks, Internetworks, Legacy & Cellular networks, Software Defined Networks, wireless sensor networks and Internet of Things. Furthermore, NetSim is capable of interfacing with external sources such as MATLAB and Wireshark. NetSim and MATLAB are the only available simulation software for the use in the university. However, the academic version of NetSim does not support interfacing with MATLAB software. Therefore, in this project the author will be using NetSim academic version interfacing with Wireshark software [54] [55]. 

· Wireshark 
Wireshark is a free tool that can be used to capture and analyse network data packet. It is most widely used to examine network data packets with supreme depth. Thus, Wireshark is utilised to troubleshoot network problems, explore security problems, debug network protocols and others. In this project, the author will be utilising the benefits of Wireshark to capture and analyse packets transmitted to the VoIP server [56].
[bookmark: _Toc38719426]IMPLEMENTATION ON NETSIM
The author proceeded to use the internetwork library in NetSim to implement and design the proposed system. An internetworks library in NetSim enables users to create a scalable computer networks of interconnected LANs. It contains various network devices such as routers, switches, Access Points (AP) and PC’s. In this project, routers are used to connect the LANs with each other using OSPF routing protocol. Figure 14 below shows the design of the proposed system on NetSim.

[image: ]
[bookmark: _Toc38722201]Figure 14: network design on NetSim.
[bookmark: _Toc38719427]Simulation Assumptions 
The simulation is based on the following assumptions:
· All links operate at 100Mbs except that the links between routers 33, 32 and 44 to router 34 operating at 2Mbs.
· Simulation contains FTP, Email and database traffic beside the VoIP traffic.
· Simulation time is100 sec.
·  VoIP codec is based on custom codec.
· Inter arrival time for Poisson process ranging from 20000 micro sec to 300000 micro sec.
· Traffic type is constant bit rate (CBR) etc.










Table 3 summarizes the modelling assumptions for this project.
	Parameters
	description

	Protocol
	OSPF

	Simulation time
	100 sec

	Traffic types
	VoIP, FTP, Email and database 

	Service type
	CBR

	Inter arrival process
	Poisson process

	Inter arrival time
	20000 micro sec to 300000 micro sec

	Start time 
	At 40 sec for VoIP and at 30 sec for other traffics.

	Nodes 
	38



Firstly, applications are created from the application icon of the NetSim. The implementation consists of 29 voice clients which are generating traffic at constant bit rate (CBR) to the VoIP server (HQ_PC1). It also includes FTP, Email and Database applications to generate background traffic. These traffics are added to evaluate the effects on the VoIP traffic and emulate the characteristics of an IP network. The simulation is set up with various parameters. For the voice applications, the author aimed to utilise custom codecs of packet size 160 Bytes, and they were set up to start at 40sec after the simulation starts to avoid packets from dropping before the OSPF convergence. In NetSim, the inter arrival time remains constant for all the G.7xx codec family except custom codecs (please see Figure 15). Thus, the author aimed to use custom codec so that to alter the inter arrival time of the packets. Moreover, packet arrival is set up to be exponential in order to achieve Poisson arrival process. In addition, the inter arrival time is altered every 20000 micro sec ranging from 20000 micro sec(0.02sec) to 300000 micro sec(0.3sec) for the VoIP applications.

[image: ]
[bookmark: _Toc38722202]Figure 15: Voice application parameters.
Moreover, 6 FTP, 11 Email and one Database applications were created to generate background traffic. All these applications are set up to be on their default configuration, except they are configured to start at 30 sec after the simulation time starts.
As it is explained in section 2.1.5 VoIP employs UDP as the transport protocol, thus, the author proceeded to disable the TCP protocol for all the VoIP clients (please see Figure 16). 
[image: ]
[bookmark: _Toc38722203]Figure 16: TCP protocol disabled.
To investigate the effects of network congestion, the link capacity (Bandwidth) between the default gateway router of the south office building and the backbone router is configured 2Mbs in full duplex mode. Likewise, buffer size of the backbone router is increased to 8Mb in order to minimize queuing delay on these links. In addition, the link to router 32 and router 44 from the backbone is set up to 2Mbs. All other links are configured to operate at 100Mbs. Besides, all links are operating in full duplex mode. Figure 17 illustrates the link capacity configuration between the edge router and the backbone router.
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[bookmark: _Toc38722204]Figure 17: link speed configuration menu on NetSim.
Figure 18 below shows the final implementation of the system. The yellow lines represent VoIP applications. In total 29 voice applications were created. Besides, FTP, Email and Database applications which are represented in light blue, red and green lines respectively were established. The simulation aimed to run for 15 times to evaluate the effects of inter arrival time on the system. In the implementation, the inter arrival time ranges from 0.02 sec to 0.3 sec, and each simulation runs for 100 sec. Thus, enabling the author to calculate traffic load for each inter arrival time on the network.

