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Abstract: Video conferencing is a set of interactive telecommunication technologies that allow two or more 
parties in different locations to interact using audio and video simultaneously. In video conferencing tools, 
bandwidth management is needed to maintain the quality of data transmitted through bandwidth. The Hi-
erarchical Token Bucket (HTB) method is a method that uses a hierarchical structure and priorities for the 
client so that the distribution of bandwidth can be adjusted. In contrast, the Per Connection Queue (PCQ) 
method is a method that applies bandwidth sharing so that the allocation of bandwidth can be done more 
evenly to all clients. The parameters used to determine the quality of service in both methods are through-
put, packet loss, delay, and jitter. The test results showed that in the Zoom application, the HTB method had 
an average TIPHON Standard Index of 3.5, while the PCQ method was 3.75. However, in the TrueConf 
application, the HTB method has a TIPHON standard index of 3.75, while the PCQ method has a TIPHON 
standard index of 3.5. In the TrueConf application, the HTB method is superior, while in the Zoom applica-
tion, the PCQ method is superior. 

Keywords: Hierarchy Token Bucket; Per-Connection Queue; Quality of Service; Video conference 
 

Copyright: © 2025 by the authors. This is an open-access article under the CC-BY-SA license. 
 

 

1. Introduction 
The development of telecommunications technology 

during the COVID-19 pandemic has increased very rap-
idly. Currently, many activities are carried out online us-
ing a video conferencing system. Video conferencing is a 
service used between two or more people to interact in the 
form of data, images, or sound in real-time. Now video 
conferencing has become a necessary facility for people af-
fected by the COVID-19 pandemic [1][2][3][4]. 

Quality of Service (QoS) is a measurement of how 
good a network is and an attempt to define the character-
istics and nature of a service. Several parameters are gen-
erally used in calculating the quality of service in a net-
work, namely latency, jitter, packet loss, and throughput 
[5][6][7]. 

Some research is related to the comparative analysis 
of HTB and PCQ methods, one of which is the Implemen-
tation and Analysis of Hierarchical Token Bucket and Per 
Connection Queue Methods on Multi-Protocol Networks 
Label Switching Traffic Engineering for Voice over Inter-
net Protocol Services. This study compares the HTB and 
PCQ methods for VoIP stabilization [8][9][10]. 

Hierarchical Token Bucket (HTB) is one approach 
used in network traffic management to improve quality 
and efficiency in video conferencing. In video conferenc-
ing, smooth, real-time audio and visual quality become 
very important to communicate effectively. HTB enables 
more sophisticated traffic management by setting priori-
ties based on data type. This concept involves dividing 
traffic into different classes or priority levels. Each class 
has an allocated token quota, which decides when and 
how often data from that class will be transmitted over the 
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network. By implementing the HTB method, video confer-
encing can take advantage of this feature by prioritizing 
critical video and audio data transmission for a better user 
experience. For example, participants’ sound and video 
images in a video conference may have a higher priority 
than other data, such as web usage or background appli-
cations. This helps prevent quality degradation, audio or 
video lags, and data packet loss that can interfere with 
communication in video conferences. By using HTB in 
video conferencing, companies or organizations can en-
sure that network resources are used optimally while 
bandwidth usage remains by established priorities and 
policies. This positively impacts the attendee experience, 
improves the efficiency of virtual meetings, and ensures 
more effective and high-quality communication in an en-
vironment fraught with challenges and variations in net-
work conditions [11][12][13]. 

For example, participants’ sound and video images in 
a video conference may have a higher priority than other 
data, such as web usage or background applications. This 
helps prevent quality degradation, audio or video lags, 
and data packet loss that can interfere with communica-
tion in video conferences. By using HTB in video confer-
encing, companies or organizations can ensure that net-
work resources are used optimally while bandwidth usage 
remains by established priorities and policies. This posi-
tively impacts the attendee experience, improves the effi-
ciency of virtual meetings, and ensures more effective and 
high-quality communication in an environment fraught 
with challenges and variations in network conditions. 
PCQ can be used to ensure that each participant has an ad-
equate bandwidth allocation according to their needs. This 
is important because different participants may have var-
ying internet connection qualities, and PCQ can dynami-
cally allocate resources to maintain video and audio qual-
ity. This way, participants with slower internet connec-
tions won’t feel significant interference and can still partic-
ipate comfortably [14][15][16]. 

