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1. [bookmark: _Toc85560081][bookmark: _Toc97065961]Abstract  
In a network, generally, there is a competition between Real-Time Applications (RTA) such as voice and video, and other types of data for bandwidth within the same network. Voice traffic is always suffering from delay, jitter, and packets loss during the period of transferring large amounts of data. Consequently, the quality of voice will suffer. There are several solutions to this. One of which is to separate the networks physically and specify one network for voice and another for general data. However, this technique is not practically acceptable because it duplicates and wastes resources (wires, switches, routers, bandwidth…. etc) which in terms results in a high financial cost. A convergence network is another solution, where all types of data and voice are logically separated while sharing the same physical network resources and infrastructure. A network can be divided into logical (Virtual Local Area Networks) VLANs, a VLAN for voice and another VLAN for general data. However, competing for bandwidth is still a problem even with the convergence and VLAN approach. The problem is where voice and data are sharing the same physical link. For example, voice and other data can share a Wide Area Network (WAN) link. Trunks are another example of shared physical links by voice and data VLANs. The question is how to prioritise audio packets over any other traffic type, so we can minimise the factors that affect the quality of audio. VoIP has been popular for the last three decades [1]. However, the need for audio and video conferences has been incredibly increased since the start of the COVID-19 pandemic [2]. Consequently, it has been required to enhance the quality of audio by prioritising the audio traffic and minimising the delay, jitter, and packets loss. To Solve the problem and achieve the goal, Quality of Service (QoS) can be adopted. QoS can be implemented on different type of networks such as LANs, WANs, VPNs, and MPLS. However, LANs can be easily controlled by the owner in terms of everything including QoS, so the LAN’s owner can determine exactly what data to prioritise. WANs, on the other hand, need QoS agreements with the internet service providers (ISPs) which is partially going to be covered in this thesis. Prioritising VoIP traffic is the main concern in this project, therefore two of QoS mechanisms namely Best-Effort and Differentiate Service (DiffServ) are going to be applied, and then compared to find the best one to prioritise voice traffic over other type of data and enhance the quality of the audio. Jitter, delay, and packets loss are the main parameters to be considered in measuring, analysing, and improving the VoIP quality enhancement.  
Keywords: PSTN, QoS, LAN, WAN, QoE, VoIP, DiffServ , MPLS, jitter, delay, packets loss
2. [bookmark: _Toc85560082][bookmark: _Toc97065962]Introduction 
Before expounding upon and developing this thesis’s main objectives; Voice over Internet Protocol (VOIP), Quality of Experience, and Quality of Service (QoS), it is useful to touch upon briefly the plain old telephone system (POST). POST used copper loops to transmit analogue signals. It was the standard service offered by telephone companies for more than a century (1876-1988) [1]. After POST was discontinued, other technologies were introduced such as cellular telephone systems and VOIP. Despite the reliability of the traditional telephone system, it was quite expensive compared to VoIP [3]. POST also was not designed to transmit more than the basic voice service [4]. As a result, by 1995 VoIP was developed to be used to reduce the cost of long-distance and international telephone calls. By using the technology of Internet Phone, two or more users, who have the same software, could easily call each other through connected speakers and microphones [3]. VoIP is different to legacy-based telephone systems which work through PSTN copper wires, VOIP runs through different networks, such as the internet, and no onsite equipment is required. Furthermore, the entire VoIP service is easily setup, configured and managed. In addition to that, a clear sound is maintained when analogue signals are regenerated as digital samples. Despite the benefits of VoIP technology in any network, datagrams are serviced on best-effort service or what is known as first-in first-out (FIFO) concept. Therefore, different types of traffic compete for the same bandwidth, which means that packets are not prioritised based on the application that they support. As a result, it is impossible to treat each application differently. VoIP is run-on Real-Time Transport Protocol (RTP) which is a layer four, transport layer, and its protocol delivers audio and video over different networks [5]. 
The quality of audio is affected by certain factors which impact the quality of VoIP users experience if these factors are not considered and adjusted as required along the calling pathway. These main factors include jitter, latency, and packets loss. The need to prioritise audio over other types of data and reduce those metrics requires what is known as Quality of Service (QoS). There are two reasons that motivated me to investigate the QoS topic, the first one is that during the COVID-19 pandemic, the need for virtual meetings and VoIP has been increased, therefore the need to enhance and prioritise audio traffic over other forms of data transmission has become an inportant requirement. As a result, the need for QoS has become urgent [2], [6]. As demonstrated in [6], the number of daily active users (DUA) of the Zoom videoconferencing platform, in 2020, had been increased from 500,000 on the 25th of April to 1,700,000 users by the middle of November. The second reason is that by reviewing around 30 papers about QoS, I have found that each paper covers QoS from only one network perspective, meaning that there is always a gap in the IP packet path. For example, by looking at figure 5, we see that for a packet to travel from PC0 to PC5, it needs to go at least through different networks LANs and WANs. However, no paper covers both LANs and WANs at the same time, therefore this paper will cover the entire packets path including LANs and WANs networks.    
The questions this paper addresses include: how to enhance the quality of audio and prioritise audio traffic when computer systems are dealing with multiple types of data traffic. In this project, Different QoS mechanisms will be implemented to enhance the quality of audio. The analysing will be concentrated on the quality of audio in terms of measuring the delay, the jitter, and the dropped packets. According to  [7, p. 364] delay or network latency is the time that a network takes to transmit a packet from a source to a destination. Whereas delay variation or jitter is described in [7, p. 365] as “the difference in the latency between packets in a single flow”. Packets loss, on the other hand comes as a result of congestion on an interface [7, p. 366].
Regarding the practical application of these findings, different experiments will be designed based on some scenarios to achieve the results of gaining a better quality of audio. The following figures show a PSTN network and VoIP network respectively. 
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[bookmark: _Toc97066189]Figure 1 PSTN network [8]
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[bookmark: _Toc97066190]Figure 2 VoIP components [9]