[image: ]
[bookmark: _Toc38722205]Figure 18: final implementation of the system.

[bookmark: _Toc38719428]SUMMARY 
This section explained an in-depth outline of the implementation and design of this project. The author has addressed the procedures and concepts that were used in implementing this project based on the study carried out in the preceding sections. Thus, it clarifies the reasons behind why and how the implementation is chosen in such a way. Moreover, this chapter identified the challenges and issues in traffic engineering of a VoIP network. Furthermore, the author provides a blueprint design before the actual implementation.
The next chapter will focus on the results and analysis obtained from the experiment.






[bookmark: _Toc38719429]CHAPTER 6 - RESULTS AND DISCUSSIONS
[bookmark: _Toc38719430]OVERVIEW
This chapter covers in-depth analysis and discussions on the results of the implementation. It also explains the development of the implementation and justifies the results through in-depth explanation and analysis. Furthermore, it contains the results and findings of the project to identify if the aim and objectives have been achieved.
[bookmark: _Toc38719431]RESULTS AND ANALYSIS
The simulation scenario assumes 15 simulations, in which inter arrival time is changed from 0.02 sec to 0.3 sec in steps of 0.02 sec. Packet arrival rate can affect traffic differently. Therefore, the author utilises packet arrival to evaluate the effects on the voice applications. In addition, service rate is used to calculate traffic load in the network. The service rate is the time taken to service each packet which is calculated based on the bottleneck link capacity of the system i.e. 2Mbs. NetSim can generate raw data of each packet event in excel format. Figure 19 shows a sample data generated when the inter arrival time is set 20000 micro sec. The payload size at the PHY_LAYER is the total packet size which is the addition of the voice packet size (160 Bytes) and protocol overhead stack (L2, IP, UDP). Therefore, the service rate for each packet is calculated as follows:
                                  Service rate =  =  = 1168.22 packet/sec.
As it can be seen on figure 19, the payload size for each packet transferred to the VoIP server is 214 bytes which is calculated as (160 + 8+20+26).
[image: ]
[bookmark: _Toc38722206]Figure 19: event trace when inter arrival time is 20000 micro sec.
Moreover, the author has used Wireshark to capture and analyse voice packets transmitted to the VoIP server to estimate packet arrival rate on the system. The voice packets were created to start at 40 sec after the simulation time started. Figure 20 shows the number of packets transmitted when the packet arrival time was 20000 micro sec. As it can been seen, the maximum number of packets transmitted was 1837 at 42 sec. However, the average packet transmitted per second for this sample was 854.2 (please see figure 21). At this point, the traffic load (utilization) can be calculated as follows:
                                                Traffic load = 
Therefore, the traffic load for this output sample is  and this way the traffic load was calculated for each simulation round. The packet arrival rate for each simulation is obtained from Wireshark. However, service rate remains constant for all simulation rounds.