In a video conferencing system, management is 
needed in distributing bandwidth, which aims to maintain 
bandwidth quality so that users can enjoy the network 
more effectively and efficiently. In addition to managing 
the needs of each user, it also regulates data traffic so that 
it continues to run smoothly. If there is no bandwidth reg-
ulation on a network, it will result in bandwidth control 
by one or several users. Bandwidth control is an activity 
carried out by users who use most of the available band-
width on the network by downloading or streaming, 
thereby slowing down other user connections 
[17][18][19][20]. 

In general, problems can be solved using existing 
methods by balancing the traffic in the queue. In the PCQ 
method, it is done by grouping packets to distinguish one 
substream from another. In contrast to the settlement 

using the HTB method, which uses a fixed limit in imple-
mentation, if many users are active, HTB will choose the 
priority of the first active user if the bandwidth set per cli-
ent is not divided evenly per user. However, each method 
has advantages and disadvantages for balancing traffic 
when conducting video conferencing. Based on the back-
ground described above, the authors intend to conduct 
further research on the comparative analysis of the HTB 
(Hierarchical Token Bucket) and PCQ (Per Connection 
Queue) methods. 

2. Material and Method 
2.1. Research Step  

QoS (Quality of Service) is used in computer and tel-
ecommunication networks to manage, measure, and im-
prove the quality of service provided to users. The main 
objective of quality of service is to ensure that network and 
communication services can provide consistent and relia-
ble performance according to predetermined needs. Qual-
ity of service helps control and manage data flows, priori-
tize critical services, and allocate network resources wisely 
[21][22][23]. 

One crucial aspect of service quality is managing data 
packet queues in the network. With intelligent queue man- 
 

 
 

Figure 1. Stages of Research 
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Figure 2. Model Monitoring QoS 
 
agement, more critical data packets can be processed and 
sent ahead of less essential packets. The application of 
quality of service can provide benefits in various network 
environments, such as enterprise networks, telecommuni-
cation networks, or the Internet. By using quality of ser-
vice, service providers can provide a better user experi-
ence, maintain the performance of critical applications, 
and ensure efficient use of network resources. 

Quality of service can also control and reduce latency 
in the network, which is the time it takes for data to reach 
its destination. This latency reduction is significant for 
real-time applications such as voice and video calls that re-
quire instant response. 

Predictable and scalable services are required in the 
context of campus networks because applications such as 
voice, video, and data are sensitive to latency across the 
network. In this test, we use quality of service to meet the 
traffic requirements of real-time sensitive applications 
such as voice and video and to prevent quality degrada-
tion due to packet loss, delay, and jitter [24][25]. 

The actions required in the data capture process are 
listed in Figure 1. Thus, implementing quality of service is 
a crucial step in ensuring that the campus network can op-
erate efficiently, provide a quality user experience, and 
maintain the integrity of the data running on it. 

Figure 1 shows the stages of video conferencing con-
figuration in this study. It consists of several stages, which 
are explained as follows: 

a) A literature study is carried out by studying sup-
porting concepts and theories related to band-
width management, video conferencing, and 
quality of service (QoS) needed in writing re-
search through libraries related to research in the 
form of books and scientific journals. 

b) This research builds a bandwidth management 
system in the network by using several pieces of 
hardware and software This research uses the hi-
erarchical token bucket and per connection queue 
methods for conducting bandwidth management. 
The end of this study is to measure the scheduler’s 
QoS (Quality of service). At the design stage of 
testing, the author will first perform a speed test 
on all clients to find out what the network speed 
is. clients in the network include 11 PCs and 1 mo-
bile phone, some of which will conduct video con-
ferences as activities carried out in testing. In han-
dling data packets that need to be sent or received, 
bandwidth is one aspect that determines how 
much data can be received or sent simultaneously 
every second. Commonly used units are Mbps 
(Megabits per second) or Kbps (Kilobits per sec-
ond). The comparative evaluation data of the two 
methods displayed are delay, throughput, packet 
loss, and jitter data, determining which method is 
better. The location of this research will be the MTI 
laboratory of Ahmad Dahlan University, Campus 
3, Jln. Prof. Dr. Soepomo Sh., Warungboto, and 
Kec. Umbulharjo, Yogyakarta City. 

c) At this stage, the author will collect data and in-
formation to be used as a reference in comparing 
two different methods based on QoS parameters 
(throughput, delay, packet loss, and jitter) to find 
a more optimal method of balancing traffic when 
conducting video conferences. 

d) If successful in data collection, then the stage con-
tinues with data analysis, if not, then repeat data 
collection. 

e) At this stage, the author begins to process and an-
alyze the data or information that has been ob-
tained at the data retrieval stage. 

f) Take the final conclusion on the results of the 
bandwidth management comparison research on 
the video conference obtained and provide sug-
gestions for input or criticism in order to improve 
future research. 