3. [bookmark: _Toc85560083][bookmark: _Toc97065963]Why is QoS is needed
The need for the Quality of Services (QoS) approach came as a result of increasing the convergence of network services. “Quality of Service is defined as the ability of a network to recognise different service requirements of different application traffic flowing through it” [10, p. 17]. A multi-service network such as VoIP, Video, and general data network requires QoS in order to classify traffic, prioritise some packets over others, and to maximise the network utilisations [1]. QoS is essential to support the different application requirements within a converged single network. QoS, however, has a variety of models which are introduced by Internet Engineering Task Force (IETF) such as Best-effort, Integrated Services (InteServ), and Differentiated Services (DiffServ). Each of these models has different mechanisms, and each mechanism comes with advantages and disadvantages. However, Best-effort mechanism is the original mechanism on which networks traffic is based [4]. As [11] mentioned, implementing QoS is the key to prioritise any required type of traffic, it is not necessary for the data to be VoIP packets. Real-time traffic is transmitted by User Datagram Protocol (UDP) which operates on top of Internet Protocol (IP). UDP does not provide error correction and is therefore an unreliable protocol [4]. In other words, delivery of real-time packets is not always guaranteed. UDP datagrams are transmitted without provision for an acknowledgment. Transmission Control Protocol (TCP), on the other hand is not used by real-time applications, because flow control and retransmission of voice packets are not beneficial. TCP is also slower than UDP. However, TCP is still used in most VoIP signalling protocols for call setup [3].  

