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Wireless Fidelity (Wi-Fi) broadband network technolo-
gy has created great influence in the evolution of broadband
wireless networks that are anticipated to progress regarding
broadband speed and coverage. Several Wi-Fi hotspots are
available everywhere, making it a medium of internet access
that s easier to use comparedto a local area network (LAN).
However, the internet being the best effort network doesn’t
provide the required Quality of Service (QoS) and there is
no differentiation of service traffic. The chief aim of the cur-
rent paper is to study the operation of the three organiz-
ing mechanisms: First-In, First-Out (FIFO) method — the
standard method of network implementation to process the
packets one by one as it arrives, Priority Queuing (PQ) and
Weighted Fair Queuing (WFQ) whereas PQ and WFQ clas-
sify the types of traffic based on service priority. In addi-
tion, WFQ assigns fair weight to each service on multiple
traffic classes like video conferencing, Voice over Internet
Protocol (VoIP), and File Transfer Protocol (FTP), using
Telkom ST3’s Wi-Fi network. This study applies four differ-
ent scenarios: the first scenario applies the methods with-
out any queuing discipline; the second scenario implements
the methods with FIFO; the third scenario carries out the
methods with PQ and the last scenario applies the methods
with WFQ. The studies have shown that “end-to-end pack-
et delay and packet delay variation for VoIP in the WFQ
scenario” is good when compared to other queuing mecha-
nisms with values of 171.717 ms and 0.977 ms, respectively.
In the case of videotape conferencing also, the performance
is better in the case of WFQ with values of 32.495 ms and
7.207 ms, correspondingly, since the WFQ has a “band-
width allocation” tailored to the requirements
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1. Introduction

Wi-Fi symbolizes “Wireless Fidelity” utilized to define
the products of Wireless LAN (WLAN) that are built on the
IEEE 802.11 criteria. It utilizes both single carrier direct-se-
quence spread spectrum radio technology and multi-carrier
OFDM (Orthogonal Frequency Division Multiplexing) radio
technology that empowered its advance and its one-time
competitor HomeRF and Bluetooth. The Wi-Fi first products
were offered in the marketplace carrying the term “WaveLAN
with speeds of 1 Mbit/s to 2 Mbit/s” and criteria were made
as IEEE 802.11b, and 802.11. Wi-Fi Alliance, which possesses
Wi-Fi, is a group of distinct and self-governing corporations
concurring to a group of mutual interoperable productions
built on the family of IEEE 802.11 criteria [1]. The products of
Wi-Fi Association members that permit the interoperability
experiments could be marked with the logo of Wi-Fi. Wireless
network technology such as Wi-Fi has been widely used in the
community because of the advantages of low cost and easy
internet access. Wi-Fi hotspots are widely available nowadays
in various places like housing, offices, cafes, and educational
institutes making internet media access easier compared to
local area networks. Internet is the best service wherein if the
traffic exceeds the predetermined bandwidth, then it is simply
dropped. Delay-sensitive applications like video conferencing
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are the most prioritized services to achieve the required QoS
guarantees in the system. It is very important to present the
required QoS guarantees for services that are easily affected
by delay and jitter. The purpose of this work is to show how
the OPNET simulator software can be used to evaluate in
detail the preparedness of current IP networks in assistance
of “File Transfer Protocol (FTP)”, “video conferencing, and
Voice over Internet Protocol (VoIP)” services and evalu-
ate the performance of different scheduling mechanisms to
achieve required QoS suitable for use in Telkom ST3 campus
network topology. Since its start in 1997, the technologies
of Wi-Fi passed some stages [2]. It is reinforced in various
degrees under Apple Macintosh, Microsoft Windows, open-
source UNIX, and Linux operating systems [3].

The FIFO method is the standard method of network im-
plementation, where the packets are processed one by one as it
arrives. It examines and assesses some devices to enhance the
WLANSs throughput performance. From the result, the per-
formance of WLAN was enhanced by changing parameters
such as slot time, short inter-frame spacing, minimum con-
tention window, fragmentation threshold, and request to send
(RTS) thresholds. However, it customizes parameters against
utilizing the values stated in the standards will minimize
crashes and postponements, and maximize throughput and
channel operation under numerous load circumstances [4].