 
Scenario testing in testing this system, proof will be 

carried out on the connectivity and reliability between the 
PCQ and HTB methods. The scenarios that will be carried 
out are: 

a) Test connectivity without using bandwidth man-
agement: PC1, 2, 3, 4, and smartphones do video 
conference zoom with the camera position on, and 
PC5, 6, 7, 8, the camera position is off; PC9 down-
loads files of 4GB; PC10 watches on YouTube. 
PC1, 2, 3, 4, and smartphone perform TrueConf 
video conference with camera position on, PC5, 6, 
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7, 8, and PC9 with camera position off. Download 
a 4GB file on PC 10 and watch YouTube videos. 

b) Testing the connectivity and bandwidth manage-
ment of the PCQ method: PC1, 2, 3, 4, and 
smartphone do video conference zoom with cam-
era position on and PC5, 6, 7, 8, camera position 
off, PC9 downloads a 4GB file, and PC10 watches 
YouTube.PC1, 2, 3, 4, and smartphone do True-
Conf video conference with camera position on 
and PC5, 6, 7, 8, camera position off, PC9 down-
loads a 4GB file, and PC10 watches YouTube. 

c) Testing the connectivity and bandwidth manage-
ment of the PCQ method, PC1, 2, 3, 4, and 
smartphone do video conference zoom with cam-
era position on and PC5, 6, 7, 8, camera position 
off, PC9 downloads a 4GB file, and PC10 watches 
YouTube. PC1, 2, 3, 4, and smartphone do True-
Conf video conference with camera position on 
and PC5, 6, 7, 8, camera position off, PC9 down-
loads a 4GB file, and PC10 watches YouTube.  

 
2.2. Equations QoS 

An efficient enterprise network must provide predict-
able and scalable services when applications, such as de-
lay-sensitive voice, video, and data, operate across the net-
work. Organizations implement the concept of quality of 
service (Quality of Service) to meet the traffic require-
ments of sensitive applications, such as real-time voice and 
video, and to prevent quality degradation that may occur 
due to packet loss, delay, and jitter. Quality of service im-
plementation allows organizations to control and manage 
data flows efficiently, prioritize critical services, and 
wisely allocate network resources. 

One crucial aspect of Quality of service is the ability 
to manage the queuing of data packets in the network. 
With intelligent queue management, higher-criticality 
data packets can be processed and sent ahead of lower-
criticality packets. Quality of service can be applied in var-
ious network environments, including enterprise net-
works, telecommunication networks, and Internet net-
works. By using quality of service, service providers can 
provide a better user experience, maintain the perfor-
mance of critical applications, and ensure efficient use of 
network resources. 

Controlling and reducing latency in the network is 
also an essential aspect of quality of service. Latency refers 
to the time taken by data to reach its destination. Latency 
reduction is crucial for real-time applications such as voice 
and video calls that require instant response from the net-
work. 

Predictable and scalable services are critical in the 
context of a campus network, and predictable and scalable 
services are critical as applications such as voice, video, 
and highly latency-sensitive data must operate across this 

network. In the testing phase, quality of service is used to 
meet the traffic requirements of applications that require 
real-time response, such as voice and video, while pre-
venting quality degradation that can be caused by packet 
loss, delay, and jitter. 

To implement quality of service, organizations must 
consider service level agreements (SLAs) with network 
service providers. These SLAs aim to guarantee a certain 
level of performance in the use of network services. It may 
include parameters such as latency, packet loss, and net-
work availability that the service provider must adhere to. 

Furthermore, in the context of quality-of-service 
model monitoring, monitoring the quality and perfor-
mance of machine learning models is carried out continu-
ously in a production environment. This aims to ensure 
that the model meets established quality standards and re-
quirements. Quality of service model monitoring involves 
collecting and analyzing data to ensure that the model 
functions properly and produces the expected results. 

