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Abstract- Quality of service in a network is important in ensuring that packets reached its intended recipient especially in a 
video streaming service like telepresence. Different parameters like latency, jitter and packet loss are use to measure 
performance of a network. Measuring these parameters is a way of measuring the quality of service received by the users. 
The parameters mentioned were tested through performing a ping test and traffic shaping while there is an on-going 
telepresence session with and without QoS implementation. Based on the testing conducted, results have shown a significant 
improvement on latency, jitter, and packet loss during the telepresence session with QoS implementation compared when 
QoS was not implemented.  
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I. INTRODUCTION 
 
Network performance is the quality of service as 
perceived by the end-users [23]. Measuring and 
monitoring a network is vital to further improve its 
overall performance. Latency and jitter are some of 
the metrics used in measuring the reliability of a 
network. The amount of time it takes for data to 
travel from the source to its destination across a 
network or the Internet [11] until it is returned to the 
sender is considered latency. Ideally latency should 
be as close to zero as possible [22]. On the other 
hand, jitter is the time variation between when 
packets leave one system and reach another [8]. It 
does not usually cause any communication problems 
in data transfer however, real-time communications 
like VoIP and video can be an issue [8]. The quality 
of service (QoS) received in a network is especially 
important in the continuous transmission of video and 
multimedia [24]. Packet loss on such data transfer 
affects the quality of user experience [13] and with 
the increasing amount of audio and video being 
transmitted on the network QoS has never been more 
important [14]. Packet loss happens when one or 
more transmitted packets failed to arrive at its 
destination [8]. The company under study transmits 
different types of data over their network, one of 
which is telepresence. Telepresence is a complex 
video technology which gives a sense of being 
together in the same location though the participants 
are geographically separated [17]. In view of the 
foregoing the objective of this research is to find out 
the latency, jitter and packet loss in a network with 
telepresence system with and without QoS 
implementation. 
 
II. RELATED WORKS 
 
According to Kumar [9], the demand for multimedia 
services has continuously been increasing which 

affects traffic and congestion of a network [2]. On 
ordinary data transmission it is proven to cause errors 
and packet loss. More so, according to Meda [17], the 
excessive packet loss during the transmission of real-
time video affects the performance of video quality. 
Telepresence according to Cisco [2] is the “next 
generation video conferencing”. Telepresence allows 
people to have immersive experience with its 
powerful audio and visual effects that makes a person 
feel that they are together in the same room [3]. 
However, there are certain parameters that need to be 
measured in order to fully achieve the purpose of 
telepresence. Bartlett [3] said, in a telepresence 
system latency, jitter and packet loss are the 
parameters used in measuring telepresence 
performance. The latency value in a telepresence 
system should be kept as close to zero as possible so 
that the feeling of a face to face communication will 
be evident [3]. Imagine a person on the other end of 
the communication, standing up while making a point 
on the discussion; however because of the delay the 
gesture and the voice were not synchronized. Jitter on 
the other hand, needs to be consistent when a packet 
is traversing on the network. According to Bartlett 
[3], when packets arrive late it will result to missed 
scheduled play window thus affecting the video 
quality. Cisco even recommends that jitter must be 
below 10ms in a telepresence system. In the same 
way, Cisco also recommends that packet loss should 
be kept at less than 0.05% to make it unnoticeable. 
Anything more than that affects the quality of user 
experience [13]. In order to mitigate these problems, 
Quality of Service(QoS) is being implemented on 
networks. The management of latency, jitter, 
bandwidth, and packet loss is one of the objectives of 
QoS [16]. As mentioned by Novella [12], through 
QoS, prioritization is being implemented, latency and 
jitter are controlled and lesser packets are lost [12]. 
One of the methods in implementing QoS is traffic 
shaping. Traffic shaping helps ensure that the above-
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mentioned parameters are being met [9]. When traffic 
shaping is applied, excess packets are put in a queue 
and are being scheduled for later transmission over 
increments of time which resulted in a smoothed 
packet output rate [5]. Fortigate is an enterprise 
firewall platform [23] being used by the company 
under study. One of its capabilities is traffic shaping. 
In Fortigate traffic shaping is classified into three(3) 
options 1. Shared policy shaping, 2. Per-IP shaping 
and 3. Application control shaping [20]. According to 
Fortigate shared policy shaping applied traffic 
shaping through the security policies specified in the 
traffic shaping policy. On the other hand, per-ip 
shaping enables you to apply traffic shaping to all 
source IP addresses in the security policy. More so, 
on application control shaping, traffic shaping is 
applied to specific applications [20]. According to 
Fortigate, when these options are chosen 
simultaneously, the following hierarchy is being 