Voice quality can be tested in two ways: subjectively through Quality of Experience (QoE) and objectively through Quality of Service (QoS). Humans perform subjective voice testing, whereas computers perform objective voice testing. Both QoE and QoS will be considered in the experiments and tests I intend to perform. 
Unlike traditional network applications, real-time applications such as VoIP are delay sensitive, therefore, QoS for VoIP telephony should not treat all applications fairly. Traditional network applications such as e-mails can tolerate delay, while VoIP cannot. Best-Effort is the standard default network mechanism, but IntegServ and DiffServ mechanisms are a network architecture that have been suggested to provide the QoS guarantee for different network applications. Therefore, this thesis will investigate and compare in depth the ability of Best-Effort and DiffeServ mechanisms to guarantee prioritising audio packets transmission in a network congestion environment. The main measurement factors to be considered will be Jitter, Delay, and packets loss. Generally, the question is which are the best QoS mechanisms [or which is the best if the answer is only one RM] to achieve the goal of enhancing, prioritising audio traffic, and reducing the three mentioned factors.    

To answer this question, I am going to build a network of two LANs with two edge routers which are connected through a serial cable. I am going to generate congestion for the edge routers at their egress ports by creating a bottleneck, and then I am going to send voice, video, and data traffic at a rate that is greater than the ability of the serial cable transferring rate to handle effectively. The traffic behaviour will be monitored and analysed using software such as Wireshark. After that, I am going to apply different QoS mechanisms to monitor the effect of each mechanism and find out which is the best one for prioritising and improving the quality of VOIP. It is quite difficult, at this time, to decide how many times that the experiments need to be applied and repeated. However, the following section will propose some scenarios and demonstrate some suggested solutions.  