Statistical comparison of inter-arrival time distribution
to the VoIP traffic performance over WiMAX networks by
examining the Quality of Service (QoS), such as postpone-
ment, jitter, throughput regarding Voice Activity Detection
(VAD) or Silence Detection (SD) in the G.729 voice codec.
The result of the simulation indicates to Pareto distribution
in inter-arrival time has an important influence on the per-
formance of VoIP in WiMAX networks [5].

The study [1] addressed “Wi-Fi fixed broadband tech-
nology” and investigated its connection with other webs
(immobile and moveable), its pros and cons, and the coming
predictions in broadband wireless network technology, par-
ticularly its amalgamation with WiMAX network. More-
over, they examine the uses, pros, and cons of the Wi-Fi
broadband wireless network technology compared with
other broadband wireless networks and amalgamation with
the WiMAX network.

Advance networks to deliver Internet connectivity to
mobile Wi-Fi manipulators are highly expected. This work
explores the use of the Header Compression algorithm in
wireless networking, the uses, pros, and cons of the Wi-Fi
broadband wireless network technology compared with
other broadband wireless networks, and amalgamation with
the advanced web. Moreover, our results are evaluated with
other existing system performances [6], where the study
focuses on the performance evaluation of distributed “true
video-on-demand (T-VoD)”. In their study, a linked video
server web construction for video on demand (VoD) systems
was considered. This was achieved under the propositions
of unchanging loading and harmonic network. For the two
server chosen tactics (Random and Least Loaded) and
two reservation outlines (severe reservation and remaining
reservation), different models were suggested. A queuing
model for the allocated video on demand (VoD) system
was developed. It concentrates on deriving the obstructive
likelihood and the bandwidth price (on the completely
associated central web) provided by the efficiency of video
servers. Other measures of performance, like the continuous
facility reply postponement, the number of needed video buf-
fers, and the needed network efficiency were not treated in
their research [7]. Different issues about the security aspect
of broadband technology were considered in [8], where a
comparison between 802.11 (Wi-Fi) and 802.16 (WiMAX)
wireless networks was carried out based on frequency, band,
coverage, security, radio technology, modulation, data rates,
and others. On the aspect of security, it has concerns broad-
band network, Denial of Service (DoS) attack, Distributed
Flooding attack, Rogue and selfish backbone devices attack
and Node deprivation attack were all considered.

A comparison regarding bandwidth use, number of
concurrent clients, damage percentage, and end-user rec-
ognized quality. The findings of the simulation show the
QOAS system can provide an outstandingly large number
of concurrent customers and also have large bandwidth use
for a similar average end-user quality. The average end-user
quality is frequently higher for QOAS than for the other
resolutions examined for the same number of clients [9]. PQ
has four configured queues, such as high, medium, normal,
and low priority queues. Each queuing priority has a default
packet capacity of 20, 40, 60, and 80. If the incoming packet
is a high-priority packet, the PQ method will prioritize the
existing resource to send the packets, and the remaining
queues will be empty [10]. PQ becomes the basis of the
scheduling scheme based on the queue class. The mechanism

of this scheme is that each packet is marked by a priority and
then the package is classified by the system and entered into
different priority classes. In each priority class, the packets
are then scheduled based on priority. The advantage of this
mechanism on the internetwork is to safeguard routing
update packets by providing higher priority and exclusive
queue on the router [11]. The Voice over IP (VoIP) admin-
istration requests high needs over different administrations
and applications. The presentation of Voice over IP (VoIP)
in 802.11 remote organizations explains the assessment of
voice parcel start to finish deferral and throughput. Make
on OPNET that is reenacted to evaluate the nature of ad-
ministration (QoS) of VoIP in 802.11g heritage and 802.11e
remote organization; shows the upgrade of 802.11, reflects
an improvement like the VoIP administration. The recre-
ation results have demonstrated that the nature of VoIP
administration is impacted by the nature of the transporter,
which is TEEE 802.11 organization. In this way, the voice
administration over remote organizations can be improved
altogether by fostering the nature of administration strategy
that focuses on the parcel transmission in light of the con-
trolled admittance instruments. In the long run, the quan-
tity of VoIP calls could be expanded utilizing the upgraded
802.11e standard instead of 802.11. Tragically, some obliges
are related to this ongoing help, for example, postponement
and throughput, which should be addressed before convey-
ing to the client.