The quality-of-service monitoring model consists of 
several essential components, including monitoring appli-
cation components, quality of service monitoring, moni-
tors, and monitored objects, all of which are listed in Fig-
ure 2. This entire monitoring system is designed to ensure 
that the machine learning model operates with a high level 
of quality and can cope with changes that may occur in the 
production environment [26][27][28][29]. 

The main purpose of the Figure 2 model above as QoS 
monitoring is to ensure that the machine learning model 
remains optimally performing, produces accurate predic-
tions, and meets the quality requirements set according to 
the standard. By performing proper monitoring, you can 
identify problems quickly and take the necessary correc-
tive actions to maintain model quality and performance on 
an ongoing basis, some of which are described in Figure 2 
[30]: 

a) Monitoring Application, Is an interface for net-
work administrators. This component functions to 
retrieve data packet traffic information from the 
monitor, analyze it, and send the analysis results 
to the user. Based on the results of the analysis, a 
network administrator can perform other opera-
tions. 

b) QoS Monitoring: Provides a QoS monitoring 
mechanism by retrieving information on QoS pa-
rameter values from data packet traffic. 

c) Monitor, collect, and record data packet traffic in-
formation, which will then be sent to the monitor-
ing application. The monitor measures the flow of 
data packets in real time and reports the results to 
the monitoring application. 

d) Monitored objects are information such as attrib-
utes and activities monitored in the network. In 
the context of QoS monitoring, these are streams 
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of data packets that are monitored in real time. 
The type of data packet flow can be known from 
the source and destination addresses in the IP lay-
ers, the ports used, such as UDP or TCP, and the 
parameters in RTP packets. 

 
Some standards and formulas to determine the qual-

ity of a video with Quality-of-Service parameters consist 
of: 

 
2.2.1. Throughput 

Throughput is the speed (rate) of effective data trans-
fer, which is measured in bps (bits per second). Through-
put is the total number of successful packet arrivals ob-
served at the destination during a given time interval di-
vided by the duration of the time interval based on the 
standardization table in Table 1 as Equation 1. 
 

 𝑇ℎ𝑟𝑜𝑢𝑔ℎ𝑝𝑢𝑡	
𝐷𝑎𝑡𝑎	𝑃𝑎𝑐𝑘𝑎𝑔𝑒	𝑅𝑒𝑐𝑒𝑖𝑣𝑒𝑑
𝐷𝑢𝑟𝑎𝑡𝑖𝑜𝑛	𝑜𝑓	𝑜𝑏𝑠𝑒𝑟𝑣𝑎𝑡𝑖𝑜𝑛 × 100 (1) 

 
Throughput is calculated through Equation 1 by di-

viding the amount of data successfully sent or received by 
the processing time. The amount of data is measured in 
bytes, while the data transmission time is measured in sec-
onds. A throughput index value of 4 with a throughput 
more significant than 100 indicates excellent throughput 
quality. A value of 3 with a throughput between 75 indi-
cates good throughput quality. A value of 2 with a 
throughput between 50 indicates adequate throughput 
quality. A value of 1 with a throughput between >25 indi-
cates limited throughput quality. 

Table 3 shows the throughput standard that measures 
how efficiently a system or process sends, receives, or pro-
cesses data. This standard has four categories: excellent, 
good, medium, and bad. The good category is obtained if 
it is obtained very well if the throughput value is equal to 
100; The good category is obtained if the Throughput 
value is 75; The category is obtained if the Throughput 
value is 50; And the bad category is obtained if the 
Throughput value is >25. 
 
Table 1. Standardization Throughput. 

Category Throughput  Index 
Very Good 100 4 

Good 75 3 
Medium 50 2 

Bad >25 1 
 
Table 2. Standardization Delay. 

Category Big delay Index 
Very Good <150 ms 4 

Good 150 s/d 300ms 3 
Medium 300 s/d 450 ms 2 

Bad >450 ms 1 

2.2.2. Delay 
Delay is the amount of time it takes for data to reach 

its destination. Delay can be influenced by distance and 
time, can be calculated using a predefined equation, and 
can be inferred based on the standardization table in Table 
2. This aids in evaluating the quality of service and system 
performance in a more structured manner, enabling effi-
cient monitoring and the identification of potential im-
provements needed in data delivery. 
 

