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Abstract. This paper intends to introduce the development of a terminal agent 
for QoS measurement that is suitable for an NGN environment, and to 
summarize the results of its performance test. Using the terminal agent for 
service quality measurement, it is possible to measure the QoE-based end-to-
end service quality of voice phone, video phone, and VoD services. In addition, 
the terminal agent, installed in the user terminal (IP-based audio and video 
phones), as a software or hardware chip, measures the quality index for voice 
and video related multimedia services, such as R-value, MOS value, call 
success rate, one-way delay, jitter, packet loss, resolution. The terminal agent 
also applies the packet capturing method when using the actual service, and 
analyzes SIP, RTP, and RTCP protocol headers of the received packet. When 
the terminal agent was implemented in the IP video phone and compared with 
the performance of a general QoS measurement tool, there were barely any 
errors in the measurement value. It has also been identified that end-to-end 
service quality management, which is close to QoE, was possible. 
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1   Introduction 

Due to rapid technological developments and the increasing diversity of user-based 
needs, current information & communication services are expected to evolve into a 
ubiquitous society, based on the Next Generation Network (NGN), in which 
communications will be enabled anywhere and any time. Accordingly, both the 
backbone and access networks have been highly advanced. In order to support 
application services with different traffic characteristics, next-generation protocols, 
such as QoS (Quality of Service), IPv6, security, and mobility protocols are being 
introduced. Individual services, including e-commerce, games, telephony, education, 
and broadcasting are being combined into, and developed as integrated 
services[11][12]. 
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Led by the international organizations for standardization, such as ITU-T, IETF, 
and 3GPP, the standardization of QoS guarantee technologies, the basis of the NGN, 
including the QoS Framework and DiffServ/MPLS/RACF[6][14], as well as 
multimedia service protocols, such as SIP[1][2], is underway. Since 2004, 
furthermore, domestic fixed & wireless carriers and equipment & terminal 
manufacturers have attempted to provide high-quality BcN trial services, such as the 
Broadband Convergence Network (BcN), voice & video phone, VoD, and IP-TV, 
through the BcN testbed projects. As existing individual wire & wireless broadcasting 
services, such as high-speed internet, PSTN, W-CDMA, and terrestrial broadcasting, 
have now been integrated into a single network, NGN needs to be able to support 
these individual services. Therefore, it is becoming increasingly vital to build a QoS 
network as well as support next-generation communication protocols, such as address 
(IPv6), security, and mobility protocols[15][16]. A QoS network provides different 
classes of service in terms of bandwidth, loss, delay, and jitter. It is therefore 
necessary to develop related technologies, such as QoS guarantee technologies 
(DiffServ, MPLS, and RACF), and a Service Level Agreement (SLA), as well as to 
support the standardization required. In particular, Service Quality Management 
(SQM) technology allows the core factors, such as QoS and SLA technologies, to be 
provided. 

In existing networks, such as high-speed internet, service quality management has 
been carried out with a focus on the network through Probe, OAM, and common 
quality measurement tools. In an NGN environment, however, it is important to 
conduct end-to-end quality management by applying the degree of user satisfaction, 
based on Quality of Experience (QoE)[3], as well as for different network service 
classes. In order to provide end user SLA, the quality of actual service may be 
measured on a regular basis. Most existing service quality measurement tools, 
however, focus on network quality. Even the tool measuring end-to-end service 
quality is not able to provide a regular quality management service for all users.  

Therefore, this paper intends to introduce the development of a terminal agent for 
QoS measurement that is suitable for an NGN environment, and to summarize the 
results of its performance test. Using the terminal agent for service quality 
measurement, it is possible to measure the QoE-based end-to-end service quality of 
voice phone, video phone, and VoD services. In addition, the terminal agent, installed 
in the user terminal (IP-based audio and video phones), as a software or hardware 
chip, measures the quality index for voice and video related multimedia services, such 
as R-value[4], MOS value[4], call success rate[2], one-way delay[7][8], jitter[7], 
packet loss[7][10] and resolution. The terminal agent also applies the packet capturing 
method when using the actual service, and analyzes SIP, RTP[5], and RTCP[5] 
protocol headers of the received packet. When the terminal agent was implemented in 
the IP video phone and compared with the performance of a general QoS 
measurement tool, there were barely any errors in the measurement value. It has also 
been identified that end-to-end service quality management, which is close to QoE, 
was possible. This is because the agent was easily implemented to SIP and 
RTP/RTCP-based service terminals in an NGN environment. 