Therefore, studying the operation of the three organizing
mechanisms is essential that are represented by “First-In,
First-Out (FIFO), Priority Queuing (PQ), and Weighted
Fair Queuing (WFQ)” on multiple traffic classes like vid-
eo conferencing, Voice over Internet Protocol (VolIP) and
File Transfer Protocol (FTP), using Telkom ST3’s Wi-Fi
network.

2. Literature review and problem statement

The study [12] discussed the WFQ technique, which
is based on a queued packet data stream with two actions
simultaneously, namely scheduling over queuing processes
and bandwidth allocation. Although WFQ provides fair
resource allocation to all network traffic to smoothen “jitter,
latency, and packet loss”, the packets have different groups
and are placed into a queue and limited to one method. These
issues were explored also in [13] and techniques were pro-
posed such as video conferencing and VoIP. The paper [14]
considered three services including FTP, video conferenc-
ing, and VoIP. FTP is a protocol that serves to transmit and
receive files in a network that has support for TCP/IP. Vid-
eoconferencing is a multimedia application that allows data
communication, voice, and images that are duplex, real-time,
and can be applied to networks that have large data transfer
rates because of their large bandwidth capacity. Video con-
ferencing can be a key solution for people to communicate
remotely by using computers and internet media, while VoIP
is a “technology that makes the internet media be able to do
voice communication remotely. Analog voice signals are con-
verted into digital data and transmitted over the network in
the form of real-time data packets” as discussed in [15]. The
portability in IP networks is an interest that works with
IP applications and administrations, particularly in remote
organizations. However, such a technique is still a complex
and time-consuming method. The paper [16] used OPNET



to simulate several realistic application traffic scenarios to
facilitate the networking issues by analyzing the QoS pa-
rameters including delay, jitter, Mean Opinion Score, and
packet loss ratio to improve multimedia applications over
802.11 networks within a metropolitan area networking en-
vironment while sharing the network resources with HTTP
and video applications.

An early study such as [17], a new plan to ensure QoS
for asset serious traffic, for example, a video even with asset
shortage in the organization by focusing on certain (yet not
all) video parcels and guaranteeing asset distribution to
these bundles over others. However, this plan is executed
in the connection point between the Logical Link Control
(LLC) layer and the Media Access Control (MAC) layer
of an 802.11 convention stack. The problem here is that the
plan prompts limited improvement in video quality at the
beneficiary end. This issue was improved by the study [18],
which used the OPNET 14.5 Simulator platform to evaluate
the performance of networks with VOIP technology, and
the result showed the best VoIP codec. Various VoIP codecs
were discussed in [11] by assessing the exhibition of various
VoIP codecs over the best exertion WiMAX organization.
The execution measurements like jitter, one-way postpone-
ment, parcel misfortune, and client discernment metric
with Mean Opinion Score have been utilized to assess the
presentation of VoIP codecs. Although the reproduction is
performed in the QualNet test system with fluctuating up-
sides of Packet size, the outcomes demonstrate that the jitter
cushion size and packetization time influence the nature of
voice over the best exertion organization.

All the above issues reveal the importance of assessing the
performance of three commonly used queuing devices, includ-
ing “First-In-First-Out (FIFO), Priority Queuing (PQ), and
Weighted Fair Queuing (WFQ)” to compare and decide the
best of the three queuing mechanisms.

Moreover, an extension of previous re- ﬁ‘”l
search is required by analyzing three '-"~
services namely HTTP, FTP, and vid-

eo. Parameters like throughput and Application
delay are needed to test overall appli-  |configuration

cations as the jitter parameter is only
tested in the video application.

3. The aim and objectives of the
study

The aim of the study is to observe
traffic management on the Wi-Fi
STT Telematics Telkom network to
get accurate results.

To achieve this aim, the following
objectives are accomplished:

— to analyze the FIFO parameter
to measure the influence of the arriv-
al time for data packets;

—to explore PQ, and WFQ pa-
rameters to classify the types of traf-
fic based on service priority. In ad-
dition, WFQ assigns fair weight to
each service;

— to analyze three services name-
ly HTTP, FTP, and video based on
throughput and delay for all the appli-

|

Control center
Server

cations, while the jitter parameter is only tested in the video
application.

4. Materials and methods

4. 1. Research object

In this work, we discuss how the three organizational
methods function to process packets in the First-in-First-
Out (FIFO), Priority Queuing (PQ), and Weighted Fair
Queuing (WFQ) networking protocols throughout differ-
ent scenarios.