4. [bookmark: _Toc85560084][bookmark: _Toc97065964]Possible scenarios 
In order to find the best QoS mechanism that are able to classify a network traffic and prioritise VoIP packets, I will design and build two LAN networks. I will apply different QoS techniques such Best-Effort QoS and DiffServ QoS mechanisms on the edge routers. I will use software such as Wireshark to compare and analyse the effect of each mechanism and discover which is the best in terms of reducing the delay, jitter, packets loss. 
[bookmark: _Toc85560085][bookmark: _Toc97065965]4.1 Scenario 1: 
Due to the COVID-19 restrictions and rules, the demand on IP phone calls and virtual meetings has been dramatically increased, which generates more VoIP traffic through the network. The question in such a case is how we can make the network accommodate the increased traffic and deliver it with good quality?
[bookmark: _Toc85560086][bookmark: _Toc97065966]4.2 Scenario 2: 
As internet usage became normalised, the amount of TCP traffic has increased exponentially through the sending of e-mails, application forms, and other types of general data. Consequently, VoIP and all other traffic has to compete for an ever diminishing resource of available bandwidth. The question is, given the important to real-time voice communication, what is the best technique to prioritise VoIP packets over other traffic?  
5. [bookmark: _Toc85560087][bookmark: _Toc97065967] Literature review: 
In this section I review some previous research on similar topics in order to understand the research area in which my dissertation is situated. But I have also found that the literature on this topic helps to clarify my motivation for undertaking this thesis. Many papers have covered the QoS topic from the perspective of LANs, WANs, MPLS, and other types of networks. However, all the papers I have sourced for this review deal with QoS in only one network at a time. Existing research include studies that analysed different approaches of VoIP and DiffServ, studies that dealt with sets of maters with a convincing explanatory approach, and studies that are based on experimentation to discover findings. Although, existing research gave valuable understandings about VoIP performance, DiffServ network services etc., there was always a gap in terms of covering the QoS in one network at a time. In addition to that gap, software simulations such as Opnet, Simnet, and others are used to demonstrate the experiments. However, the experiment’s part will be based on using physical Cisco lab equipment which is closer to real networking conditions than the virtual simulations.  
[bookmark: _Toc85560088][bookmark: _Toc97065968]5.1 Paper one
Hyunki in [10] used Opnet software to conduct a simulated experimentation on voice traffic transmission over Best-Effort and DiffServ within LAN network domains. In addition, active queuing management was tested to see whether it supports the performance of VoIP by applying one of DiffServ mechanisms. The main topology consists of a simple LAN network of a few end nodes, switches and two edge routers. The main reason of using OPNET simulation is to gather the simulation results easily, and to observe the comparisons between the effect of different mechanisms clearly. The factors that can affect the experimental results were delay, jitter, and packet loss. However, in the experiment, a single VoIP traffic source had been used with G.711 CODIC. In the meantime, a video conference application was selected as a single background traffic source which has constant bit rate characteristics that do not slow down, even in traffic congestion. In addition to that, a bottleneck was created at the link between the two edge routers. Indeed, Hyunki has questioned whether “Diffserv guarantees VoIP Telephony as the load of Background traffic increases? Does Diffserv accommodate VoIP Telephony as the load of VoIP traffic increases?” [10, p. 19]. The answers were gathered from a total of forty-five simulation runs, the results were presented according to the performance metrics: end-to-end delay, jitter, and packet loss. The DiffServ architecture provided the service that satisfies the QoS requirement of the VoIP application under all traffic conditions successfully [10]. 
[bookmark: _Toc85560089][bookmark: _Toc97065969]5.2 Paper two
Another study, undertaken by Haroon Sarfraz, covered the effect of Jitter, packets loss, and Delay on VoIP traffic. In contrast to [10], it is evident that Sarfraz, in [12] tried to prove that these three factors were not the only QoS metrics to be considered when real-time traffic is monitored, there are some other metrics that can affect the behaviour of real-time traffic. Applications buffer size, amount of buffer at network entities and packet reordering needs to be observed in some cases [12]. However, this assumption was based on some rare scenarios related to user experiences. The main aim of that research was to evaluate different QoS metrics performances and their effect on the quality of experience. In [12], the OPNET platform was also used for simulation, a small network was built, and the traffic was monitored to observe the effect of QoS on the real-time packet’s behaviour regarding Jitter, Delay, and packet loss. Audio and video along with general data traffic was generated based in some scenarios. It was observed in that work that the metrics can be reduced more by Implementing DiffServ QoS techniques, leading to better audio quality [12]. 
[bookmark: _Toc85560090][bookmark: _Toc97065970]5.3 More papers:  
[bookmark: _Toc85560091]Another study [13] analysed the performance of VoIP communications by monitoring the QoS parameters. The three QoS considered parameters were delay, jitter, and packet loss rate. The time and reliability were the main concerns for the evaluation because the study focused on the performance of VoIP communications over different networking conditions and environments. However, there are several related studies that have been done by other researchers in the same field including [14] - [15]. In [14] , the focus was on observation of QoS effect on VoIP over the internet, whereas the author of [15] was interested in the delay issue in VoIP networks in LANs simulation environments. There is another study in observing and analysing QoS of VoIP in wide area network (WANs) using OPNET simulation environment [14]. Mostly, virtual simulation experiments were adopted by those papers as ways to study the VoIP performance. Simulation experiments simply are more feasible to be controlled than ones conducted in real-life environment [16].  
As was mentioned before, the traffic transmission in networks is based on Best-Effort mechanism which means that all packets are treated equally. Consequently, real-time traffic such as video and audio applications can face some issues of delay, jitter, or packets loss. To solve such a problem, this research will be focusing on the techniques that have been used to prioritise real-time traffic, which will be limited to VoIP in this project. However, QoS has different techniques to reduce the effect of the mentioned factors; one of these techniques is Differentiate Service (DiffServ) which is going to be adopted in this project to be compared to Best-Effort techniques. However, the reason of this comparison is to appreciate the effect of the DiffServ strategy on VoIP. In theory, this thesis is going to cover the main concept of QoS and its different techniques along the way with all the related principles of VoIP, Virtual Private Network (VPN), Session Initiation Protocol (SIP), types of data, the main transmission protocols (UDP and TCP), and most importantly the concept of congestion and how, where, and when it is happened. In addition to that, the network is going to be secured as threats and attacks are always expected, especially when the built LAN networks are assumed to be connected to the internet. There is always need for QoS as long as there is a congestion [7], therefore it is necessary to generate a congestion. A congestion, in the Cisco lab, can be created by generating traffic of a size that is greater than the capacity of the links between the two edge routers. For example, in the Cisco lab, FTP and Multimedia servers can be installed on two PCs which work as a server and a client. Security also will be considered for a better and more robust network. 
The COVID-19 pandemic and all its consequences were a very salient motivation for me to choose QoS as a topic. Since March 2020, the world has experienced conditions of lockdown due the pandemic. New rules and procedures had to be established quickly, as a result, to arrest or at least mitigate against the spread of the virus. “Working from home” became one of the procedures that governments and companies implemented and had become the norm for many people. Consequentially, the demand for VoIP and virtual video meetings on different platforms have increased with unprecidented rapidity and at a scale hitherto unimagined [2]. The consequence of these changes is more demand on the bandwidth. Institutions found that they simply could meet the increased demand on real-time applications by either buying more bandwidth or applying QoS. (In most cases QoS is a cheaper solution). Furthermore, the data traffic from employees who are working from home is more exposed to threats and attacks than traffic within a company firewall, because in the former case, the internet is the main route of transmission and connection. Therefore, VPN software is required to secure this new network. Another motivating factor for me choosing this topic is the recent noticeable increase in a requirement for QoS qualifications in networking jobs. I speculate that this is also related to COVID-19. A final motivational factor is that QoS, unlike most other networking configurations, requires some calculation and logic [7], and it depends on the network environment in terms of the size of traffic generated from different applications. For example, Cisco recommends a specific percentage of the bandwidth for audio traffic. Figure 3 shows one of the QoS classes. As the diagram indicates, 10% of the total link bandwidth is recommended to be reserved for voice traffic, while the 90% remaining is shared between multimedia conferencing (interactive video) [17] multimedia streaming, network control, signalling, transactional data, and some other data. 