This paper comprises four chapters: Chapter 2 to the design of a terminal agent for 
NGN QoS measurement, Chapter 3 to the implementation and performance analysis, 
and Chapter 4 provides the conclusions and directions of future work. 



2   Design of a Terminal Agent for NGN QoS Measurement 

This chapter describes the design of a terminal agent for end-to-end QoS 
measurement for voice and video services in an NGN environment. Fig.1 below 
illustrates the processor architecture of the terminal agent for NGN QoS measurement. 
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Fig. 1. Processor Architecture of the Terminal Agent for NGN QoS Measurement 

 
The Configuration Processor makes it possible to search and change an 

environment variable for the activation of the terminal agent for NGN QoS 
measurement, while the Quality Measurement Processor captures SIP, RTP, and 
RTCP packets, analyzes the protocol header, and measures the quality indicators of 
NGN services (VoIP, video phone, and VoD). Finally, the Measurement Result 
Processor delivers these results to the QoS measurement server, using the RTCP XR 
protocol as defined in this paper. Each processor is defined as follows: 

2.1 Configuration Processor 

The Configuration Processor comprises a configuration initialization block, a 
configuration command processing block, and a configuration communication block. 
Each block is defined as follows: 
 

 Configuration Initialization Block: This block sets the configuration information 
for the initial activation of the terminal agent for NGN QoS measurement. Table 
1 illustrates the structure value for its initial configuration. 

 
 Configuration Communication Block: This block receives Table 1-based 

configuration files from the QoS measurement server for the purposes of 



configuration of the quality measurement functions of the terminal agent, 
sending them to the configuration process block. The result from the 
configuration process block is then transmitted to the QoS measurement server. 

 
 Configuration Command Processing Block: This block sets a set of command 

language from the configuration communication block to the terminal agent, 
then sending back the process result to the configuration communication block. 

Table 1. The structure value of initial configuration 

Data Name Definition 
SIP_POOL SIP Session Table Size 
RTP_POOL RTP Status Table Size 
DEVNAME Network Device Name for Packet Capture 

FILTER Packet Filtering Tool 
SIP_PORT SIP UDP Port Number 

RTSP_PORT RTSP UDP Port Number 
CONFIG_PORT TCP Port Number for Configuration 

GATHER_IP QoS Measurement Server IP 
GATHER_PORT QoS Measurement Server Port Number 
SERVICE_TYPE Type of Terminal Service 

QoS_INDEX QoS Measurement Index List(R/MOS, Resolution, Delay, Jitter, Loss) 

2.2 Quality Measurement Processor 

 
The Quality Measurement Processor captures the packets that are required for quality 
measurement (SIP and RTP / TRCP), analyzes the protocol header, and measures the 
quality indicators (Connect Success Rate, One-Way Delay, Jitter, Packet Loss, R 
value, MOS, and Resolution). It comprises the following blocks, with each block 
defined as follows: 
 

 SIP Session Initialization Block: This block creates a state management session 
pool for the SIP session to get the quality indicators, such as the connect success 
rate and resolution, organizes this into a linked list, and initializes the following 
main session information required for the measurement of quality indicators: 

 
{ SIP Key (Source IP/Port, Destination IP/Port), Source DN (Dial Number), 

Destination DN, Call Phase (Fail, Success, In Process), Call Start Time, End 
Time, SDP Media Information } 

 
 RTP Status Initialization Block: This block creates a state table for the 

RTP/TRCP packet process, organizes it into a linked list, and initializes the 
following main RTP status table information required for the measurement of 
quality indicators: 

 



{ RTP Key (Source IP, Source Port, Destination IP, Destination Port), SSRC 
Field Value, RTP Start/Final Sequence Number, RTP Start/Final Time Stamp, 
One-Way Delay (MIN, AVG, MAX) Value, Jitter Value, Total Received RTP 
Packet Count } 

 
 Packet Capture Block: This block captures the packet from the terminal, using 

the packet capture library, and then sends it to the packet filter and classification 
block. 