Before creating a simulation model, it is required to know
the characteristics of the network to be modeled, the campus
network ST3 Telkom. Fig. 1 is the Telkom ST3 campus net-
work topology created using OPNET Modeler 14.5 simulator.

The components used in the simulation using this
OPNET simulator are:

1) Application Configuration one block;

2) Profile Configuration one block;

3) QoS Configuration one block;

4) Ethernet4_slip8_gtwy three numbers, configured as
routers;

5) Ethernet16_switch eight blocks, configured as
switches;

6) Ip32_cloud one block, as IP Cloud;

7) XDSL_Modem one block, configured as a modem;

8) WLAN ethernet router 18 numbers, as access
points;

9) Ethernet wkstnsix numbers, as users with LAN;

10) PPP_server three blocks, as the service server;

11) WLAN_ wkstn90 numbers, as users with Wi-Fi;

12) 100BaseT links for each local node;

13) Link ppp_ds1 for each server node.

Profile
configuration

Fig. 1. ST3 campus network topology created using OPNET Modeler 14.5 simulator



In addition, WFQ assigns fair weight to each service
on multiple traffic classes like video conferencing, Voice
over Internet Protocol (VoIP), and File Transfer Protocol
(FTP), using Telkom ST3’s Wi-Fi network. In this study,
we apply four different scenarios: the first scenario applies
the methods without any queuing discipline; the second sce-
nario implements the methods with FIFO; the third scenario
carries out the methods with PQ and the last scenario uses
the methods with WFQ. Fig. 2 shows three different sorting
behaviors: FIFO, PQ, and WFQ.

The analysis and evolution of the above methods are
based on continuous packet delay, throughput, data dropped,
and packet delay variation. Four different scenarios are
considered to evaluate these networking parameters with
respect to previous works. Table 1 shows the parameters and
scenarios used in the evaluation of this research.

Table 1

Parameters and scenarios used in the evaluation

Scenarios | Queue theory | Service QoS parameters
Scenario 1 | Without Queue \\//?dlg; Continuous packet
Scenario 2 FIFO confer- delay, throughput, data
Scenario 3 PQ ence, and dr(éplfed, and packet
Scenario 4 WFQ FTP elay variation

From Table 1, the first scenario applies all the services
without queue then analyzes the delay, throughput, and packet
drop. The second scenario applies all the services using FIFO
to analyze the delay, throughput, and packet drop. The third
scenario applies all the services using PQ to analyze the delay,
throughput, and packet drop. The last scenario used Weighted
Fair Queuing to analyze the delay, throughput, and packet drop.

(PCM) operating at a sampling rate of 8 kHz, with eight
bits per sample. Another important feature is “voice frame
per packet”. “Voice frame” is composed of 32 sound samples.
One sample consists of 8 bits, so the size of each voice frame
is 32 octets. Thus, according to the principles used, VoIP
packets have a payload of 160 octets, so the value of “voice
frame per packet” is set to five frames.

The bandwidth required for voice calls in any route is
50 packets per second or 90.4 Kbps with the packet above.
The G.711 codec samples 20 ms of voice per packet. As a
result, fifty packets will be transferred in a second, where
each packet consists of 160 sound samples in connection
to produce 8,000 sound samples in a second sending each
packet in an Ethernet frame, with each packet consisting
of 160 octets, plus the header of the protocol layer [17, 18].
Table 2 shows the parameters used in VoIP service.

Table 2
VolP service parameters
Attribute Value
Silence Length (Sec) default
Talk Spurt default
Symbolic Destination Name Voice Destination
Encoder Scheme G711
Voice Frames per Packet 5
Type of Service EF

RSVP Parameters None

Traffic Mix (%) All Discrete

After setting parameters in the application configura-
tion and profile configuration on all services, the time of
simulation is adjusted to ten
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Fig. 2. Three different sorting behaviors: FIFO, PQ, and WFQ

4. 2. VoIP services

The VoIP services G.711 codec is used, which is the in-
ternational standard for the audio encoding of the phone on a
64 Kbps channel. The standard uses Pulse Code Modulation

has higher priority than VoIP.
Table 3 shows the Video Con-
ferencing parameters used in
the simulation of this study.

After setting parameters in the application configuration
and profile configuration on all services, the time of simula-
tion is adjusted to five minutes.