[image: ]
[bookmark: _Toc38722207]Figure 20: the number of voice packets transmitted per second.
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[bookmark: _Toc38722208]Figure 21: average packet size in Wireshark.
Table 4 below shows the summarized output of all simulation results calculated using traffic load formula. The author has used online Erlang B calculator from  https://www.erlang.com/calculator/erlb/  to calculate the probability of packet loss with 29 concurrent calls.
[bookmark: _Toc38594942]Table 4: summarized simulation and calculated result.
	call arrival rate per sec. 
	traffic load [Erlang] 
	calculated packet loss % using Erlang B formula. N=29
	measured packet loss %

	0.02
	73
	61.1
	4.8

	0.04
	36
	25.8
	2.7

	0.06
	24
	5.2
	1.7

	0.08
	18
	0.4
	1.6

	0.1
	15
	0
	1.95

	0.12
	12
	0
	2

	0.14
	11
	0
	1.75

	0.16
	9
	0
	1.88

	0.18
	8
	0
	1.99

	0.2
	7.3
	0
	1.64

	0.22
	6.6
	0
	1.69

	0.24
	6.1
	0
	2.03

	0.26
	5.6
	0
	1.59

	0.28
	5.2
	0
	2.2

	0.3
	4.9
	0
	1.79



Furthermore, packet loss for each simulation was obtained from the event trace of the NetSim so that to compare the results with the calculated packet loss % of the Erlang B model. The traffic load is calculated based on the average packets transmitted and the service rate of each packet through the bottleneck link. Figure 22 displays graphically the results of calculated packet loss in Erlang B model and simulations. As it can be seen, the probability of packet loss in Erlang B increases as the link utilization increases. However, the measured packet loss shows big differences of results for certain events i.e. when the traffic load is greater than 24 Erl. Besides, the average packet loss of the simulation result remains approximately below 2%. This implies that the packet loss probability of the simulation is affected by the traffic load in the system. Moreover, the network congestion created at the backbone router due to limited buffer size and other generated traffics influenced the packet loss in the system. Consequently, the packet loss result of each simulation round is below 2%, but it never comes to 0%.

[bookmark: _Toc38722209]Figure 22:comparison between simulation and Erlang B results.
From figure 22, the simulation and calculated results shows close similarity when the traffic load is less than 24 Erl. This shows that Erlang B formula can be applied for traffic engineering of voice in IP network when the traffic load is relatively small. However, the results of the simulation showed big differences when the traffic load is greater than 36 Erl. The results could have been improved if the simulation time was relatively high. However, the NetSim simulation software failed several times to run for greater than 200 sec. Moreover, the author was unable to access the software following the university closure due to the coronavirus pandemic. In addition, this project has shown that the academic version of NetSim has some limitations.
[bookmark: _Toc38719432]SUMMARY
The author considers this chapter determines whether the aims and objectives of this project have been achieved. Thus, it thoroughly examined and discussed the results of the experiments. The aim of the experiment is to estimate call block probability in a VoIP network using Erlang B model, and the results showed that Erlang B model can be utilised to design a VoIP network when the traffic load is relatively small. Moreover, it can be used to provide the maximum level of packet loss percentage in a VoIP system. In a nutshell, the overall results were satisfactory.
The results of this experiment could have been improved with various parameters such as encryption, bandwidth and codec selections to evaluate the effects on VoIP. However, the university closure due to coronavirus has hindered the author to experiment with various parameters.



















[bookmark: _Toc38719433]CHAPTER 7 - CONCLUSIONS AND RECOMMENDTIONS 

[bookmark: _Toc38719434]SUMMARY
This report presents a review and an investigation of utilising Erlang B model in a VoIP technology which is implemented on NetSim Modeler. The paper aimed to utilise Erlang B in order to estimate packet loss in a VoIP technology. An inclusive research on background and related works have assisted the author to gain a comprehensive knowledge on traffic engineering methods for VoIP technology and PSTN system. The author has used this knowledge to establish a project design and implementation section in order to achieve the aims and objectives of this project. The simulation and calculated results suggest that Erlang B can be used in a VoIP technology when the traffic load is relatively small.
[bookmark: _Toc38719435]CONCLUSION
This paper has enabled the researcher to gain a better knowledge of how voice over IP works. The background and literature review parts have helped the author to obtain a comprehensive knowledge on voice over IP communication system including its standards, protocols and traffic engineering models. It was evident that VoIP technology becomes an alternative over PSTN communication system, for various reasons including lower costs, higher scalability, complete portability and increased accessibility. However, its quality of service is heavily dependent on several parameters namely on the efficiency of bandwidth utilization, traffic management methods and codec selection. The main purpose of this project was to estimate for packet loss in a VoIP network through the application of Erlang B formula, which was based on executing extensive simulations on NetSim software. As expected, the simulation and calculated results of the experiment showed close similarity up till the traffic load was 24 Erl. This indicates that Erlang B can be applicable to design a VoIP network when the traffic load is comparatively small. Therefore, the researcher concluded that Erlang B method can be used in a worst-case scenario to provide the upper limit of packet loss in a VoIP system. In some cases, the results of the experiment showed some deviations specifically when the traffic load was comparatively high. This is due to buffer size in the bottleneck router and limitations of NetSim software.