followed: 1st Priority is application control shaper, 
2nd priority is shared policy shaper and last priority is 
per-ip shaper. With all these traffic shaping policies, 
it is intended to benefit the organization in terms of 
prioritization of business-critical over non-critical 
traffic [21].  
 
III. METHODOLOGY 
 
The researcher used the following technologies in 
determining the latency, jitter and packet loss in a 
network with telepresence system.  
 
3.1 Ping Test  
Ping test was performed by the Telecom provider of 
the company under study by typing the following 
“ping x.x.x.x –l 1500” where x.x.x.x stand for the IP 
address and the minus “l” stands for the latency and 
the 1500 is the buffer size in the command prompt. 

 

 
Figure 1. Ping test w/o QoS and with telepresence 

 

 
Figure 2. Ping test with QoS and with telepresence 

 
3.2 Traffic Shaping  
Traffic shaping was done as part of QoS and 
prioritization of network traffic to reduce the impact 
of telepresence from affecting other users. 
Telepresence was given a maximum and guaranteed 

bandwidth of 32mbps as shown on the figure below, 
the type “Shared”, apply shaper “Per Policy” and 
traffic priority was set to “High” was selected on the 
traffic shaping options. 
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Figure 3. Traffic Shaping for telepresence 

 
On this scenario, the FortiGate which is the 
application used by the company under study may 
subject packets to a mixture of traffic policing to 
enforce bandwidth limits, and priority queue 
adjustment to assist packets in achieving the 
guaranteed rate [12]. 

 
Figure 4. Traffic queuing as the packet increases 

 
The diagram shows traffic queuing as the packet rate 
increases. On the other hand, the psuedocode used by 
Fortigate to determine the packet priority is shown 
below. Zero(0) has the highest priority queue.  
If Current packet rate < Guaranteed Bandwidth Then  
packet priority = 0  
Elseif Current packet rate > Guaranteed Bandwidth 
and < Maximum Bandwidth Then  
packet priority = Type of Service(ToS)-based priority 
+ security policy-based priority  
Elseif traffic shaping = enabled in the security policy 
and security policy s Traffic Priority is Low(value 
3), and priority normally applied to packets with that 
ToS bit is medium (value 1) Then  
total packet priority = 4 and priority queue = 4  
Elseif current packet > Maximum Bandwidth then  
packets are dropped  
 
IV. RESULTS AND DISCUSSION 
 
4.1 Analysis of Latency 
Table 1 shows that sending traffic on testing 
scenarios 1, 3 and 4 resulted on an average latency of 

12.453ms, 11.051ms and 8.218ms respectively. 
However, it can be noted that testing scenario 2 has 
significant latency average of 91.563ms. Using the 
results and interpreting the value, this means that 
there could be a possible issue in duplex setting 
mismatch, capacity in bandwidth, cable 
misalignment, or even un updated devices in the CE 
side that may require update on patches on the Site A 
to Site B CE node. The accepted latency depends on 
the type of connecting device on a videoconferencing 
environment should only range from 0 – 10ms for T1.  