The following figure illustrates some of the QoS techniques.  
  
[image: ]
[bookmark: _Toc97066191]Figure 3 Some of the QoS mechanisms
 
However, the type and size of traffic is different from one network to another. Based on that, the implementation, and configuration of QoS vary greatly [17]. However, one of the side effects of bad QoS planning and configuration is what is called “queue starvation” which happens when a process is waiting for a resource that is repeatedly given to some other process [7]. Therefore, all types of expectations have to be considered when QoS is applied. 

6. [bookmark: _Toc85560092][bookmark: _Toc97065971]Methodology: 
In general, the research, testing, analysis, and results in this area are based on experiments, either virtually using some simulation tools or physically in the Cisco lab. As mentioned earlier, testing QoS and VoIP are the main objectives of this thesis. QoS is required when a congestion happens.  In fact, Edgeworth et al. noted that a congestion occurs when “the available bandwidth on the data path from a source to a destination equals to the capacity of the lowest-bandwidth link. When the maximum capacity of the lowest-bandwidth link is surpassed, link congestion takes place, resulting in traffic drops” [7, p. 363]. Increasing the bandwidth is the obvious solution to stop losing packets [7], [15]. However, this solution is not always the best due to the cost, therefore QoS mechanisms can be used as an alternative option. [7].  Generally, the QoS processes include traffic classification, shaping, and policing and queueing to prioritise the important traffic (audio traffic in this thesis). As previously shown in [10] about 41 experiments had been done to compare the effect of different QoS mechanisms on traffic behaviour. An OPNET simulation platform was used in [10] to build the network and analyse the traffic, in contrast to this paper where physical the Cisco lab equipment will be used to build the network and Wireshark to monitor and analyse the traffic. The main research will be focusing on QoS mechanisms such as Best-Effort and DiffServ. In addition to that, VoIP, SIP, MPLS and any relative protocol will be covered theoretically. Some scenarios with themes will be assumed to match the questions of this thesis. On the other hand, the practical experimentation I will be undertaking is aiming to provide the answers and prove them.  

