
 

 

 

International Journal of Computing and Digital Systems 
ISSN (2210-142X)  

Int. J. Com. Dig. Sys. 10, No.1 (Jan-2021) 

 

 

E-mail: yazenalnuaimi@uomosul.edu.iq, Alsharbaty@uomosul.edu.iq, omarmostafa@uomosul.edu.iq 

  http://journals.uob.edu.bh 

 

Effect of Heavy Real-Time Service on Subscribers  

Number Based on 802.16e 

 
Yazen S. Sheet

1
, Firas S. Alsharbaty

1
and Omar M. Ali

1
 

 
1Department of Electrical, College of Engineering, University of Mosul, Mosul, Iraq 

 
Received 19 Apr. 2020, Revised 2 Sep. 2020, Accepted 30 Oct. 2020, Published 1 Jan. 2021 

 

 

Abstract: Video conference service is an application that offers video and audio at the same time, and it is one of the real-time 

applications that deplete the capacity of any system significantly. Fortunately, the IEEE 802.16e standard offers a specific quality of 

service that can support the desired applications for a limited number of users as there is a tradeoff between the quality and quantity 

of system capability.  In this paper, the number of subscriber units which can be served successfully by a single base station based on 

the IEEE 802.16e standard for different video conference applications has been evaluated in three cases depending on the 

circumstance of the end terminal case in terms of modulation and coding rate schemes: the worst case, the random case, and the 

perfect case. Due To our best knowledge, this paper considered as the first one deals with the capacity in these three cases in term of 

modulation schemes. The metrics of performance for this study are the end-to-end delay (ETE), the difference between the received 

to transmitted traffic, the delay variation for different video conference applications, and the amount of the free resources of the cell. 
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1. INTRODUCTION  

Multimedia services, such as video conferences, 

interactive games, and IP television, are spreading 

dramatically in the recent years in our daily life. Due to 

the high demand for such services, high data rates need to 

be provided. To offer such high data rates, many wireless 

communication systems have been discussed [1]. 

WiMAX can be considered as a promising wireless 

system that can meet the users' high data rate demands. 

WiMAX is based upon the IEEE 802.16e standards to 

support fixed and mobile stations. In IEEE 802.16e, 

WiMAX adopts the OFDMA (orthogonal frequency 

division multiple access) as a way to support the 

flexibility and the high data rates [2]. 

In the case of video conference applications; the 

number of successfully served users by a single cellular 

cell is a critical factor to indicate the system performance. 

In other words, it is important to answer the following 

question: what is the maximum number of users that can 

be served under these three cases: worst, normal and 

perfect conditions? 

To answer this question, researches in [3-9] trend to 

focus on one of these two cases: first, calculate the End to 

End delay (ETE delay) and jitter of video conference for a 

specific number of users. Second, analysis the schemes of 

Modulation and coding rate of WiMAX system to explain 

the difference between these schemes in case of real-time 

applications.  

K. Kaur and V. Grewal in [3] presented scenarios for 

analyzing QoS of video conferencing in terms of QPSK, 

16QAM, and 64QAM modulation schemes, and coding 

rate equal to 3\4 for four cells contained on fixed and 

mobile stations (48 stations). They assumed an acceptable 

End to end delay is less than 400 msec, they also dealt 

with each scheme of those modulations alone. In their 

paper they concluded that QPSK modulation scheme 

performance is better in case of traffic received, 

throughput, and delay, whereas the performance of 

64QAM is good in traffic sent, load and packet end to end 

delay. 

Haider. M. T, Shatha K. Jasim and Mustafa S. M. [8] 

studied and compared different kinds of modulation 

techniques like QPSK, 16QAM, and 64QAM of WiMAX 

system in Baghdad city. The result, which has been taken, 

based on Block error rate (BLER) delay, throughput and 

signal to noise ratio appeared that the maximum voice and 

video delay was found in QPSK type, whereas the 

maximum throughput of voice and video applications was 

found in 64QAM. Khan M. and Bandhu [9] evaluated the 

http://dx.doi.org/10.12785/ijcds/100114 
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WiMAX performance system when the number of nodes 

and distance is increasing. They studied the network in 

two algorithms Round Robin (RR) and Strict Priority (SP) 

and analyzed the performance of throughput and Goodput. 