 
Table 1. Latency Results without QoS 

 

 
 

Legend: PE – provider edge, CE – customer edge  
On table 2 where there is QoS implementation it can 
be gleaned that there is relatively major improvement 
in the average latency of all testing scenarios. The 
average roundtrip for testing scenarios 1, 3 and 4 are 
10.557ms, 9.121 ms and 7.982 ms respectively. 
However, similar with the findings on Table 1, testing 
scenario 2 still has significant latency average of 
46.673 ms. This can be attributed to the speed of 
connection of Site B which is only 4mbps compared 
to the speed of site A which is 40mbps.  

 
Table 2. Latency Results with QoS 
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4.2 Analysis of Jitter  
Based on the foregoing results which came from the 
built-in monitoring tool of the telepresence device, 
the table shows that when QoS is not applied prior to 
the use of telepresence, a jitter of 12ms can be noted. 
This jitter affects the quality of video during 
telepresence conversation. In addition the resolution 
on a Telepresence session degraded from 1280x720 
to 848x480 in the receiving end which also 
contributes to the decrease on frame and channel rate 
from 699kbps from transmission and 160kbps to the 
receiving end. As a result jitter increases and 
contribute to the failure of having good quality of 
video during the telepresence conversation. On the 
contrary, when QoS was implemented prior to 
telepresence session, the result of jitter has 
significantly decreased from 12ms to 3ms which is a 
more acceptable jitter value. Similarly, other 
parameters like resolution, frame rate, and channel 
rate has considerably increased as well. These 
improvements have improved the quality of user 
experience during telepresence session.  

 
Table 4. Results of jitter with and without QoS 

implementation 

 
4.3 Analysis of Packet Loss Figure 

 
Figure 5. Packet Loss without QoS 

 
The figure above shows the results of the ping test 
done by Site A during the conduct of telepresence 
without QoS implementation. It can be noted that 
there is a 3% packet loss. This packet loss was 
derived by applying the formula  
% packet loss = Number of lost packets / Number of 
received packets  

The following are the data given.  
Sent packets = 7,273  
Received packets = 7,003  
Lost packets = 270  
Formula : % packet loss = lost packets / sent packets  
= 270/7,273  
=3.71%  
This percentage of packet loss on telepresence is very 
noticeable to the users. Even the dropping of one 
packet or 0.01% packet loss will result in pixelated 
video [11]. As mentioned on the related works, the 
acceptable packet loss for a telepresense system 
needs to be under 0.05% to remain unnoticed. 

 
Figure 6. Packet Loss with QoS 

As shown on Figure 6, there is a 0% packet loss when 
traffic shaping was applied before the use of 
telepresence service.  
The following are the data given.  
Sent packets = 2,540  
Received packets = 2,531  
Lost packets = 9  
Formula : % packet loss = lost packets / sent packets 
= 9/2540  
=0.35% or 0%  
As shown on the results when QoS was implemented 
the packet loss has significantly dropped from 270 
packets to 9 packets only which is 0.35% or 0%. With 
these results significant improvement was very 
evident on the quality of video and audio of the 
telepresence service  
 
CONCLUSION 
 
A reliable and a good network infrastructure is the 
key for a quality telepresence service which is why it 
is important to measure and monitor the network 
performance to ensure that the said service will have 
no problems such as pixelated display and 
unsynchronized audio and video during a 
telepresence session. In order to measure this, ping 
test and traffic shaping were used by the researchers. 
The use of traffic shaping as part of QoS was 
established as a means to solve the issues related to 
latency, jitter and packet loss. Through the use of 
these two techniques the following conclusion were 
drawn by the researchers. The use of ping test has 
enabled the researchers to see the current state of the 
network in terms of latency and packet loss when 
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there was traffic shaping done during a telepresence 
service. On the other hand, the data from the 
telepresence device allowed the researchers see the 
jitter value during the telepresence session. Based on 
the results of the testing done the data have shown 
significant improvement in terms of latency, jitter and 
packet loss. These improvements resulted to better 
video quality thus improving the quality of user 
experience during the telepresence session. In 
summary, the implementation of QoS through traffic 
shaping is an effective technique in improving the 
performance of latency, jitter and packet loss which 
consequently lead to a more seamless telepresence 
service. 
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