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Abstract: 
 
With the Internet expansion, real-time transmission over Internet is becoming a 
new promising application. Successful real-time communication over IP 
networks requires reasonably reliable, low delay, low loss date transport. Since 
Internet is a non-synchronous packet switching network, high load and lack of 
guarantees on data delivery make real-time communication such as Voice and 
Video over IP a challenging application to become realistic on the Internet. 
 
This thesis work is composed of two parts within real-time voice and video 
communication: network simulation and measurement on the real Internet. 
In the network simulation, I investigate the requirement for the network 
“overprovisioning” in order to reach certain quality-of-service. 
In the experiments on the real Internet, I simulate real-time transmission with 
UDP packets along two different traffic routes and analyze the quality-of-service 
I get in each case.  
 
The overall contribution of this work is: 
To create scenarios to understand the concept of overprovisioning and how it 
affects the quality-of-service.  
To develop a mechanism to measure the quality-of-service for real-time traffic 
provided by the current best-effort network. 
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Chapter 1 

Introduction  

1.1 History and Development Of Internet: 
 
The Internet is a vast network that connects many independent networks 
together that use certain protocols and provide certain services.  
 
The roots of the Internet come from the ARPAnet developed by Advanced 
Research Projects Agency (ARPA). After ARPAnet’s first successful public 
exhibition, what had once only been research was now being taken seriously by 
vendors and manufacturers, technologies to help develop the network began to 
sprout. As new technologies were developed, other networks for specific needs 
separated from ARPAnet sprang up. Finally the networks built gateways 
between one another to interconnect between all of them, which forms today’s 
Internet structure.  
 
With the Internet development and the supercomputers used in networking, 
Internet began to provide efficient and inexpensive communications between 
people around the world. The number of hosts on the Internet has increased 
exponentially in the last few years. Normally, people use Internet for some 
services, for example, people could read the latest news all over the world on the 
web no matter where they were. Email is another main application which from 
some point of view, has replaced the traditional letter. People can use telnet, 
rlogin or ssh programs to log on any other machine on which they have an 
account. People can also use the FTP program to fetch and exchange software 
and files from one machine on the Internet to another. 
 
Today with the rapid progress in processor speeds and large network bandwidth 
availability, we can see the revolution in the communication world: Spurred by 
the success of multimedia applications and broadband services, real-time 
multimedia communication in Internet is becoming a new trend. These 
applications enable efficient communications through computer networks. IP 
telephony for example is a popular real-time audio application. It enables people 
in different places in the world to talk to each other through computer networks. 
The primary advantage is that in using the Internet, people do not incur any 
long-distance telephone charges. However, you may suffer audio transfer delay 
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caused by heavy traffic in computer networks. This delay is typically half a 
second. The videoconference is another real-time audio and video application in 
Internet that enables a face-to-face meeting between groups of people at two or 
more different locations through both speech and sight. Every party involved 
can see, hear and speak just as they would at a conventional round table meeting. 
Videoconferencing can also be used as distance learning and collaborate work 
with remote teams. It has even higher requirement on the network than IP 
telephony to fulfill the strict delay and jitter requirement.  
 
I can image in the future, with Internet almost everywhere at high speed, that 
more and more kinds of real-time multimedia applications will be used 
commonly in people’s daily life. 
 
Although real-time multimedia service is promising, it has some strict 
requirements compared with other applications on Internet. Besides low loss rate, 
low delay and low jitter are also required for real-time communication because 
most of real-time applications are interactive. For example in the case of IP 
telephony, voice data communication must be a real-time stream, you couldn't 
speak, wait for many seconds, then hear the other side answering. While the 
real-time constraints in terms of packet delay and packet losses in multimedia 
applications are not assured by the best effort service model supported by the 
Internet, a lot of active research have been done to improve the best effort model 
in order to achieve Quality-of-Service (QoS) for real-time communication.  
 

1.2 Background 
 
Fundamentally, the idea behind the QoS mechanisms is to provide better service 
to certain flows, which is done by either raising the priority of a flow or limiting 
the priority of another flow. At the same time, they should prevent congestion 
collapse and keep congestion levels low. The following section introduces 
several techniques and concepts that are used to enhance QoS for real-time 
communication. 
 

1.2.1 Integrated Service ( IntServ ) 

 
Real-time multimedia network applications require a certain quality-of-service 
from the network in terms of bounds on packet delay, jitter and loss probability. 
In order to guarantee the quality-of-service, Integrated Service (IntServ) 
accompanied with its protocol RSVP (Resource Reservation Setup Protocol) is 
usually used. There is a certain admission control algorithm that keeps track of 
the amount of resources used by active applications. The channel between 
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sender and receiver must be reserved before the application is admitted. If the 
bandwidth is available in the channel, then it is assigned to the connection and 
the bandwidth is guaranteed during the transmission. If there is not enough 
bandwidth available in the channel, the connection will not be established and 
the application will be denied. In a word, a connection will only be admitted if 
there is adequate free bandwidth available in the channel.  
 