 𝐷𝑒𝑙𝑎𝑦(𝑠)
𝑡𝑜𝑡𝑎𝑙	𝑑𝑒𝑙𝑎𝑦

𝑡𝑜𝑡𝑎𝑙	𝑝𝑎𝑐𝑘𝑒𝑡	𝑟𝑒𝑐𝑒𝑖𝑣𝑒𝑑 × 100 (2) 

 
Equation 2 calculates the average delay by dividing 

the total delay incurred in the system by the number of 
packets that have been successfully received. Total delay 
is the delay time in each packet sent, while the number of 
packets received is the number of packets that arrive. 

Table 1 shows that if the Delay value is below <150 
ms, the service shows excellent quality. The value range of 
150 - 300 ms indicates that the quality of service remains 
good. If the Delay value is 300 - 450 ms, the service cate-
gory shows a decrease in service quality. Meanwhile, if the 
Delay value exceeds >450 ms, the service shows low qual-
ity. The amount of standardization delay can be classified 
as shown in Table 2. 

Table 2 shows the delay standards that serve as stand-
ardization for sending packages. This standard has four 
categories: very good, good, medium, and bad. The good 
category is obtained if very good is obtained if the delay 
value is <150 ms; the good category is obtained if the delay 
value is 150-300 ms; The category is obtained if the delay 
value is 300-450 ms; and the bad category is obtained if the 
delay value is >450 ms delay value is 300-450 ms; and the 
bad category is obtained if the delay value is >450 ms.  

 
2.2.3. Jitter 

Jitter is the difference between delays. Jitter can be 
calculated using a predefined equation, and can be in-
ferred based on the standardization table in Table 3. This 
helps in understanding fluctuations in data delivery time, 

 
Table 3. Standardization Jitter. 

Category Big Jitter Index 
Very Good 0 ms 4 

Good 75 ms 3 
Medium 125 ms 2 

Bad 225 ms 1 
 

Table 4. Standardization Packet loss. 
Category Packet loss Index 

Very Good 0% 4 
Good 3% 3 

Not Bad 15% 2 
Bad 25% 1 
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which can impact the quality of service and overall system 
performance. 
 

 𝐽𝑖𝑡𝑡𝑒𝑟
𝐷𝑎𝑡𝑎	𝑃𝑎𝑐𝑘𝑎𝑔𝑒	𝑅𝑒𝑐𝑒𝑖𝑣𝑒𝑑
𝐷𝑢𝑟𝑎𝑡𝑖𝑜𝑛	𝑜𝑓	𝑜𝑏𝑠𝑒𝑟𝑣𝑎𝑡𝑖𝑜𝑛 × 100 (3) 

 
Equation 3 shows the jitter from dividing the total de-

lay variation by the total data packets received. At the 
same time, the total delay variation is obtained by sub-
tracting the delay value from the average delay, as in 
Equation 2. 

Jitter can be calculated using Equation 3, which in-
cludes variations in total Delay and total packet data re-
ceived. The variation in Total Delay is calculated by sub-
tracting the Delay on each data packet using Delay as in 
Equation 2. This explains the difference between the esti-
mated arrival time of the package and the actual arrival 
time. The Jitter Index in Table 3 shows Index 4 values with 
0ms jitter, indicating excellent network quality. Index 3 
with a jitter of 75 ms indicates an acceptable variation in 
data transmission time. Index 2, with a jitter of 125 ms, 
shows a more significant variation in data transmission 
time. An index of 1 with 225 ms indicates unstable time 
variation and can interfere with real-time applications. 

Table 3 shows the jitter standards standardizing net-
work performance degradation. This standard has four 
categories: very good, good, medium, and bad. The good 
category is obtained if excellent is obtained if the jitter 
value is equal to 0 ms; The good category is obtained if the 
jitter value is 75 ms; The category is obtained if the jitter 
value is 125 ms; And the bad category is obtained if the 
jitter value 225 ms. 
 
2.2.4. Packet loss 

Packet loss is the number of packets that fail to reach 
their destination. Packet loss can be calculated by equation 
and can be concluded based on the standardization table 
in table 4 as shown in Equation 4. 
 