Applying these algorithms is very important to determine 

the maximum number of users in terms of data usage and 

calls. However, in order to provide continuous service in 

case of video conference application, it is vital to any 

provider to evaluate the point that caused system 

breakdown based on nominal conditions and users 

number. Yet, the applications of real-time affected with 

more than one factor related to the time. Furthermore, 

other factors in addition to application kind form whether 

the service is submitted successfully or not. 

 

The overall problem statement of this manuscript is 

determining and knowing the number of users that can be 

successfully served with video conferencing service by 

one cell of the 802.16e standard before the breakdown and 

loss of service occurred, in three cases: perfect, worst and 

random which represents the real case so, we offer a 

criterion to evaluate the number of users before 

congestion occurs. This criterion depends on three points 

together at collecting the results. The first point is 

allocating a threshold for the time variation (jitter) of the 

application, when the value of jitter exceeds the threshold 

then the congestion of system capacity starts. The second 

factor is related to the end to end delay of the application 

(the time that elapses from the application layer of the 

source until the information reaches to the application 

layer of the destination, the values of the end to end delay 

and jitter are explained in section three. The last point is 

the ratio of transmitted traffic to received traffic. If the 

value of this factor increases then the lost traffic of the 

system will increase, the research considers the ratio of 

larger than 1%, which means that the system is going to 

collapse. This work evaluates the performance of the 

WiMAX cell in three cases of signal strength of the users: 

firstly, when the users have a perfect signal. Secondly, 

when the users face bad condition. The third case submits 

the normal case, when the users have random distribution 

where they will have various schemes of modulation and 

coding rate according to the standard of 802.16e. 

 

This paper consists of following sections. Sections two 

describes the service classes of 802.16E. The proposed 

methodology is explained in section three, while section 

four presents the results and discussions. The last section 

provides the work conclusions. 

 

2. IEEE 802.16E STANDARD  

In this section the service classes and the video 

conference application have been described for IEEE 

802.16e standard.  

A. Service Classes of 802.16e Standard  

In order to apply QoS to various applications, each 
connection link from a user to BS and vice versa is 
characterized by service class flow. IEEE 802.16e 
standard supports the following scheduling of service 
classes which corresponds to different traffic types: 
Unsolicited data grants (UGS), Real-time polling service 
(rtPS), non-real-time polling service (nrtPS), extended 
real-time polling service (ertPS), and Best effort (BE). 
This paper focuses on the service classes which endorse 
the real-time applications (UGS, rtPS, and BE).  

UGS class generates fixed-size data periodically 
where the criteria of transmission opportunities for users 
do not depend on the request for transmission. Unlike 
UGS, rtPS class generates variable size data and allows 
users to specify the size of the desired grants depending 
on their requests. In the case of BE, the style of service 
class is different. It is allowed for each user to submit the 
request fairly. This type of service class gathers between 
the unicast requests from users to BS and unsolicited data 
grants [10].   

B. Video Conference Application  

A video consists of consecutive images that are 
displayed at a rate of images per second. These images 
that digitally encoded contains an array of pixels. The 
mechanism of representing the luminance and color is 
done by encoding the pixel into a number of bits. The 
nature of the video gives a dilatation in spatial. This is 
related to a given image or video, which consists of 
mostly white spaces. Moreover, there is an issue of 
temporal redundancy when a similarity might occur in 
two consecutive images. Thanks to compression 
techniques, which compensate this overhead of bits. 
However, the compression techniques make a balance 
between the quality of video and the consumption of 
systems capacity [11].  