The idea behind this approach is that QoS will be provided if and only if the 
connectionless service is replaced by a connection-oriented service with 
reservation of resources. This approach makes it possible for the network to 
offer a quality-of-service similar to that currently available over the 
circuit-switched telephone network.  
The advantage of this mechanism for some applications such as videoconference 
that need large amount of resources is that users can be sure in advance that 
resources will be available at the time they are needed so that the QoS of the 
application can be guaranteed.  
 
The disadvantage of this mechanism is that it requires the user to plan in 
advance and the utilization of the channel is reduced in this way.  
 
More information about this approach can be found in [4][5][7] 
 

1.2.2 Differentiated Service (DiffServ) 

 
Besides Integrated Service (IntServ), Differentiated Service (DiffServ) 
developed by the IETF (Internet Engineering Task Force) is another service 
model proposed to provide QoS for real-time transmission. It doesn’t need to 
initialize the network and advance setup to establish each flow like IntServ.  
 
Because MPEG employs both intraframe and interframe coding techniques for 
compression, to decode a B frame, both the previous and future I and P frames 
are need; to decode a P frame, the previous P or I frame is needed. Thus different 
kinds of frames are treated differently in Differentiated Service model. Each 
packet has a DiffServ CodePoint (DSCP) located in its IP header to identify its 
priority. Normally packets such as I frames that guarantee basic video 
transmission are most important and have higher priority. Packets based on basic 
video traffic for higher quality video transmission are less important and have 
lower priority. Packets marked in a particular manner will receive a particular 
forwarding treatment at each network node called PHB (Per-Hop Behavior). 
When congestion occurs, packets with lower priority are first dropped at router. 
More information about this approach can be found in[11][12] 
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The key difference between IntServ and DiffServ is that IntServ provides 
end-to-end QoS service on a per-flow basis, while DiffServ is intended to 
provide service differentiation among the traffic aggregates to different users 
over a long time scale and is thus more scalable and less complex than IntServ. 
Both IntServ and DiffServ need support in the network infrastructure, because 
all of the routers in the network have to adapt to the new protocol provided by 
each model, which make the implementation of these models unpractical in 
Internet. 
 

1.2.3 Adaptive Encoding Mechanism 

 
There is another approach called adaptive rate control mechanism that is widely 
used in video coding to enhance QoS for real-time applications and to avoid 
congestion in the network. By using this approach on the application level, the 
sender and receiver terminals support more than one coding rate for video data. 
The actual video encoder and decoder mechanisms are essentially identical on 
both sides. A rate-selection algorithm is used to modulate the source rate of a 
video encoder based on packet loss rate and/or delay indications sent by the 
receiver. The quality of the video transmission degrades gracefully when the 
network is congested and increase after the network congestion has ended.  
 
The advantage of this approach is: 
1, the network resources are efficiently used. 
2, reaction to network congestion is prompted. 
3, the quality of the signal delivered to the receiver is maximized while 
remaining fair to other date or video connections. 
 
The disadvantage of this approach is: 
1, during the video transmission, it is difficult to guarantee a consistent video 
quality.  
2, the rate control overhead is too high for the real-time video sources. 
 
More information about this approach can be found in [1][2][3][8][9][10] 
 

1.3 Motivation  
 
All of the QoS mechanisms listed above can help alleviate most congestion 
problems in the network and provide QoS in real-time communication. However, 
many times there is just too much traffic for the bandwidth supplied. In such 
cases, QoS is merely a bandage. A simple analogy comes from pouring syrup 
into a bottle. Syrup can be poured from one container into another container at 
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or below the size of the spout. If the amount poured is greater than the size of 
the spout, syrup is wasted. However, you can use a funnel to catch syrup pouring 
at a rate greater than the size of the spout. This allows you to pour more than 
what the spout can take, while still not wasting the syrup. However, consistent 
over-pouring will eventually fill and overflow the funnel.  
 
In order to solve this problem, another approach called overprovisioning is 
introduced to provide QoS in the network. According to this approach we 
“provide enough resources and everything will be fine” which means if the 
network is overprovisioned, the QoS of real-time communication could be 
achieved. Although the idea is so simple, little work about overprovisioning to 
provide QoS has been done. 
 
This thesis investigates the requirement for network “overprovisioning” in order 
to reach certain quality-of-service level. Several measurements were also done 
to see what quality-of-service level we could achieve for different kinds of 
real-time data traffic transmission under variable bandwidth assumptions. 
 

1.4 Objectives and Approach 
 
My thesis work consists of two parts of experiments: one is simulation for 
overprovisioning to provide QoS for video traffic using a network simulator. 
The other is measurements about QoS provided by the real network. 
 