[bookmark: _Toc38719436]RECOMMENDATIONS FOR FURTHER RESEARCH 
The traffic management method proposed in this project uses Erlang B model to measure and predict for packet loss in a voice over IP networks using NetSim modeler. It gives a reasonable prediction to a certain traffic level. However, the performance of VoIP network is affected by several parameters namely delay, jitter and bandwidth. This means, it can only be used to measure packet loss. Therefore, this research paper requires further development and improvement in a way that enables to measure the overall performance of VoIP system in terms of its delay, jitter and bandwidth. In other words, it needs a mathematical formula which involves all the factors that affect the performance of VoIP. Therefore, further study is suggested focusing on how to evaluate voice quality of VoIP services using the E-model, which would give the researcher more accurate measurement of all parameters. Furthermore, this research paper could be expanded to measure video application and VoIP at the same time [57]. In addition, it could be expanded to predict and measure the transmission delay of VoIP packets in IP network using Erlang C formula.
Finally, we would encourage to see related projects focusing on developing a valid measurement tool in order to get accurate measurement of real-time applications. 











[bookmark: _Toc38719437]CHAPTER 8 - REFLECTIONS
This section tends to help on how well the aim and objectives have been accomplished. It reflects on the drawbacks encountered during the development of this project and on what the author have gained throughout the project. In general, the project was successful in a way the research was progressed with instructions in a methodological way. The researcher has experienced some difficulties in reaching all the milestones set. One of the main issues that the researcher faced was having limited knowledge of traffic engineering for PSTN and VoIP systems as it is was a new field of study to the author. However, the researcher managed to overcome this problem through in-depth research and study on the internet. In addition, the researcher managed to overcome the constraints of the NetSim simulation software.
In general, the author has gained and improved his educational background in the field of VoIP and PSTN communication systems, and in particular traffic engineering methods using mathematical models. Below are the skills and attributes list that the author has developed and learned during the entire development of this research paper.
· Time management: the researcher has organised and planned the tasks into specific groups in appropriate structure and detail to achieve the aim and objectives of this project in due time.
· Project management: the author developed a Gantt chart to organise the tasks in major steps intended to follow toward the execution of the project and minimise the stress level of the workload.
· Meetings schedule: setting an agenda ahead to discuss ideas with the project supervisor to optimise the performance of the project.
· Equanimity: early university closure due to coronavirus outbreak and assignments from other modules was difficult to manage. However, the author managed to finish the implementation section of this project in one week before the university closed.
What did I learn?
Below are the lists that the author learned during the entire course of this project.
· Dividing tasks into specific groups to stay on track.
· Good time management and hardworking are essential to a successful project.
· Attending all meetings with the project supervisor important in order to get guidance.
· Creating a backup strategy and documenting all the procedures and techniques in numerous locations to avoid data loss.
What were the positives?
The author has gained a number of new skills and deepened their knowledge throughout this project especially in the fields of telephone telecommunication system.
· Good time management and scheduling was essential to the success of this project.
· The support and guidance from the project supervisor and UWTSD staff have helped the author to produce a successful project.
·  Access to the Cisco lab room at any time have helped the author to utilise the facilities and resources available efficiently in producing this successful project.
· Being organised and calm during the pandemic situation were helpful in this project success.
Things that could have been done differently
There were many things that could have been done differently in this project, particularly in the design and implementation section. The researcher should have given more time to the design and implementation section. This is because, it was the most complicated section of the project. Also, seeking for help from experts of traffic engineers and other lectures could have helped to ease the complexity of the implementation. Furthermore, the author could have asked for technical help from the NetSim software company.
Difficulties Encountered 
· Limited knowledge and skills particularly traffic engineering methods.
· Time management was a major problem due to workload from other modules.
· Limitations of the NetSim simulation software. It was crashing many times, especially when the simulation time is set greater than 100 sec as this could have improved the results of the experiment.
· Early university closure due to coronavirus has affected the author in many ways, especially with implementation part of the project.