 
 Packet Filter and Classification Block: This block filters and classifies the 

packets required for quality measurement, and records the time stamp. After 
checking the port number, it sends the SIP packet to the SIP processing block, 
and the RTP packet to the RTP processing block. 

 
 SIP Processing Block: This block receives the SIP packet from the packet filter 

and classification block, analyzes the SIP header and SDP protocol, measures 
the SIP session information (Source DN, Destination DN, Source IP, Destination 
IP, Call Start Time, and Call End Time), call success rate, and resolution, and 
records the result into the SIP session metrics of RTCP XR when the SIP session 
is terminated. The call success rate (%) is measured by a formula, {(number of 
total connected calls – number of failed-to-connect calls) / number of total 
connected calls * 100}, determining as SUCCESS where the status code of the 
SIP Response Message is 2xx or 3xx, and as FAIL where it is 4xx, 5xx, or 6xx 
after receiving the SIP INVITE message and analyzing the procedure up until 
200OK and the ACK message. Resolution, a measurement of the total number of 
pixels displayed, is measured based on an SDP media attribute included in the 
SIP response message. 

 
 RTP Processing Block: This block receives the RTP/RTCP packet from the 

packet filter and the classification block, analyzes the header, measures the 
quality indicators (voice and video services end-to-end one way delay, jitter, 
packet loss, R-value, and MOS value), saves them in the RTP state table, and 
outputs the measurements of the RTP quality metrics of the RTCP XR message 
at the SIP session is terminated. The quality indicator measurement method is 
defined as follows: One-way delay, an end-to-end one-way delay to the packets 
from the Send terminal to the Receive terminal, is measured by the formula 
{RTT/2} after getting the RTT with the reference of the DLSR and LSR field 
values of RTCP RR. Jitter, a variation of the end-to-end one-way delay to the 
packets from the Send terminal to the Receive terminal, is measured according 
to the formula, {J(i-1)+(Inter_arrival_jitter-J(i-1))/16}, where inter_arrival_jitter 
= l(R(i)-R(i-1) -(S(i)-S(i-1))l, based on the RTP packet arrival time. The packet 
loss rate is the rate of packet loss among the total packets of the actually 
transmitted data, after a normal call connection has been made. The quality 
indicator is measured by the formula, {(number of Send packets – number of 
Receive packets) / number of Send packets * 100}, with the reference of the 
RTP header sequence Number. R-value and the MOS value are measured using 
a end-to-end objective, subjective quality evaluation method based on E-model. 



For R-value is initially measured by applying the basic values of one-way delay, 
packet loss, and codec type, which measured through an RTP header analysis, to 
a formula suggested by the international standardization G.107. The MOS value 
is measured based on a converted formula. For variables other than the three 
items listed above, the basic values suggested by G.107 are used. 

 
 Delay Sending/Receiving Block: When the application service in which the 

DLSR field value and the LSR field value in RTCP RR are not implemented, 
this is measured by the formula, {RTT/2}, after getting RTT by sending and 
receiving an ICMP message between the terminal agents for end-to-end NGN 
quality measurement. 

 
 Measurement Result Transmit Block: This block receives the measurement 

result from the SIP and RTP process blocks, and stores it in the transmit queue. 
 
Fig. 2 below illustrates a quality indicator measurement process after analyzing the 
packets from each block of the quality measurement processor. 
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Fig. 2. Quality Measurement Processor Flowchart 

2.3 Measurement Result Processor 

The Measurement Result Processor receives the result from the Quality Measurement 
Processor, sending it to the quality measurement server. It comprises the Transmit 
Queue Initialization Block, the Measurement Result Receiving Block, and the 
Measurement Result Transfer Block. Each block is defined as follows: 
 

 Transmit Queue Initialization Block: This block creates a Message Send Buffer 
to send the quality indicators from the QoS measurement processors to the QoS 
measurement server. 

 



 Measurement Result Receiving Block: This block creates an RTCP XR message 
by reading the quality indicators stored in Transmit Queue by the Measurement 
Result Transmit block of Quality Measurement Processor, and send it to the 
Measurement Result Transfer Block. Fig.3. illustrates an RTCP XR message 
format, which is extended in this paper, to send the quality indicators to the QoS 
measurement server. 