Nowadays, video traffic is a rapidly increasing portion of the overall traffic 
being transmitted over IP networks. However, it faces the same 
quality-of-service issues as all other real-time multimedia traffic over IP 
networks such as no guarantees on delay, jitter and packet losses. Most of the 
problems are caused by overflow of buffers at some bottleneck routers that is 
usually caused by lack of outgoing bandwidth or shortage of buffer space at the 
router. I designed several simple scenarios to see how much bandwidth and 
buffer the bottleneck router needs to provide certain levels of QoS for UDP 
video transmission. The Network Simulator (NS-2) was used as simulation 
environment to implement all the simulations in this part. The video traffic being 
simulated has used constant bit rate as well as variable bit rate.  
 
After I got myself familiar with the concept of overprovisioning and 
corresponding QoS that it provides, a series of measurements have been done to 
verify whether the current best-effort Internet can satisfy certain end-to-end loss 
and delay bounds for real-time service such as Voice and Video over IP. The 
overall tool architecture for these measurements consists of Internet with two 
terminals for sending and receiving real-time UDP traffic. Three small programs 
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were written: the first one is used to generate a UDP data stream at constant bit 
rate to simulate real-time audio and video transmission at the sender. The second 
one is used to send all the received packets back immediately in a round-trip 
transmission. The third one is used to record all the packet information received 
at the receiver. Two traffic routes have been studied, one short 
(Linköping-Stockholm) and one long (Linköping-Ottawa/Canada).   
 

1.5 Outline of the Thesis 
 
Chapter 2 illustrates the simulations I have done to investigate the 
overprovisioning requirement for the network in order to reach certain 
quality-of-service levels. From the simulation result, I got a deep understanding 
about the concept of overprovisioning and its effect on the packet loss rate in 
each scenario and the delay time and jitter distribution during the simulation of 
real-time applications. 
 
Chapter 3 presents a series of experiments I have done on the real Internet to 
investigate the QoS provided by this best-effort network. A mechanism was 
developed to keep track of real-time traffic on Internet. Two routes with different 
network conditions are chosen to investigate their network capacity and the level 
of quality-of-service they provide. Several conclusions about the QoS which the 
network provides were drawn at the end of each test.  
 
Chapter 4 summarizes the main thoughts and experiments I have done in this 
thesis work. 
 
Chapter 5 gives some suggestions for further research. 
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Chapter 2 

Network Simulation for Video Transmission 

 
In this chapter, a series of network simulations are done to investigate the 
requirement for network “overprovisioning” in order to reach certain 
quality-of-services levels for video transmission. An open resource software 
named Network Simulator (NS-2) has been used as the simulation tool in this 
chapter. The simulations are done in different scenarios: first the video traffic 
has constant bit rate, then the video traffic is modified to have variable bit rate, 
at last I simulate the real-time video transmission to have constant bit rate and 
with background traffic with variable bit rate. The results of each scenario are 
presented in figures by MATLAB and evaluated in terms of loss probability, 
average delay time and standard deviation of delay time which represents the 
jitter.  
 

2.1 Introduction to Network Simulator 
 
All of the simulation work done in my project is based on the Network 
Simulator (NS-2). NS is an open source software developed at UC Berkeley that 
simulates a variety of IP networks. It implements network protocols such as TCP 
and UDP, traffic source behavior such as FTP, Telnet, Web, CBR and VBR, 
router queue management mechanisms such as Drop Tail, RED and CBQ, 
routing algorithms such as Dijkstra, and more. The purpose of NS is to provide a 
good simulation environment for the research of wired and wireless network 
systems.  
 
The network simulator is used to simulate some proposed network scenarios for 
research and can be seen as an object-oriented Tcl (Otcl) script interpreter that 
has a simulation event scheduler, network component object libraries and 
network setup module libraries. In order to run a simulation in NS, user uses 
Otcl script language to generate an input file. During the running of a certain 
scenario, NS can record every event happening during the packet transmission 
from the sender to the receiver into a trace file. This file is used to do further 
detailed analysis about the result by other text processing tools like “awk” and 
“perl”. NS has another very useful tool which is called Network Animator 
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(NAM), which provides graphical user interface similar to a CD player (play, 
fast forward, rewind, pause and so on), and also has a display speed controller. 
Besides the trace file, NS can also generate a NAM file and the animator will 
display the whole process of the simulation based on this file. Although it cannot 
be used for accurate simulation analysis, it can graphically present information 
such as throughput and number of packet drops at each link. The figure below 
shows the basic steps to use NS. 
 