Video frames are compressed by using H.264 or 
H.265 encoder to create a compressed video bit stream. 
Firstly, each individual frame is broken up into blocks of 
pixels. Then, the blocks are analyzed for spatial and 
temporal redundancies among frames in order to take 
advantage of areas with no change on the origin [12]. The 
H.265 standard is an amendment to H.264, it can 
definitely submit better compression with the same 
picture size thereby enhance the quality. This is related to 
a high-efficiency video codec (HEVC) sequence which 
can occupy less transmission capacity than the equivalent 
to the H.264 video sequence. Consequently, resolutions 
should be higher than the H.264 video sequence [13][14]. 

Video conferencing application is one of the video 
types, it can be defined as a live connection among users 
in different far locations for communication purposes. 
This application includes video and audio. Unfortunately, 
the video conference consumes a high data rate where the 
bit rate varies from 100kbps for the low quality of video 
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conference to 3Mbps for streaming HD (high definition) 
video [1]. Moreover, it is highly sensitive to ETE delay 
where there is no agreement about the optimum value of 
ETE for this application. Some references refer that ETE 
delay less than 400 msec is considered acceptable [3], 
while others say that ETE delay should be less than  
150 msec such as [6] or below 100 msec [15].  

Jitter or delay variation of sequential packets is an 
influential factor in a video conference, if the value of 
jitter is increased then there will be negative implications 
on this real-time application, it should not exceed 30 msec 
[6].  

In addition to ETE delay and jitter, packet loss is 
another metric performance for video conference. It is 
preferred to not exceed 1% [5][6]. 

3. METHODOLOGY AND MODEL DESCRIPTION  

The point that indicates the phase of system falling 
depends on the characteristics of video conference 
application as well as the capability of the system itself. 
The method of this paper which has been cleared below as 
pseudo code considers four main aspects to indicate that 
the system provides the service of video conference 
without distortion: the first is that the ETE delay should 
be less than 100 msec, the second is that the max of jitter 
(delay variation) should be less than 30 msec, the third is 
that the percentage of the ratio of received traffic 
compared to send traffic of video conference application 
is less than 1%. The last one is the availability of free 
resources in the cell of the IEEE 802.16e standard to 
avoid the mechanism of the block to the new users. In 
many cases, the system succeeds in serving a specific 
number of users, but blocks any new requests so it is 
important to locate the free resources.  The first three 
points are related to video conference application 
attribute, while the last one is related to video conference. 

 

A. The Pseudo Code Algorithm   

The algorithm that is followed to serve a new user in 
the system:  

1. Initialization. 

2. Firstly, BS computes the free resources of the 
system (symbols) based on the assumptions 
(Table I) according to the standard of 802.16e 
(the free capacity of the system). 

3. Locate the type of scheduling (UGS, RTPS, or 
BE). Then, the users initiate the sessions with BS 
to pull the resources (symbols) in order to enjoy 
with the service of video conference. 

4. The users employ the grant symbols from BS 
based on the strength of signal to noise ratio of 
each user. Where the scheme of modulation and 
coding rate for each user based on the magnitude 

of S/N at user station. High strength of S/N 
means high scheme of modulation and coding 
rate (more data rate) and vice versa. 

5. The link between the user and BS will identify, 
then the information (the data of video 
conference) will transfer between them. 

6. The successful connection of the link between 
BS and the user to provide the service of video 
conference depends on the threshold values of 
(the condition of:  the value < the threshold): the 
end to end delay, jitter, and traffic received to 
traffic sent. Else, the service will go to failure.  

7. For the new user, return to second point. 

8. The end.      

    

B. Model Description 

The model under discussion consists of one cell which 
contains one BS connected to a server by 1 Gbps Ethernet 
cable. This BS takes the service of video conference from 
the server and gives it to users depending on the IEEE 
802.16e standard.  

 Each user in the cell enjoys the serviceof video 
conference if the resources of BS is still available. The 
data rate value of the video conference is adopted to 
384Kbps [16][17]. This value satisfies the minimum 
requirements of appropriate video conference applications 
(voice and successive images). With respect to users, the 
users are entered to BS one by one, these users were 
assumed to be fixed stations in the model. 