 
 Measurement Result Transfer Block: This block sends RTCP XR quality metrics 

from the Measurement Result Receiving Block to the quality measurement 
server using the TCP/IP protocol. 
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Fig. 3. QoS Metric extended the RTCP XR Message 

3. Implementation and Performance Analysis 

3.1 Result of Implementation 

This paper has suggested the quality measurement terminal agent for an NGN 
environment, which uses the public packet capture library PCAP. For quality 
measurement functions were implemented using Windows CE or Linux-based Ansi-C 
language. In order to minimize the CPU load, specific modules were implemented 
based on the Posix Thread. After being ported to a Linux or Windows-based 
voice/video phone terminal, they are run as daemon type system services. Through 
SIP/SDP protocol analysis, a variety of information (i.e.: session information, type of 
service and terminal performance, call success rate, and resolution), can be measured. 
The quality indicators, (i.e.: R-value, MOS value, delay, jitter, and loss), can also be 
measured through an RTP/RTCP protocol analysis. 



3.2 Test and Performance Analysis 

This paper has tested the quality measurement function to evaluate the performance of 
the terminal agent for NGN QoS measurement. For the performance test, the terminal 
agent was ported to a real-time Linux-based video phone and compared with the 
common measuring instrument (QoS metrics) in terms of quality measurement results. 
Fig. 4 below illustrates the testbed for performance evaluation of the terminal agent 
for NGN QoS measurement: 
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Fig. 4. Testbed for Performance Evaluation of the QoS Measurement Agent 
 
The performance evaluation procedure of the NGN QoS measurement agent is 
defined as follows: 
 

 With two video phones, make a five-minute telephone call twenty times. The 
NGN QoS measurement terminal agent analyzes the SIP and RTP/RTCP packets, 
measures the quality indicators, (i.e.: call success rate, packet loss, delay, jitter, 
R value, MOS value, and resolution), and sends the result to the QoS 
measurement server. 

 
 Whenever a telephone call is made the packets on the video phone services are 

captured using a QoS Metrics (quality measuring instrument) simultaneously. 
The quality indicators, (i.e. packet loss, delay, jitter, R-value, and MOS value), 
are measured, and the error rate on the result is calculated. 

 
Fig.5 and Fig.6 below illustrates the quality measurement result of NGN QoS 
measurement terminal agent on the video phone services. The result, (i.e. one-way 
delay and jitter), are measured by the terminal agent and QoS Metrics after being 
classified into voice and video. Fig.7 illustrates the Packet loss and R values, which 
are quality measurement result values. 



   
(a) one-way delay for audio             (b) one-way delay for video 

Fig. 5. Comparison of Measurement Result on One-way Delay 

   
(a) jitter for audio                      (b) jitter for video 

Fig. 6. Comparison of Measurement Result on Jitter 

   
(a) Loss for audio and video                (b) R value for audio 

Fig. 7. Comparison of Measurement Result on Packet Loss and R value 

According to the performance test result above, it appears that the one-way delay was 
less than 0.04ms on average, and that jitter was less than 0.05ms in terms of error 
span. No error was observed, however, in terms of packet loss. R-value was found to 
be less than 0.04 in terms of the error range. When the QoS measurement terminal 
agent was implemented in a video phone terminal, roughly 400Kbyte was consumed 
in terms of runtime memory use, while there was no influence determined on the 
basic video telephone service. This result vindicates the notion that the NGN QoS 
measurement terminal agent is reliable in terms of quality measurement performance, 
and suitable for QoE-based end-to-end service quality management in an NGN 
environment. 



4. Conclusions 

This paper has introduced the development of a QoS measurement terminal agent 
through which QoE-based end-to-end service quality management is made possible, 
and a performance test result is given. It has also demonstrated that the primary 
quality indicators, such as R-value, MOS value, call success rate, delay, jitter, packet 
loss, and resolution, may be measured by analyzing the packets on a regular basis 
whenever the service is used with a video phone in which the QoS measurement 
terminal agent is implemented. Based on the performance comparison with reliable 
common tools, it has additionally been confirmed that the error rate is approximately 
the same. It has also been found that the agent is usable as a quality measurement tool 
for QoE-based end-to-end quality management in an NGN environment. 

Notwithstanding these findings, further research needs to be conducted to 
compensate the function of the QoS measurement terminal agent through the 
development of video MOS, and to make the function accessible in a small terminal, 
such as a mobile receiver. 
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