 

 

    Figure 2.1: Basic procedure of using NS 
 

2.2 Scenario Design with Traffic at Constant Bit Rate 
 
After having learned how the NS works, I began to design my simulation 
scenario. Because nowadays most local area network topologies are star shaped 
in which each node is connected only to one central controller (router), most of 
the packet loss is caused by overflow of buffers. When too many packets come 
to the router that is close to its capacity limit, the packets will first be put into a 
buffer waiting to be processed. If more packets come and fill up the buffer, then 
at last, the new coming packets will have to be dropped because there is not 
more place in the buffer for them. So if the coming packet rate is larger than the 
router’s capacity (outgoing bandwidth), sooner or latter the buffer will be filled 
up and packets get lost. What I am interested in is how much bandwidth should 
be provided in order to keep a low loss rate. The transmission rate of the data 
traffic is the bandwidth we need for basic transmission and the outgoing 
bandwidth at the router is the bandwidth we provide. The overprovisioning rate 
could thus be calculated in this way: 
 

Overprovisioning rate = bandwidth we provide / bandwidth we need; 
 
In order to see the relation between overprovisioning rate and loss probability, I 
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designed the first simple scenario. The topology of this scenario is shown in the 
figure below: 
 

    
        Figure 2.2: Topology of first simulation 
 
Generally, there are two protocols available at the transport layer when 
transmitting information through an IP network. These are TCP (Transmission 
Control Protocol) and UDP (User Datagram Protocol). TCP is a 
connection-oriented protocol; a connection can be made from sender to receiver, 
and from then on any data will be sent along that connection. TCP handles 
sequencing and error detection, ensuring that a reliable stream of data is 
received by the destination application. UDP is a connectionless protocol. It is a 
simpler message-based connectionless protocol. With UDP you send messages 
(packets) across the network in chunks. Although UDP doesn’t guarantee the 
reliable and ordered transmission as TCP does, the transmission using UDP is 
much quicker than using TCP and the network card / OS have to do very little 
work to translate the data back from the packets at the receiving side. Moreover, 
the requirement of real-time application to ensure that information is received in 
the correct sequence, reliably and with predictable delay characteristics could be 
addressed by the layer above UDP. So I choose UDP as my real-time 
transmission protocol in all my simulations and tests. 
 
CBR stands for Constant Bit Rate. CBR compression methods maintain the 
same bit rate throughout. CBR is a good model for video with consistent data 
content, such as an interview filmed from a fixed position.  
 
In the scenario shown in figure 2.2, the five nodes from S1 to S5 are source 
nodes that send UDP packet with constant bit rate (CBR) to router R1 to 
simulate high quality video traffic. Router R2 is the sink node that receives all 
packet sent from all of senders. The CBR application was created and 
parameterized as follows: 
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  Set cbr [ new Application/Traffic/CBR ] 
  $cbr set type_ CBR 
  $cbr set packet_size_ 1000 
  $cbr set rate_ 2mb 
 
Each sending rate is 2 Mbits/s and the packet size is 1000 byte, so the time 
interval between each packet is 4 milliseconds. The outgoing bandwidth 
between R1 and R2 is set to be 6 Mbits/s in this case.  
 

2.3 Simulation and Result Evaluation 
 
When the simulation began, all of these five sources began to send UDP data 
stream with constant bit rate to R2. The simulation was run for 5 seconds and 
after every second, one source stopped sending packets. In this way, for every 
second the total transmission rate to router R1 was reduced by 2 Mbits/s. In 
other words, the overprovisioning rate was increasing every second. The buffer 
size set for router R1 is 10 so that there could be 10 packets in total stored in the 
buffer if the router couldn’t process the coming packet immediately.  
 
Every event which happened during the simulation for each packet such as 
packet generating and sending time, time for arrival, enqueuing and drop at the 
router was recorded into a trace file for further analysis. In the input file, a part 
of “awk” code was written in the ending procedure so that after the simulation, 
system would process the trace file to derive the loss rate and corresponding 
overprovisioning rate at every second and print them into another file. The result 
is listed below in the table, there are totally five different pairs of 
overprovisioning rates and loss probabilities recorded for this scenario. 
 
Sequence/category First Second Third Fourth Fifth 
Overprovisioning 
rate 

0.6 0.75 1 1.5 3 

Loss probability 0.399 0.251 0 0 0 
      Table 2.1: The result of first scenario 
 
From the result in the table I found two phenomena: 
1, with overprovisioning rate equal or larger than one, there is no packet lost.  
2, while the overprovisioning rate is lower than one: 
 

Loss probability = 1 – overprovisioning rate; 
 
The reason for these phenomena in this case is that when the arriving packets for 
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some bit rate exceed the bottleneck router’s capacity (the bandwidth between R1 
and R2 in this case), the buffer will be filled up and superfluous amount of 
packets will be dropped like putting too much water in a leaky bucket. In the 
other way round, there will be no overflow. 
 
I did one more simulation to test my explanation. This time, I changed the total 
source node number from 5 to 90; first all of these 90 sources are sending UDP 
traffic to R2 at 2 Mbits/s transmission rate. After every 2 seconds a source was 
shut down. The simulation was running for 100 seconds, so at the end of the 
simulation there were 40 sources left sending UDP packet with constant bit rate. 
The outgoing bandwidth from R1 to R2 is 100 Mbits/s and there are 50 different 
overprovisioning rates and corresponding loss rates in total this time. The result 
file was processed by MATLAB and the plotted figure is shown below with 
X-axis representing the overprovisioning rate and Y-axis representing the loss 
rate. 
 