 

𝑃𝐿 =
(𝐷𝑎𝑡𝑎	𝑃𝑎𝑐𝑘𝑒𝑡𝑠	𝑠𝑒𝑛𝑑 − 𝐷𝑎𝑡𝑎	𝑃𝑎𝑐𝑘𝑎𝑔𝑒		𝑅𝑒𝑐𝑒𝑖𝑣𝑒	)

𝑑𝑎𝑡𝑎	𝑝𝑎𝑐𝑘𝑒𝑡	𝑠𝑒𝑛𝑑	 × 100 (4) 
 
 

Packet loss in Equation 4 involves subtracting the 
number of data packets received and the number of data 
packets sent, then dividing by the number of data packets 
sent, and multiplying by 100% to get a percentage. Table 4 
shows the index values for the Packet loss value 0%, which 
indicates a very low packet loss rate and excellent service 
quality. Packet loss values of 3% indicate slight packet loss 
but are still considered good. The value of packet loss of 
15% indicates a decrease in the quality of service and re-
pairs that may be needed. Meanwhile, the value of Packet 
loss exceeding 25% indicates a serious network problem 
that significantly affects service quality and requires ur-
gent corrective action. 

The amount of standardization of packet loss can be 
classified as shown in Table 4. Table 4 shows packet loss 
standards that serve as conditions for the total number of 
packets lost. This standard has four categories: excellent, 
good, medium, and bad. The good category is obtained 
very well if the packet loss value is equal to 0%; The good 
category is obtained if the packet loss value is 3%; The cat-
egory is obtained if the package loss value is 15%; And the 
bad category is obtained if the package loss value is 25%. 
 
2.3. Tools and Materials 

Wireshark is a network analysis software used to in-
spect, analyse, and record network traffic. While not a tool 
specifically used for video streaming, Wireshark can pro-
vide useful insights regarding video streaming in a net-
work environment [31][32][33]. 

Wireshark can provide detailed information about 
network traffic during video streaming to check network 
performance. You can view bandwidth usage, latency, 
server response time, and other network metrics to under-
stand how the network behaves when streaming video. In 
addition to the Quality of service (QoS) analysis, 
Wireshark can help measure and analyze service quality 
when streaming video. You can see QoS values related to 
video delivery, such as throughput, packet loss, and la-
tency, which can help you evaluate the quality of your 
streaming experience [34]. The following tools and other 
materials used in this study are listed in Table 5. 
 
2.4. Network Topology 

Computer network topology is a technology that 
studies a technique to connect a computer with other com-
puters and then form a network. Computer network topol-
ogy is also a method to connect two or more computers 
 
Table 5. Tools and Materials. 

Tools and 
Materials Specification 

Personal 
Computer 

Unit: 11 
Processor: Core i7- 9700f 
RAM: 16GB 
Network Adapter: Intel Wireless-AC 
9560 260MHz 
OS: Windows 11 Home Single Language 

Xiaomi 
Redmi Not 
9 Pro 

Processor: Hisilicon kirin 659 
RAM: 3GB 
Network Adapter: Wi-Fi 802.11 b/g/n 

Access 
Point TP-
Link 

Model: TL-WA801ND 

MikroTik 
Router-
BOARD 

Model: Rb450Gx4 
GUI: WinBox 

UTP  
Cables 

Port: RJ-45 
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Figure 3. Network Topology

using UTP cables, fiber optics, or without wires (wireless) 
as a transmission medium [35][36]. In this case, it will be 
very possible for users to communicate with other users 
even though they are in different places The topology of a 
computer network will affect the speed of communication 
between computers. Basically, the basic topology MOF a 
computer network is a map of various computer networks. 
The network topology is divided into two parts: the phys-
ical topology and the logical topology [37][38][39]. 

The network topology in Figure 3 uses a star topol-
ogy, where a router board is a gateway to connect to the 
internet. This router board is configured using the Per 
Connection Queue (PCQ) and Hierarchical Token Bucket 
(HTB) alternately to manage bandwidth, which functions 
as a control of internet usage. 

In the PCQ method, network traffic is grouped by a 
specific connection or IP address. Each association or IP 

address will be given a specified priority or speed limit. In 
the configuration above, we create two types of queues 
named “pcq downstream” and “pcq_upstream” that im-
plement the PCQ method. Each string has different speed 
limits for downstream (going to the user) and upstream 
(going to the internet) traffic flow. Next, we add two queue 
trees that direct traffic to the appropriate queues [40]. 