Table 3

Video Conferencing service parameters

Attribute Value
Frame Interarrival Time Information 10 frame,/Sec
Frame Size Information (bytes) 128*120 pixels
Symbolic Destination Name Video Destination
Type of Service AFA3
RSVP Parameters None
Traffic Mix (%) All Discrete

4. 4. File transfer protocol
services

File transfer protocol (FTP) is
a term that is defined as a proce-
dure that requires files transfer be-
tween devices over a web. The pro-
cedure functions when one group
permits another to direct or obtain
files over the net. It was initially
utilized as a means for manipula-
tors to interact and communicate
details among two concrete devic-
es. Now it is generally utilized to
save archives in the cloud (a safe
site that is settled distantly). In
this research, the FTP used maxi-
mum command is 50 %, where the
inter-request time is 3600 seconds
with a file size of 1,000 bytes, the
kind of facility best effort (0). The
FTP services used in this simula-
tion are shown in Table 4.

In file transfer protocol, the
inter-request time uses exponen-
tial (3,600) in seconds where the
file size is 1,000 bytes. In the event
of a video conference facility, an
analysis is conducted to find out
the best queuing mechanism.

so the delay-sensitive VoI P and video conference QoS settings
are difficult.

3. Results of analyzing queue theory using OPNET 14.5
modeler

5. 1. Video conferences based on Packet E2E and la-
tency for FIFO, PQ, and WFQ

Fig. 3, 4 show a comparison of packet E2E delay and
packet delay (latency) for video conferences among FIFO,
PQ, and WFQ network techniques.
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Table 4
FTP service parameters
Attribute Value
Command Mix o
(Get/Total) 50%
Inter-Request Exponential
Time (Sec) (3,600)
e Constant
File Size (bytes) (1,000
Symbohc Desti- FTP Server
nation Name
Type of Service | Best Effort(0)
RSVP Parameters None

End-to-end delay

0.01

The evaluation of performance
is according to end-to-end (E2E)
delay and latency. In both cases, it
is interpreted that the greater the
delay the better the quality. FIFO
queuing discipline does not have
queuing class division mechanisms

0.005

Time (s)



5. 2. VoIP based Packet E2E and latency for FIFO,

PQ, and WFQ

The same process is carried out for VoIP services. VoIP
services also assume two different parameters, including “end-
to-end delay and latency” as depicted in Fig. 5, 6 respectively.

End-to-end delay

WFQ

5. 3. Data dropped and throughput for FIFO, PQ and

All services are tested for dropped data size as one of the
parameters to see the amount of data that cannot be trans-
mitted as shown in Fig. 7.
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three services namely HTTP, FTP,

Bit

1 1 1 1

and video based on throughput and
delay for all the applications, while
the jitter parameter is only tested
in the video application. FIFO is
influenced by the arrival time of
data packets, whereas PQ and WFQ
classify the types of traffic based on
service priority. In addition, WFQ
assigns fair weight to each service.
The simulated service defines three
different DiffServ Code Point (DS
code point), namely Best Effort
(BE) representing FTP, Assured
Forwarding (AF) representing vid-
eo conferencing, and Expedited For-
warding (EF) representing VolIP.
From the above-mentioned queuing
mechanisms, several queuing meth-
ods can be developed that are more
specific in subsequent research.

The comparison curves in

—6—FIFO
—éA— pQ|
—be— WFQ]| |

0 50 100 150 200
Time (s)

Fig. 7. Data Dropped

Another parameter considered in this study is through-
put as depicted in Fig. 8.

250

Fig. 1,2 indicated that the queue
buffer should be enlarged resulting
in greater delay. If the shortest pos-
sible delay is necessary, the queue
buffer length should be lowered. Fur-
thermore, minimum data drop probability, it creates larger
dropped data and vice versa. FIFO has the highest value, fol-
lowed by PQ and WFQ), respectively.

The simulation results show

300 350

the performance curves of differ-
ent scenarios used differentiated
with different colors. In addition
to performance curves, the typi-
cal values were presented in the
form of a datasheet, which aims to
facilitate the view of the graph in
the form of more detailed figures,
-1 making it easier to analyze to de-
termine which queuing discipline
is the best. Using the datasheet,
further analysis was done by using
4 the average value as reference data.
The results interpreted from the
datasheet were matched against the
existing QoS standards of each ser-
vice used, to check whether the re-
quired QoS is guaranteed. Table 6
lists the summary of the results.
From the above table, the WFQ
has an E2E delay less than PQ and

7
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Fig. 8. Throughput

6. Discussion of the results of traffic management on
Wi-Fi

The results explain traffic management on Wi-Fi STT
Telematics Telkom network based on the best queuing mech-
anism among FIFO, PQ and WFQ, WFQ by analysis of

FIFO methods in all the services
that were evaluated while the PQ
method shows better results than
the FIFO in the evaluated services.
The feature of the proposed method
can be applied directly to the real
world to produce maximum quality. The results are also
compared against the QoS standard to determine the best.
According to the comparison with exiting related work,
Fig. 4,5, indicated that FIFO has the highest delay and
latency compared to PQ and WFQ, whereas WFQ has the
lowest value.