 
    Figure 2.3: Loss probability vs Overprovisioning rate 
 
From the figure we can see that the relation between overprovisioning rate and 
loss probability is linear. If the X-axis and Y-axis are labeled in the same scale, 
the slope would be 45 degree and intersect with X-axis at the point when 
overprovisioning rate is one. All of these facts accord with my explanation very 
well. 
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2.4 Scenario Design with Variable Bit Rate Traffic 
 
Sometimes, for video with sudden scenes of fast action such as sports, it is 
difficult to specify a single, perfect bit rate level. Setting the bit rate much lower 
than the level required may lead to blocking artifact or other problems. On the 
other hand, matching the bit rate to the peak data value is inefficient and will 
produce files that tend to be large. A solution for these problems is VBR, or 
Variable Bit Rate compression. To ensure efficient encoding overall, VBR 
compression applies a lower bit rate for slower scenes and a higher bit rate for 
active scenes. In this section I will investigate the overprovisioning rate and its 
corresponding loss probability for video traffic of variable bit rate.  
 
In the network simulator that I used as simulation tool, there are two kinds of 
variable bit rate traffic generators available: Exponential on/off traffic generator 
and Pareto on/off traffic generator. I designed a pair of scenarios to simulate 
video traffic of variable bit rate in this section, one is using Poisson traffic 
generator, the other is using Pareto traffic generator. Now I will introduce both 
of the traffic generators that I used in the following scenarios: 
 

2.4.1 Exponential on/off Traffic Generator 

 
Exponential on/off traffic generator (EXPOO_Traffic) is a traffic generator 
embodied in the Otcl class Application/Traffic/Exponential. EXPOO_Traffic 
generates traffic according to an Exponential On/Off distribution. Packets are 
sent at a fixed rate during on periods, and no packets are sent during off periods. 
Both on and off periods are taken from an exponential distribution with constant 
size packets. The traffic generator used in my scenario assumes that discrete 
packets are generated and sent to the network following the Poisson distribution. 
In NS, setting the variable burst_time_ to 0 and the variable rate_ to a very large 
value can configure the Exponential On/Off generator to behave as a Poisson 
process. The C++ code guarantees that even if the burst time is zero, at least one 
packet is sent. The next inter arrival time is the sum of the assumed packet 
transmission time and the random variety corresponding to idle time. In order to 
make the first term in the sum very small, the burst rate is set very large so that 
the transmission time is negligible compared to the typical idle time. The 
Exponential On/Off traffic generator was created and parameterized as follows: 
 
  Set exp [ new Application/Traffic/Exponential ] 
  $exp set burst_time_ 0ms 
  $exp set idle_time_ 4ms 
  $exp set packet_size_ 1000 
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  $exp set rate_ 100mb 
 
From the packet size and transmission rate that are 1000 bytes and 100 Mbits/s 
respectively, we can calculate the assumed packet transmission time to be 0.08 
ms so that the average inter arrival time is 4.08 ms and the total number of 
packets it will generate in one second is about 245. The real transmission rate 
could be calculate as: 245*8*1000=1.96 Mbits/s. This number gives a rough 
idea about the transmission rate for each source. The total transmission rate in 
the network (the bandwidth we need) was calculated using the formula below in 
which the “total number of packet received at R1” comes from the statistic result 
of the trace file: 
 
Transmission rate=total number of packet received at R1 * 8 /simulation period ; 
 

2.4.2 Pareto on/off traffic generator 

 
Pareto On/Off traffic generator (POO_Traffic) is a traffic generator embodied in 
the Otcl class Application/Traffic/Patreto. POO_Traffic generates traffic 
according to a Pareto On/Off distribution. Packets are sent at a fixed rate during 
on periods, and no packets are sent during off periods. Both on and off periods 
are taken from a Pareto distribution with constant size packets. These sources 
can be used to generate aggregate traffic that exhibits long-range dependency. 
The Pareto On/Off traffic generator was created and parameterized as follows: 
 
  Set p [ new Application/Traffic/Pareto ] 
  $exp set burst_time_ 500ms 
  $exp set idle_time_ 500ms 
  $exp set packet_size_ 1000 
  $exp set rate_ 4mb 
  $exp set shape_ 1.5 
 
1.5 is the NS default Pareto shape parameter. 4 Mbits/s is sending rate during 
burst time and 500ms is the mean on time, so the transmission rate is 2 Mbits/s 
on average. Because the transmission rate is variable all the time, the total 
transmission rate in the network (the bandwidth we need) was calculated using 
the formula as for the Poisson traffic generator. 
 