Guidance to future students 
· Remain focused and motivated during the entire journey of the project to accomplish the success of the project.
· Divide tasks into specific groups to ease the workload.
· Have a backup plan in case the primary plan failed.
· Have a schedule for the project and be positive throughout the project.
· Be prepared ahead for meeting with your supervisor and never miss it.
· Ask for help from lecturers, students and experts when needed.
· Always follow your supervisor instructions to produce quality work.
· Try to identify the topic of your project at the earliest possible moment.
SUMMARY
This project has helped the author to gain more academic knowledge and skills. It enabled the author to learn and acquire knowledge from outside of networking, especially in telephone telecommunication field and project management. In addition, self-learning, effective planning and research skills were among the many skills obtained from this project.
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[bookmark: _Toc38719441]Project management 

[bookmark: _Toc38719442]Resources used
For a project to be successful, it would require different resources. These tools can be physical and human resources.
The resources used for this project are as follows:
Software resources:
NetSim simulator, Microsoft office 2016, Microsoft Project 2016 and Excel 2016
Academic resources:
IEEE library, Google scholar, journals and magazines from library
Human resources:
Yohannes Zerzghi, project supervisor Prof John Rees

[bookmark: _Toc38719443]Project planning 
Project planning is an essential part for a successful project which helps to monitor the progress of the project. It is a process you go through to establish the steps required to define the objectives, clarify the scope and develop the task list of the project.
For this project the author has used Gantt chart to create a project plan by dividing into three major parts: Literature review, design and implementation and conclusion. Each part is divided into subsections with appropriate time allocated to be completed.
[image: ]
[bookmark: _Toc38722210]Figure 26: project planning with all the tasks
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[bookmark: _Toc38722211]Figure 27: Gantt chart of the project

Risk analysis 
Risk analysis involves examining how project outcomes and objectives might change due to the impact of the risk events. The risks for this project could be technical, time management, external factors and organizational policy. The lists below are the potential risk for this project.
· Software limitations such as NetSim, MATLAB are the only available for use in the university.
· Limited knowledge and skills in the filed of traffic engineering, especially in the field of telecommunication.
· Access to library and Cisco lab could be a problem.
· Data backup failure during the experiment could affect the outcome of this project.
· Any unprecedented governmental and organizational policy to close the university could affect the progress of this project such as terrorism and pandemic.
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	The main aim of this project is to model traffic engineering for Voice of IP (VoIP) using Erlang B theory that can be applicable for small to medium size enterprises. In this project, the author will be modelling traffic measurements with Erlang theory to provide the accurate bandwidth needed for companies that are using VoIP network.
This project is set to include the following objectives.
· Conducting a literature review regarding the current technology of VoIP
· To analyse and evaluate VoIP protocols like H.323 and SIP
· Analysing the different security protocols of VoIP
· Identifying and analysing the different traffic models of VoIP like Erlang theory
· To design and provide a converged network for companies that are planning to deploy VoIP.




2. Methodology you need to be clear about the methodology you intend to use in your study; this could include any number of methods, so either tick those shown below (where appropriate) or put the details in the box marked *

	
	Interviews
	
	Participant Observation
	 
	Use of personal data

	
	
	
	
	
	

	
	Focus groups
	
	Questionnaire
	  X
	Literature Review

	
	
	
	
	
	

	
	Performance
	
	Presentation
	X
	Other (state below) *



	Experiment 



3. Participants - Does your proposed project/research involve human participants?

	
	1. Yes, as a primary source*
	
	2. Yes, as a secondary source*
	X
	No- go to section 4



*If you have ticked yes, you are likely to need an Advanced CRB check before undertaking your study

If yes, indicate who your participants are:

	
	Early years/Pre-School children
	
	Adults - give details below

	
	
	