The complete assumptions of the model are listed in 
Table I. It is worth mentioning that a suitable environment 
has been provided for the model to done correctly using 
OPNET modeler version 14.5. 

 

C. Scenarios of Model Simulation 

The implementation of model simulation falls into 
three scenarios. First represents the worst case where all 
subscribers use robust modulation (QPSK1/2). While the 
second case deals with perfect circumstances that qualify 
users to use a higher scheme of modulation and coding 
rate (64QAM3/4). 

The last case is the random distribution, which 
illustrates the real distribution of users in the practical 
situation. In this case, each user is expected to deal with 
different signal to noise ratio based on the location to the 
base station and on the environment. For example, if a 
user is close to the base station the user can perform high 
modulation order, such as 64QAM. On the other hand, if a 
user is further away from the base station the signal will 
be lower and the link path could face more obstacles. To 
save the reliability in this situation, the modulation order 
decreases, QPSK.    
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TABLE I.  MODEL DESCRIPTION 

 

In randomly distributed model, six schemes of 
modulation and coding rate of the IEEE 802.16e standard 
are considered: QPSK1/2, QPSK3/4, 16QAM1/2, 
16QAM3/4, 64QAM2/3, and 64QAM3/4, for up to 40 
users, as shown in Table II. 

 

TABLEII.    DISTRIBUTION OF USERS' NUMBER OF RANDOM CASE 

 

4. RESULTS AND DISCUSSION 

A. ETE Delay Results 

1) Results of the worst scenario 

As mentioned before, all users, in this case, use the 
QPSK1/2 scheme to compensate for the effect of the weak 
SNR (signal to noise ratio). This case represents the 
capability of the cell to treat bad circumstances.  

Fig.1 explains the relationship between the average 
value of ETE delay of video conference application and 
the increment of the number of users. The relevance value 
of ETE delay in case of video conference should be less 
than 100 msec to provide an acceptable service [15]. It is 

obvious that ETE delay climbs sharply after 12 users from 
about 35 msec to reach to greater than 600 msec at 13 
users where the cell of IEEE802.16e fails to provide 
acceptable service for the application from ETE delay 
point of view. 

 

Figure 1.  Result of ETE Delay In The Worst Case 

 

2) Results of Perfect and Random Scenarios 

ETE delay with the increment of users is shown in 
Fig. 2. In the case of random and perfect scenarios. It is 
noted that the result of the worst case is offered alone due 
to show results clearly without distortion. 

In the perfect scenario, there is a great hop in ETE 
delay between 37 users and 39 users, whereas the 
magnitude of ETE delay at 37, 38, and 39 users are  
22.1 msec, 22.7 msec, and 614.5 msec respectively. While 
in the case of a random scenario, the collapse of the ETE 
delay value starts at 21 users. The values of ETE delay in 
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Bandwidth 20 MHz 

UL subframe size (symbols) 50% 
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Propagation speed of cable Min prop. speed 
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case of the random scenario at 20, 21, and 22 users are 
22.5 msec, 152 msec, and 256.7 msec respectively. 

 
Figure 2.  Result of ETE Delay In Perfect and Random Cases. 

B. Traffic Results 

1) Results of the worst scenario 

Fig. 3 shows the average of the sent traffic and the 
received one in (bytes/sec) with the users' increment in 
case of all users work at QPSK1/2 modulation and coding       
scheme. There will be a noticeable difference between the 
sent traffic and the received one after 12 users. If we have 
12 users, the average sent traffic and the received ones are 
about 1140415 bytes/sec and 1140322 bytes/sec 
respectively.  

While in the case of 13 users the average sent traffic 
and the received ones become about 1222460 bytes/sec 
and 1206609 bytes/sec. It is clear that the ratio of the 
received traffic to the sent traffic at 12 users is 99.99% 
while in the case of 13 users becomes 98.7%. According 
to [6]. 

 

 

 

 

 

 

To provide an acceptable video conference service, the 
packet loss should be below 1%.  