The topology of the first paired scenarios is the same as that of the last scenario 
in which video traffic has constant bit rate. This time, sources are sending video 
traffic with variable bit rate to a remote sink router R2 through a bottleneck 
router R1.  
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2.5 Simulation and Result Evaluation 
 
The simulations were run in four series with four different buffer sizes at the 
router. The buffer size I choose for each series is 3, 5, 10 and 40. For each series 
with unique buffer size, I choose different number of sources to get different 
overprovisioning rate and each simulation comes with a unique combination of 
buffer size and source number. Since each source uses a different random 
number seed, the sources will start independently of each other. Ideally the 
system should run for an infinite amount of time for the system to reach steady 
state, however this is not practical due to time and resources constraints. A 
reasonable tradeoff was to use a simulation time of 600 seconds in each single 
simulation. After each simulation, the system processed the trace file to calculate 
the overprovisioning rate and corresponding loss probability and printed them in 
one file. After finishing all of the simulations, the overprovisioning rate and 
corresponding loss probability of four series were plotted in one chart by Matlab. 
The plotted figures when using Poisson traffic generator and Pareto traffic 
generator are shown below separately. Four series curves are labeled in the 
legend area in each figure. 
 
 

 
 Figure 2.4: Variable bit rate transmission following Poisson distribution 
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 Figure 2.5: Variable bit rate transmission following Pareto distribution 
 
From the figures above I found three common phenomena: 
First, with the buffer size increase, the curve looks more smooth and linear, 
which means the loss probability influenced by the randomness of burst data 
traffic is less and less.  
 
Second, with the buffer getting bigger, the curve gets left shifted and the 
intersection point with x-axis moves to 1. But the intersection point will never 
be lower than 1, no matter how big the buffer is.  
 
Third, for a certain overprovisioning rate, the more buffer used the less will the 
loss probability be.  
 
These three phenomena could be explained such that when the buffer is small, 
the bottleneck at the router is not only the outgoing bandwidth but also the 
buffer size of the router. When the buffer gets bigger and bigger, the amount of 
lost packets caused by overflow of router by burst traffic will get smaller and 
smaller. When the buffer becomes large enough that it is not the bottleneck 
element at the router anymore, the curve becomes completely linear. 
 
In order to clarify the third phenomenon, I did two series of simulations under 
two kinds of VBR traffic with fixed source number (fixed overprovisioning rate) 
and different buffer size at the router R1. The number of sources I choose is 25 
in both cases. The corresponding overprovisioning rate in the case when I use 
Poisson data traffic is 1.22355. The corresponding overprovisioning rate in the 
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case when I use Pareto data traffic is 1.1871. Thus both of the overprovisioning 
rates are bigger than 1. The plotted result is shown in the figure below: 
 
 

 
    Figure 2.6: Loss probability vs buffer size 
 
 
From the figure above we can clearly see the phenomenon that with the buffer 
getting bigger and bigger, the loss probability is getting smaller and smaller. 
Besides this I found another phenomenon: 
  
Before the buffer increase to some level (smaller than 7 in this case), the loss 
probability decreases dramatically for both Pareto data traffic and Poisson data 
traffic. The loss probability of Pareto data traffic is smaller than that of Poisson 
data traffic when the buffer is the same at the router.  
 
After the buffer exceeds some level (bigger than 7), the loss probability of 
Pareto data traffic decreases slowly, while the loss probability of Poisson data 
traffic still decreases dramatically until it becomes zero. The loss probability of 
Pareto data traffic is larger than that of Poisson data traffic when the buffer is the 
same at the router. 
 
Because this phenomenon was derived with overprovisioning rates which are 
different in these two scenarios, in order to see which kind of data traffic of 
variable bit rate has better performance under the same overprovisioning rate 
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and buffer size, I plotted the result of the overprovisioning rate and its 
corresponding loss probability of four series in four charts by Matlab. In each 
chart, there are two curves representing Poisson traffic generator and Pareto 
traffic generator respectively. 
 

 
Figure 2.7: Comparision of loss probability for different VBR traffic generator under 
different buffer sizes 
 
By comparing the two curves in each of the four charts, we can see that different 
kinds of VBR data traffic require different level of overprovisioning to achieve 
the same quality-of-service. When the buffer is small (3,5 in this case), in order 
to get the same loss probability, the network should be more overprovisioned for 
Poisson data traffic than for Pareto data traffic. When the buffer is getting larger 
(10, 40 in this case), in order to get same loss probability, the network should be 
more overprovisioned for Pareto data traffic than for Poisson data traffic. 
  