	
	School age children
	
	Vulnerable people - give details below

	
	
	

	
	Young People aged 17-18
	


	
	
	

	
	Unknown at this stage
	



4. Other Ethical issues (tick all that may apply to your research)

	
	Administration of drugs incl. alcohol 
	
	Deprivation

	
	
	
	

	
	Unpleasant stimuli in any manner or form
	
	Active deception or withholding information

	
	
	
	

	
	Collection of highly personal information
	
	Payment



5. Are there any ethical concerns other than those listed above?

	No





6. If there are any ethical concerns, please state how you intend to minimise any risk of harm or distress that could be caused

	No Risks involved 




You should enclose the research proposal form, together with any materials (e.g. questionnaire, interview schedule) when submitting this form to your tutor/supervisor.

Student Signature: Yohannes Zerzghi 
Date: 23/04/2020

**********************************************************************************
Supervisor’s Signature ________________________________________Date_______________

	
	

Ethics clearance given at Faculty Level

	
	

	
	
Clearance not given at Faculty level – forwarded for discussion at the next meeting of the University Ethics Committee.   Details below:

	
	

	Comments:







	
Chair’s Initials
	


	
Date
	



Details on this form will be always be dealt with in accordance with the terms of the Data Protection Act 1998. The completed form will be retained on the student’s file after approval (for audit purposes) and may be forwarded firstly to the Faculty Board and thereafter to the University Ethics Committee for a discussion of the issues highlighted.
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	Date
	Activity 
	Comment

	14/10/2019
	Meeting with the project supervisor Prof John Rees
	to discuss the aim and objectives of the project.

	21/10/2019
	Meeting with the project supervisor Prof John Rees
	Discussing what should be covered on the background research 

	28/10/2019
	Research on simulation software’s to find suitable for this project.
	The author has installed RIVERBED simulator, GNS3 for experiment.

	4/11/2019
	Meeting with the project supervisor Prof John Rees
	Agreed to use NetSim for this project with the supervisor.

	19/11/2019
	Meeting with the project supervisor Prof John Rees
	Discussing on literature review

	26/11/2019
	Meeting with UWTD IT staff Mr Ray
	NetSim simulator installed on cisco Lab

	1/12/2019
	Meeting with the project supervisor Prof John Rees
	Advice has given on how to implement the project.

	14/12/2019
	Meeting with the project supervisor Prof John Rees
	Discussing what to include for the interim viva presentation

	7/1/2020
	Interim viva presentation 
	The initial state of the project presented

	15/1/2020
	Meeting with the project supervisor Prof John Rees
	Getting feedback regarding interim viva presentation 

	21/1/2020
	Meeting with the project supervisor Prof John Rees
	Discussing on how to implement the prototype on NetSim simulator

	28/1/2020
	Meeting with the project supervisor Prof John Rees
	Highlighting the design of the project

	14/2/2020
	Meeting with the project supervisor Prof John Rees
	Getting valuable advice from the supervisor on how to implement the experiment 

	24/2/2020
	Design implemented on NetSim
	Self-learning on small VoIP network

	12/3/2020
	Meeting with the project supervisor Prof John Rees
	Discussing on how to analyse the results from the experiment

	23/3/2020
	Implementation completed 
	Results from the experiment collected





StartDate	Literature Review	Data Collection	Data Analysis	Result Analysis	Reflection	Conclusion	Final Report	43834	43853	43884	43905	43922	43930	43941	Duration	Literature Review	Data Collection	Data Analysis	Result Analysis	Reflection	Conclusion	Final Report	8	30	16	12	6	10	3	


Calculated results	73	36	24	18	15	12	11	9	8	7.3	6.6	6.1	5.6	5.2	4.9000000000000004	61.1	25.8	5.2	0.4	0	0	0	0	0	0	0	0	0	0	0	Simulation results	73	36	24	18	15	12	11	9	8	7.3	6.6	6.1	5.6	5.2	4.9000000000000004	4.8	2.7	1.7	1.6	1.95	2	1.75	1.88	1.99	1.64	1.69	2.0299999999999998	1.59	2.2000000000000002	1.79	Traffic Load [Erl]
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