350



Table 6

Summary of results

FIFO PQ WFQ
34.4897 ms | 33.621 ms [33.5969 ms

Service Parameter

Video

are tested in the video conferencing application. Therefore,
in future work, we need to enhance the delay based on in-
creasing the Wi-Fi transmission range by changing the pro-
tocol used and enhancing the delay based on increasing the
Wi-Fi transmission range that will encounter interference

In addition to the inference, the comparison can be reviewed
from the average conversion value from the datasheet shown
in Table 3. The results corresponding to WFQ queue theory on
end-to-end delay and latency have a value of 32.4959 ms, with
matches with the set defined by ITU-T G.1010 and 7.20737 ms
is the packet delay variation.

Thus, the delay and latency in WFQ have better entries
compared to other queuing methods. This is because WFQ
has a bandwidth allocation tailored to the needs. The band-
width allocation is tailored to services that are sensitive to
delay. Services that are more sensitive to delay is VoIP fol-
lowed by video conferencing and FTP. The resulting delay
is thus smaller, so WFQ is more efficient in Wi-Fi networks.
Thus, the data dropped on WFQ is smaller compared to PQ
and FIFO. The delay and latency in the case of WFQ have
values of 171.71 ms and 0.977 ms, respectively. The value
is in accordance with ITU-T G.1010 standard, which is an
acceptable one. The system configured with WFQ experi-
ences the highest throughput compared to FIFO and PQ.
From Fig.9 it is inferred that the throughput in the case
of PQ falls between WFQ and FIFO. Higher throughputs
better the quality. The bandwidth allocation is adjusted for
delay-sensitive services, with a high throughput value of
2.017332804 Mbps.

This study did not mention traffic management such as
queuing discipline, where different queuing mechanisms are
considered to observe traffic management on the Wi-Fi STT
Telematics Telkom network. However, this disadvantage
can be investigated in future work in terms of performance
parameters that remain the same while the jitter parameters

Packet E2E delay | 132898 ms 8.5316 ms [7.31848 ms problems.
Confer- Packet delay 172.89 ms | 182.84 ms | 18.282 ms
ence variation 1.12ms | 1.102ms | 0.988 ms
VoIP 2.101394 ms|2.12823 ms | 7.20737ms 7. Conclusions

1. Traffic management on the Wi-Fi STT Telematics
Telkom network was observed by analyzing the performance
of three commonly used queuing devices, including “First-
In-First-Out (FIFO), Priority Queuing (PQ), and Weight-
ed Fair Queuing (WFQ)”. FIFO queuing mechanism is
influenced by the arrival time of data packets, where the
delay, latency, and data dropped on FIFO are greater while
the throughput is less than the others.

2. The queuing mechanisms used Priority Queuing
(PQ), and Weighted Fair Queuing (WFQ) to classify the
types of traffic based on service priority. The results show
the delay and latency became small than using FIFO but
WEFQ has the lowest value. The data dropped on WFQ is
smaller compared to PQ. The throughput in the case of PQ
falls between WFQ and FIFO. The system configured with
WFQ experiences the highest throughput compared to
FIFO and PQ.

3. Three services namely HTTP, FTP, and video based
on throughput and delay for all the applications were ana-
lyzed, while the jitter parameter is only tested in the video
application. The results have shown the video conferencing
services and VoIP services, WFQ queuing mechanism is the
better choice considering packet delay and packet delay vari-
ation. In the case of video conferencing service configured
with WFQ results in a delay with a value of 32.495 ms and
variation in the delay with a value of 7.207 ms, whereas in
the case of VoIP service, the packet delay is 171.717 ms and
variation in the delay is 0.977 ms. This is because the WFQ
has a bandwidth allocation tailored to the needs mentioned
earlier.
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