In other words, when the buffer at the router is small, then with the same 
average transmission rate, the buffer is easier overflowed by data traffic 
following Poisson distribution than data traffic following Pareto distribution. 
When the buffer at the router is large, then with the same average transmission 
rate, the buffer is easier overflowed by data traffic following Pareto distribution 
than data traffic following Poisson distribution.  
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2.6 Scenario Design for Real-Time Transmission 
 
Real-time video applications require large network bandwidth and low data 
latency. In this section, I design a typical scenario to simulate the real-time video 
transmission in network and investigate the QoS achieved by the video traffic 
under different network “overprovisioning” degree. The topology for this 
scenario is shown in the figure below:  
 

 
                Figure 2.8: Topology for real-time simulation 
 
As shown in the figure above, there are two sources S1 and S2, both of them are 
connected with remote router R2 through a bottleneck router R1.  
 
In most cases, the actual bit-stream produced by the video encoder has a variable 
bit rate. However, the encoder uses a buffer to smooth the generated variable 
rate stream into a constant rate stream before sending it into the network. So I 
set source node S1 to sent UDP video stream with constant bit rate in this 
real-time transmission scenario, the CBR application was created and 
parameterized as follows: 
 
  Set cbr [ new Application/Traffic/CBR ] 
  $cbr set type_ CBR 
  $cbr set packet_size_ 1000 
  $cbr set rate_ 3mb 
 
As I set above, the transmission rate is 3 Mbits/s in constant bit rate and the 
UDP data traffic is used to simulate the high quality real-time video transmission 
from server S1 to remote user R2.  
 
Source node S2 was used to generate UDP data traffic to simulate the 
background traffic in the network. I assume most of data traffic in the network is 
in variable bit rate that follows the Poisson distribution, so the Exponential 
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On/Off traffic generator was created and parameterized as follows: 
 
  Set exp [ new Application/Traffic/Exponential ] 
  $exp set burst_time_ 0ms 
  $exp set idle_time_ 0.8ms 
  $exp set packet_size_ 1000 
  $exp set rate_ 100mb 
 
From the packet size and transmission rate that are 1000 bytes and 100 Mbits/s 
respectively, we can calculate the assumed packet transmission time to be 0.08 
ms so that the average inter arrival time is 0.88 ms and the total number of 
packets it will generate in one second is about 1136. The approximate 
transmission rate could be calculate as: 1136*8*1000=9.09 Mbits/s. The 
outgoing bandwidth we need from router R1 to router R2 is approximately 12.09 
Mbits/s.  
 

2.7 Simulation and Result Evaluation 
 
In order to have a comprehensive point of view about what degree of QoS the 
real-time video application could achieve, the network configuration of each 
scenario was changed in both the overprovisioning rate and buffer size at the 
router. The different overprovisioning rate is achieved by changing the outgoing 
bandwidth from router R1 to router R2. The bandwidth was increased from 10 
Mbits/s to 16 Mbits/s with 0.2 Mbits/s step size. For every fixed bandwidth the 
buffer size at the router R1 was changed from 5 to 150 with a step size of 1. So 
the simulation was run for 145*30=4350 times in total and each scenario with 
unique overprovisioning rate and buffer size at router R1 was run for 10 seconds. 
Theoretically, the longer we run the simulations, the more stable and accurate 
result I will get. Considering the large series of simulations, 10 seconds for each 
simulation seems a reasonable tradeoff. A small program was written to trig the 
start of each scenario one by one.  
 
After each simulation, the following information was derived by “awk” from the 
trace file and printed into another file for judging the quality-of-service: loss 
probability, average delay time and standard deviation of delay time. The 
overprovisioning rate was calculated using the same formula as before.  
 
After finishing all of the simulations with different combination of 
overprovisioning rate and buffer size at router R1, I use the “surf” function in 
Matlab to plot the colored parametric surface defined by X, Y and Z matrix 
arguments. X and Y-axis represent the overprovisioning rate and buffer size 
provided by the network. Z-axis represents the loss probability, average delay 
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time and standard deviation of delay time respectively from the result file. The 
parametric surface color is proportional to surface height. The parametric 
surface with loss probability as Z matrix is first plotted by matlab and shown 
below: 
 

 
Figure 2.9: QoS surface with loss probability vs buffer size and overprovisioning rate 
 
 
 
The parametric surface above gives me a general idea of the distribution of loss 
probability under different overprovisioning rate and buffer size. In order to 
clarify the distribution of loss probability, I choose some slices of the surface 
and plotted two figures in two dimensions: one shows the curves of 
overprovisioning rate and corrseponding loss probability by choosing typical 
number of buffer size. The other shows the curves of buffer size and 
corrseponding loss probability by choosing typical number of overprovisioning 
rate. The two figures are shown below: 
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   Figure 2.10: Loss probability vs overprovisioning rate 
 

 

    Figure 2.11: Loss probability vs buffer size  
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From the figure 2.10 and figure 2.11 I found: 
First, with fixed small buffer size (< 10), the curves fluctuate which could be 
caused by the variance of background traffic. When the buffer is getting bigger, 
the influence caused by the randomness of burst data traffic is less and less and 
the curves look more smooth and linear. 
 