In the HTB method, network traffic is grouped into 
classes or groups with speed limits and their respective 
priorities. These classes form a hierarchy to organize traf-
fic allocation and management in a structured manner. In 
the above configuration, we create two types of queues 
named “pcq default” and “pcq premium” that implement 
PCQ methods with different speed limits. Next, we add 
two queue trees that direct traffic to the appropriate 
queues. 
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Table 6. Test results on zoom. 
QoS  

Parameters 
No Bw Management PCQ Method HTB Method 

Index Category Index Category Index Category 
Throughput 1 Ugly 3 Good 2 Currently 

Delay 4 Very Good 4 Very Good 4 Very Good 
Packet Loss 4 Very Good 4 Very Good 4 Very Good 

Jitter 4 Very Good 4 Very Good 4 Very Good 
Average 3.25 Good 3.75 Good 3.5 Good 

 
Table 7. Test results on TrueConf. 

QoS  
Parameters 

No Bw Management PCQ Method HTB Method 
Index Category Index Category Index Category 

Throughput 1 Ugly 2 Currently 3 Good 
Delay 4 Very Good 4 Very Good 4 Very Good 

Packet Loss 4 Very Good 4 Very Good 4 Very Good 
Jitter 4 Very Good 4 Very Good 4 Very Good 

Average 3.25 Good 3.5 Good 3.75 Good 
 

3. Results and Discussion 
The HTB (hierarchical token bucket) and PCQ (per 

connection queue) methods are two methods used in man-
aging quality of service (QoS) on computer networks. Both 
of these methods aim to regulate the allocation and man-
agement of network traffic. 

The TIPHON standard reference assessment is a 
method for measuring and comparing the performance of 
different technologies and solutions in a network environ-
ment. However, it should be noted that I need access to the 
results of current research or experiments that may have 
been conducted after my last knowledge in May 2023. 

Refer to the latest research or literature on the TI-
PHON standard reference assessment to obtain more ac-
curate information regarding the final comparison be-
tween HTB and PCQ methods. To get a good network, JDI 
must do a video conference scenario to determine the sta-
bility of network quality. After conducting several experi-
mental techniques, the final comparison value between the 
HTB and PCQ methods was obtained using the TIPHON 
standard reference assessment, with results in the Table 6. 

Based on the test results, the average index value in 
Table 6 shows that the method per connection queue is su-
perior between the two methods, Hierarchical Token 
Bucket and Per Connection Queue at Zoom, based on the 
index. Within 11 minutes of throughput, packet loss, de-
lay, and jitter all achieved good scores, with an average 
overall total index of No Bw Management 3,25 PCQ 
Method 3.75 and HTB Method 3.5. Hierarchical Token 
Bucket: he knows the performance between the two meth-
ods; the tested topology can provide high-quality service 
with good delivery speed, low packet loss rate, minimal 
delay, and stable jitter. To get the best video conference 
quality. with results per the Table 7. 

Based on the test results, the average index value in 
Table 7 shows that between the two methods, Hierarchical 
Token Bucket and Per Connection Queue in TrueConf 
based on the index, the method per connection queue is 
superior. Within 11 minutes of throughput, packet loss, 
delay, and jitter all achieved good scores, with No Bw 
Management’s overall average total index of No Bw Man-
agement 3.25, PCQ Method 3.5, and Htb Method 3.75. Hi-
erarchical Token Bucket: it knows the performance be-
tween two methods. The tested topology can provide 
high-quality services with good delivery speed, low 
packet loss rate, minimal delay, and stable jitter. To get the 
best video conference quality. 

In Figure 4, it can be observed that the throughput re-
sults when not using bandwidth management are only be-
low 10% compared to the results when using the HTB 
video conferencing method. This indicates that the imple-
mentation of bandwidth management using the HTB 
video conferencing method provides a significant im-
provement in network throughput utilization, thereby op-
timizing the performance of video applications and ensur-
ing a smoother user experience. 

In Figure 5, it is evident that the highest packet loss 
results occur in both methods when utilizing the TrueConf 
video conferencing. This observation highlights that, irre-
spective of the network management methods employed, 
TrueConf video conferencing continues to encounter a 
noteworthy level of packet loss. Addressing this issue 
should be a priority to enhance the overall quality and re-
liability of the video conferencing experience. 