2) Results of Perfect and Random Scenarios 

Fig 4. Sheds light on the relationship between the sent 
traffic and the received ones in cases of perfect and 
random scenarios. It can be inferred from the figure that, 
there is a point indicates the beginning of the loss of the 
received data. The system breaks down in cases of 
random and perfect scenarios start at 21 and 38 users 
respectively. From collected results, the ratio of the 
received traffic to the sent ones at 20, 21 and 22 users of 
random scenarios are 99.99%, 98.5%, and 97.5 
respectively.  

 
Figure 3.  Sending and Receiving Traffic In The Worst Case 
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Figure 4.  Sending and Receiving Traffic In Perfect and Random 

Cases. 

In the case of the perfect scenario, the ratio of the 
received traffic to the sent traffic at 37, 38, and 39 users 
are 99.99%, 99.99%, and 94.1%, respectively. 

 

C. The Results of Packet Delay Variation 

Table III illustrates a comparison among the three 
scenarios at a nominal number of users to explain the state 
of the cell before and after the system breaks down from a 
jitter point of view. According to [6], the appropriate 
value for delay variation in case of the video conference is 
less than 30 msec. 

 

TABLEIII.            JITTER AMONG THREE SCENARIOS 

 

Scenario No. of users 

 

Max of jitter 

 

Worst 

11 < 165 µs 

12 <220 µs 

13 <260 ms 

Random 

20 <200µs 

21 <450 ms 

22 <620 ms 

Perfect 

37 <150 µs 

38 <145µs 

39 <550 ms 

 

The system collapse changes from one scenario to 

another. This is related to schemes of modulation and 

coding rate. The perfect scenario collapses at 39 users 

while the worst case falls at 13 users. However, the real 

situation of users' distribution explains the real state of      

cell capacity. In the random scenario, the capacity of cell    

is efficient up to 20 users. The performance of delay 

variation (jitter) acquires random behavior depending on 

the different types of modulation. The number of bits per 

each transmission batch changes from schemes of 

modulation and coding rate to another thus the behavior 

will be changed from scenario to another. 
 

D. Results of Free Resources of the Cell 

Fig. 5 and Fig. 6 explain the relationship among the 

three scenarios from the free resources of the cell with the 

increment of users' points of view. Free resources of the 

cell are based on the length of the frame, symbol duration, 

and bandwidth as well as other factors of the IEEE 

802.16e standard. It can be measured by symbols per 

second. As a rule, the resources of the cell start from 

constant number then gradually decrease with users' 

increment.  

 
Figure 5. Free Resources of The Cell In The Worst Case. 
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Figure 6.  Free Resources of The Cell For Perfect and Random 

Cases.   

The resource consumption depends on the scheme of 

modulation and coding rate as well as the minimum 

reserved bandwidth for nominal application. The video 

conference application is one of the most intensive 

resource applications. It is worth mentioning that, the 

value of the minimum reserved bandwidth of rtPS service 

class has a leading role in resource consumption. 

 

Obviously, the consumption of resources with users’ 

increment takes a linear relationship in the cases of worst 

and perfect because the users' schemes of modulation and 

coding are fixed. While in the case of random distribution, 

the relationship between the consuming and users 

increment is nonlinear due to the schemes of users are 

diverse. 
 

E. Results Comparison among Service Classes of 

802.16e 

Table IV explains a comparison among three types of 

service classes (rtPS, UGS, and BE) in terms of average 

ETE delay, the ratio of the received traffic to the sent ones 

and the free capacity of the cell. The choice to comparison 

among these types of service classes is related to their 

relationship with real-time applications. 

The results are collected with respect to the random 

scenario at 20 users. The aim of this comparison is to 

explain the action of service class on the video conference 

application. 

The results show that the most convenient service class 

for video conference application is rtPS. The impact of 

resource exhaustion seems clear in the case of UGS, while 

BE is more resources conservative. On the other hand, 

rtPS appears suited to video conference application in all 

respects.     