In order for me to undertake the practical work effectively, a series of steps will be taken to design, build, implement, configure, analyse, and test the audio traffic in the network before and after applying QoS. Furthermore, the network is going to be secured in terms of VPN and all other required security procedures [perhaps mention what these are?]. It is quite difficult, in this early level, to detail the experiments processes, however the experiments can be anticipated and presented in order from simplicity to complexity.    

As the first simple step, the network for these experiments will be defined as consisting of two edge routers, two switches, two PCs, and two IP phones. The reason for the first simple built and configured network is to establish a connection between the two IP phones. This network will be built using Cisco lab equipment, and Wireshark software for testing and analysing the traffic. By default, Cisco routers and switches have no QoS configured on them [7], in other words, the traffic will flow based on Best-Effort (First-In-First-Out) [1]. The jitter, delay, and packets loss will be measured and analysed through Wireshark. The expected results will be no delay, jitter, and packets loss because there is no congestion.

At the second stage, the network will be extended to include more end points to generate different types of data such as, UDP, TCP, and RTP traffic. All network devices will be connected with 100 mbps ethernet cables, apart from the link between the two edge routers which is 1.544 mbps.  General data will be generated by installing a TFTP server, whereas video and audio traffic will be created by a multimedia server and IP phones respectively. Different types of traffic will be produced. A congestion will be created, purposely, at the edge routers egress ports by using a serial cable with configured bandwidth to be less than the ingress ports. However, a congestion happens when “An interface … is presented with more traffic than it can handle” [11]. Figure 4 illustrates how this happens. 
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[bookmark: _Toc97066192]Figure 4 congestion types [11]
This congestion represents a bottleneck for the traffic. A congested port is where and when QoS mechanisms are required. QoS controls and minimize delay and jitter to support real-time traffic. QoS, however, is not a mechanism to increase the bandwidth [1]. Traffic is monitored and analysed by the Wireshark software tool. The entire testing is based on quality-of-service and quality of experience. Figure 5 is an example of the network. 
[image: ]
[bookmark: _Toc97066193]Figure 5 an example of the network.
 

To appreciate the effect of QoS on VoIP traffic, I am going to test the network behaviour with No QoS and then with QoS enabled. Therefore, the data will be gathered and analysed before and after applying the QoS configuration.

In the Cisco lab environment, several PC-clients, servers, and IP phones will be connected to switches which are furthermore connected two routers. The routers will represent the edge routers and the serial cable between the two routers will represent the WAN connection. The congestion will be generated at the edge routers’ egress ports. Figure 5 shows the network.  In real life scenarios, however, there are several routers between the two edge routers which are managed by ISPs. Therefore, these also need to be considered:  

The background context for this issue concerns the processes of QoS, include traffic classification, shaping, policing, and queueing. Classification will be close to the traffic source; therefore, switches will be configured to classify the traffic into voice, video, and general data. Whereas the edge routers will be configured with QoS to classify the traffic and prioritise audio packets. However, there will be another question to be answered, what will happen for the prioritised audio traffic all the way between the edge routers? In other words, what will prioritise the audio traffic if it faces a congestion in the ISPs’ network? 

The answer to this question is that ISP routers are part of the WAN infrastructure, and the Cisco lab network is going to cover QoS in LANs perspective only. In addition, traffic transmission is based on FIFO mechanisms through the ISP networks. ISPs usually adopt Multi-Protocol Label Switching networks (MPLS) which provide more reliable connections for real-time applications than IP/TCP networks [4], [18]. The concept of QoS in WANs will be covered in this dissertation.  I have looked at more than twenty-five papers as part of the research for this topic, but none of them has covered QoS in IP/TCP and IP/MPLS together, therefore there is always a gap.  The desire to fill this gap has motivated me to search through QoS from LANs and WANs perspectives.  In addition to the cisco lab environment, I am planning to arrange an interview with a network engineer to have a informed practitioner’s view on the behaviour of audio traffic in real-life situation. However part of my research is subject to the availability of this person. I postulate that QoE might be used as a second measurement to confirm the Wireshark results. Quality of Experience is based on the judgment of two people real-life phone conversation, therefore, the results are not accurate in the absolute sense as they are subject to the testers’ judgement which may vary from person to person. 