In the chart in Figure 6, it can be seen that the latency 
in both methods is within safe limits and falls into the 
‘good’ category according to TIPHON standards. This in-
dicates that, in terms of latency, both methods meet the TI-
PHON standards well, implying that network quality in 
terms of latency can be considered good  and  can  support 
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Figure 4.Throughput Graphic Comparison Figure 6. Delay Graphic  Comparison 

 

  
Figure 5. Packet Loss Graphic Comparison  Figure 7. Jitter Graphic Comparison 

time-sensitive applications such as real-time voice and 
video services. 

In the chart in Figure 7, it can be seen that the jitter in 
both methods is in a safe condition and falls into the ‘good’ 
category according to TIPHON standards. This indicates 
that, in terms of jitter, both methods meet the TIPHON 
standards well, signifying that the fluctuation in data de-
livery time is relatively stable and within acceptable limits, 
thus supporting good communication quality, particularly 
for real-time voice and video applications. 
As a result of comparing QoS values based on Tables 2 and 
3, tests without using bandwidth management, we got an 
average value of 3.25 on Zoom and TrueConf. Using the 
HTB method, bandwidth management obtained an aver-
age index value of 3.5 with a good category on Zoom video 
conferences and 3.75 on TrueConf, also with a good type. 
While on PCQ, we obtained an average index value of 3.75 
on Zoom with a good category and 3.5 on TrueConf with 
a good class. The values are similar after comparing the 

final values for these two methods. However, when com-
pared again with each parameter in detail, each parameter 
will have differences. 

Based on the data obtained with the Wireshark appli-
cation and presented in the form of tables, The average 
value of throughput parameters without using bandwidth 
management was obtained at a value of 3.0% at Zoom and 
2.6% at TrueConf video conferencing, both of which fell 
into the bad category. The HTB method got a percentage 
value of 44% when zooming with the “medium” type and 
64% on TrueConf video conferences with the “good” cate-
gory. In comparison, the throughput value in the PCQ 
method obtained a percentage value of 56% when zoom-
ing video conferences with the “good” type and 36% when 
doing TrueConf video conferences with the “medium” 
category. 

The analysis results of the delay parameter values ob-
tained without bandwidth management were 5 ms when 
zooming and 5 ms when TrueConf in the HTB method and 
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7 ms and 6 ms, respectively, when TrueConf. In compari-
son, the delay parameter values in the PCQ method were 
5 ms at Zoom and 12 ms when TrueConf. The loss package 
on both ways and all test scenarios gets the same index 
value of 0% and falls into the “very good” category. The 
jitter value in all two methods and all test scenarios also 
gets the same index value of 0 ms, also in the “very good” 
category. 

Some limitations of this study are that the internet 
network from switches in the IoT laboratory tends to be 
unstable. All clients in the test scenario use the same net-
work, and the distance between all PCs and the access 
point is approximately the same. The data retrieval pro-
cess is also carried out on one client PC, and testing is done 
only once in each scenario. 

4. Conclusion 
Based on the results of trials that have been carried 

out to compare two different bandwidth management 
methods, it was concluded that the two methods have dif-
ferences that tend to be very thin when referring to the 
four parameters used as a comparison material, namely 
throughput, delay, packet loss, jitter, and using the 

TIPHON standard as a standard for assessing the quality 
of a network. However, the index values obtained in this 
experiment are dissected and compared more deeply. In 
that case, both methods have their respective advantages, 
namely that the HTB method tends to be superior if using 
TrueConf video conferencing or better than the PCQ 
method, where the difference can be seen in terms of 
throughput with an HTB index value of 3 and a PCQ index 
value of 2. while PCQ is superior to HTB when using 
Zoom video conferencing or better than HTB. The differ-
ence is also the same as before, only on the throughput 
side, with a PCQ index value of 3 and an HTB index of 2. 
With bandwidth management on both video conferences, 
there is a significant drop on the throughput side with an 
index value of 1, which is good. Although the difference in 
index values is not too large between the two methods, it 
needs to be more specific in practice to affect the perfor-
mance of a network. Apart from the comparison of QoS, 
which way is best to use is also optional, depending on the 
user, because from another point of view, the advantages 
of a simpler implementation method or more complete 
features also affect the choice of the process you want to 
use.
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