 
      TABLEIV.       COMPARISON AMONG  rtPS, BE AND UGS 

Service class rtPS BE UGS 

ETE Delay (ms) 22.59 721.36 1355.31 

Free capacity of the 

cell (MsPs) 

6.77 

 

11.65 

 

5.44 

 

Jitter (less than) 290µ sec 535msec 352m sec 

Received to send 

traffic % 

99.99 

 

90.16 

 

91.7 

 

 

5. CONCLUSION 

The performance of IEEE 802.16e system cells as a 
function of the number of users has been evaluated. In this 
paper, random cases of users' distribution, which 
represents the realistic situation, has been considered. The 
paper considers the metrics of video conference 
performance that locates the successful support for users 
(end to end delay, the ratio of the received traffic to the 
sent ones, delay variation and availability of free 
resources for the cell of 802.16e which serves the 
subscribers). The results show that the cell successfully 
served 12 users in bad conditions for SNR before system 
congestion, a maximum limit of 38 users in the ideal 
conditions, and around 20 users in the case of random 
distribution. In the random case of users' distribution, it is 
recommended to nicety the minimum guaranteed reserved 
traffic rate of rtPS service class to minimum value, which 
can provide a successful and satisfying service of video 
conference application. This is related in case of 
increasing this value to consume the resources of the BS 
quickly to provide high-quality service. 

 

ACKNOWLEDGMENT  

The authors are very grateful to the University of 
Mosul / college of Engineering for their provided 
facilities, which helped to improve the quality of this 
work. 

REFERENCES 

[1] K.W. Ross and J.F.Kurose, “Computer Networking”, 3rd Edition 
Pearson   Education, INC, Network, 2005. 

[2] R. Khanduri, C. Chaudhary, and V. Gupta, “The role of IEEE 

802.16e mobile WiMAX. International Journal of Computer 
Applications", International Journal of Computer Applications, 

vol. 70, issue 16, 14-19, 2013. 

 

0

2

4

6

8

10

12

14

1 5 10 15 20 25 30 35 40 45 50

No.of users 

 Free Resources of the cell (Msps) 

Random Case

Perfect Case



 

 

150       Yazen S. Sheet, et.al: Effect of Heavy Real-Time Service on Subscribers Number Based on 802.16e 

 

 

http://journals.uob.edu.bh 

[3]  K. Kaur and V. Grewal, “QoS Performance Analysis of Video 
Conferencing over Wimax using different Modulation Schemes”, 

International Journal of Computer Applications, vol. 146, issue 4, 

pp. 33-37, 2016. 

[4]  A. A. Mohammed, and I. E. Abdalla, “Performance Evaluation 

of Voice and video conferencing For WIMAX Network under 

Various Modulation techniques”, Journal of Computer 
Engineering (IOSR-JCE), vol. 18, issue 4, pp. 53-57, 2016. 

[5] B. M. AL-Mahadeen  and   A. Al-Mseden, “Improving the QoS 

of VoIP over WiMAX Networks Using OPNET Modeler”, 
IJCSNS International Journal of Computer Science and Network 

Security, vol. 17, issue 8 pp. 132-142, 2017. 

[6] P. O. Umenne, and M. O. Odhiambo, “Performance Analysis of a 
WiMax/Wi-Fi System Whilst Streaming a Video Conference 

Application”, International Journal of Electrical, Computer, 

Energetic, Electronic and Communication Engineering, vol. 7, 
issue 7, pp. 846-850, 2013. 

[7] N. R. Malankar, and R. Shah, “QoS Analysis over WiMAX 

Network with Varying Modulation Schemes and Efficiency 
Modes”, International Journal of Computer Applications,  

vol. 162, issue 8, pp. 9–16, 2017. 

[8] Haider. M. T, Shatha K.J and Mustafa S. M., “Effect of   
Modulation Techniques on the Performance of Voice and Video 

Service for WiMAX Networks in Baghdad”, IEEE Xplore, 2018. 