  
7. [bookmark: _Toc85560093][bookmark: _Toc97065972]Risk Managements 
By turning to the network designing and testing tools, packet tracer will be used as a first stage. In more advanced stages, more specialist tools will be required, but all of these are subject to availability. The Cisco lab is the main considered building and testing environment I will be using as all required physical tools there are available. Furthermore, one of the PCs can be used as an FTP and multimedia server to generate data. Wireshark can be used to gather, monitor, and test traffic. However, the circumstances in which the resaerch takes place might change rapidly and profoundly due to the unpredictable rules and cases of generated by different emerging variants of COVID-19. In such cases I will endevour to find alternative solutions, such as a free simulation platform (if available). However, all the popular simulation platforms such as OPNET and SIMNET are not free. The ease and wide ability of simulation tools to build, configure, generate, monitor, and analyse the traffic make these simulation tools suitable options [16]. In the worst case scenario, in which the physical attendance of students would be prevented in the case of another lockdown. The alternative solution will be to remote access into the Cisco lab devices. However, if both physical and remote accessing to Cisco lab were not possible, the results and conclusion will be based on deep and comparison research of a group of papers from secondary research.  
8. [bookmark: _Toc85560094][bookmark: _Toc97065973]Results 
It is difficult to determine the results before actually designing and building the network, and monitoring, and analysing the traffic flow. However, the main QoS parameters that are going to be monitored are delay, jitter, and packet loss and the expected results are based on several factors, such as which QoS mechanisms are applied, the adopted infrastructure, the bandwidth, and some other factors. Foremost among these are the ways in which the percentage of assigned bandwidth vary depends on the QoS mechanism used and the size of traffic that the network generates. The open-source Wireshark software is an effective way to monitor and analyse the traffic. Regardless the accurate results, the main aim is to prioritise voice traffic over other type of data. Therefore, the gathered statistics of the delay, jitter, and packet loss will draw a meaningful representation and the study findings. The less delay, jitter and packet loss, the better quality of voice is gained.    


9. [bookmark: _Toc85560095][bookmark: _Toc97065974]Evaluation: 
Recently, the importance of QoS in networks has been strongly underscored due to the rise of COVID-19 [6]. As I have mentioned, this is the main reason I have been motivated me to choose this topic. 
In this thesis, I am aiming to cover all the aspects of the effect of QoS on the quality of audio traffic theoretically and practically. LANs will be the domain of the entire project on the first place, but the work will include the concept of QoS through WANs (ISPs routers) to have a complete image about the audio traffic from the source to the destination. 
  
My plan is to contact a company to arrange an interview with a network administrator or a network engineer to have a deep real-life investigation about a network congestion and how a company deals with.  However, all of that is still subject to many contingent factors I am yet to iron out.  
10. [bookmark: _Toc85560096][bookmark: _Toc97065975]Conclusion 
In this thesis, an investigation on the effect of QoS mechanisms on a network traffic will be undertaken to classify different types of traffic and prioritise audio traffic over other types of data. There are several techniques to prioritise voice traffic and improve its quality. However, some of them are limited and expensive such as extra bandwidth [7]. Implementing QoS is cheaper, more reliable, and easier [7, p. 363]. The aim of this thesis is to implement two QoS techniques namely Best-Effort and DiffServ and to investigate the best one to prioritise voice traffic in a congestion situation. Considering the limited available simulation resources, the author will choose the Cisco lab equipment to manage all the practical work and QoE (if available).  
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