[9] Khan M.A and Bandhu K.C., “Analysis of WiMAX Networks 
with Bandwidth Allocation Algorithms (Round Robin and Strict 

Priority)”, International Journal of Recent Technology and 

Engineering (IJRTE) ISSN: 2277-3878, Vol. 8, Issue-1S4, June 
2019. 

[10] S. Ahson and M. Ilyas, “WiMAX Technologies, Performance 

Analysis, and QoS”, Taylor   & Francis Group, LLC, 2008. 

[11] J. F. Kurose, and K. W. Ross, “Computer Networking, a  

top- down approach”, 7th edition, Pearson Education. Inc. 2017. 

[12]  Kadhim Flayyih, Nasser Khamiss.,"H.264 Video transmission 
over WiMAX and ADSL network". International Advanced 

Research Journal in Science, Engineering and Technology, vol. 5, 

issue 8, 27-42, 2018. 

[13] S. Benkirane and M. Benaziz, "Performance Evaluation of IEEE 

802.11p and IEEE 802.16e for Vehicular Ad Hoc Networks Using 
Simulation Tools," 2018 IEEE 5th International Congress on 

Information Science and Technology (CiSt), Marrakech, 2018, pp. 

573-577, doi: 10.1109/CIST.2018.8596442. 

[14] X. Denr, and M. Xu, “Complexity Control of HEVC for Video 

Conferencing”, ICASSP, IEEE, pp. 1552-1556, 2017. 

[15] M. Baldi, and Y, Ofek, “End to End Delay analysis of 
Videoconferencing over Packet Switched Networks”, IEEE/ACM 

Transactions on networking, vol. 8, Issue 4, pp. 479-492, 2000. 

[16] F S Alsharbaty, O M Ali and Y S Sheet, "Estimating the 
consuming resources of IEEE 802.16e cell in case of video 

conference application”, 2nd International Conference on 

Sustainable Engineering Techniques (ICSET 2019), 1-7, 2019. 

[17]  Nasser Ahmed and Nasser Eddine Rikli, "A QoS Based  

Algorithm for the Vertical Handover between WLAN IEEE  

802.11e and WiMAX IEEE 802.16e", International Journal of  
Computing and Digital Systems, vol. 7, issue 1, 11-22, 2018. 

[18] https://avt.co.za/video-conferencing-bandwidth, (last access: Sep 

2018).  

 

Yazen S. Sheet completed the B.S. in 

electrical engineering/electronics and 

communication from the University of 

Mosul, Iraq, in 2005 and received an 

M.Sc. degree in computer networks in 

2011 from Mosul University. He 

interested in the field of computer 

networks and communication and he had 

published papers in 802.16e. He has been 

working as a communications lecturer and 

computer network lecturer at the University of Mosul Since 

2012. He is a member of the computer networks lab in the 

Electrical Dept. / Engineering College. 

 

 
 

Firas S. Alsharbaty completed the B.S. in 

electrical engineering/electronics and 

communication from the University of 

Mosul, Iraq, in 2007 and received an 

M.Sc. degree in computer networks and 

communication in 2010 from Mosul 

University. He interested in the field of 

computer networks and communication 

and he had published papers in WiMAX 

(802.16d, 802.16e), Mesh, LTE and 

ZigBee. He has been working as a communications lecturer and 

computer network lecturer at the University of Mosul since 

2011. He is a member of the computer networks lab in 

Electrical Dept./ Engineering College. 
 

 

Omar M. Ali completed the B.S. in 

electrical engineering/electronics and 

communication from the University of 

Mosul, Iraq, in 2006 and received an 

M.Sc. degree in computer networks in 

2012 from Mosul University. He 

interested in the field of computer 

networks and communication and he 

had published papers in WLAN 

(802.11a, 802.11g, and 802.11n). He 

has been working as a communications 

lecturer and computer network lecturer at the University of 

Mosul since 2012. He is a member of the computer networks 

lab in Electrical Dept./ Engineering College. 

 

 

 

 

 

 

https://avt.co.za/video-conferencing-bandwidth