Second, with fixed overprovisioning rate, when the buffer is small (<10), the 
loss probability decreases greatly with buffer increase. After the buffer is getting 
bigger (> 10), the loss probability begins to decrease slowly. If the 
overprovisioning rate is bigger than 1, the loss probability will decrease until it 
becomes zero. If the overprovisioning rate is smaller than 1, the loss probability 
will decrease to some degree larger than zero and stay constant. From my 
conclusion before that, when the curve becomes horizontal, the buffer at router 
R1 is not the bottleneck anymore. In this case, from the figure we see that if the 
buffer is larger than 50 it will not influence the loss probability anymore.  
 
Since it was real-time video transmission that was simulated, in delay-sensitive 
applications such as interactive voice communications, packet loss is not only a 
result of channel erasure, but also a result of the delay variation (also known as 
jitter) of the network, so the delay time is also an important parameter for 
judging the quality-of-service. In the simulation, I set the total aggregating time 
for transmitting in the channel from sender to the receiver to 30 ms, so the total 
delay time for each packet from sender to receiver is calculated as: 
 
  Delay time = the time spent in the queue at the buffer of router + 30; 
 
The parametric surface with average delay time as Z matrix is plotted by matlab 
and shown below: 
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Figure 2.12: QoS surface with average delay vs buffer size and overprovisioning rate 
 
 
After getting a general idea of the distribution of average delay under different 
overprovisioning rate and buffer size from the surface above, I choose some 
slices of the surface and plotted two figures in two dimensions as was done 
before to clarify the distribution of average delay: one shows the curves of 
overprovisioning rate and corresponding average delay by choosing typical 
number of buffer size. The other shows the curves of buffer size and 
corrseponding average delay by choosing typical number of overprovisioning 
rate. The two figures are shown below:  
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    Figure 2.13: Average delay vs overprovisioning rate 
 

 

    Figure 2.14: Average delay vs buffer size 
 
From the figure 2.13 and figure 2.14 we can see: 
First, with fixed small buffer size, the average delay time with different 
overprovisioning rate looks all the same. When the buffer is getting larger, the 
difference of average delay time between higher overprovisioning rate and lower 
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overprovisioning rate becomes larger and larger especially when the 
overprovisioning rate is around 1. It happens because when the buffer is small, it 
will always be overflowed, thus the queuing period is the same. With increasing 
buffer size, its bottleneck influence is getting smaller and smaller, so the 
variance of queuing time is big. With overprovisioning rate lower than 1, the 
buffer will be overflowed and delay time is proportional to the buffer size. With 
overprovisioning rate larger than 1, there will be about the same amount of 
packets waiting in the queue, which makes a constant delay time. 
 
Second, with fixed low overprovisioning rate (lower than 1), the curves are 
completely linear and are straight lines, because the buffer will always be filled 
up and overflowed. The larger buffer the longer time each packet has to wait in 
the queue, thus delay time is proportional to the buffer size. When the 
overprovisioning rate is getting bigger, the queuing time for each packet in the 
buffer is smaller and smaller, so the tilt angle of the curves are smaller and 
smaller until the curve becomes horizontal. 
 
Since the standard deviation of delay time that represents the jitter is also an 
important parameter to judge the quality-of-service in the real-time transmission, 
the parametric surface with standard deviation of delay time as Z matrix is also 
plotted by matlab and shown below: 
 

Figure 

2.15: QoS surface with standard deviation of delay vs buffer size and overprovisioning rate 
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The surface above gives a general idea of the distribution of standard deviation 
of delay under different overprovisioning rate and buffer size. In order to further 
clarify the distribution of standard deviation of delay, I choose some slices of the 
surface and plotted two figures in two dimensions: one shows the curves of 
overprovisioning rate and corresponding standard deviation of delay by 
choosing typical number of buffer size. The other shows the curves of buffer 
size and corrseponding standard deviation of delay by choosing typical number 
of overprovisioning rate. The two figures are shown below: 
 

 
  Figure 2.16: Standard deviation of delay vs overprovisioning rate 
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  Figure 2.17: Standard deviation of delay vs buffer size  
 
From this figure 2.16 and figure 2.17 we can see: 
First, with fixed buffer size, the standard deviation of delay time gets its highest 
point when the overprovisioning rate is around 1. That means that the variance 
of occupying the buffer at router R1 is biggest when the coming traffic rate is 
almost the same as the bandwidth at the router. When the overprovisioning rate 
is getting lower and lower, the chances of the buffer being filled up are getting 
larger and larger. If the overprovisioning rate is low enough, the buffer will be 
filled up all the time, so every receiving packet will have to wait the same time 
at the router and there will be no big variance. When the overprovisioning rate is 
getting larger and larger, the chances of the buffer being filled up is getting 
smaller and smaller. If the overprovisioning rate is large enough (larger than 1.2 
in this case), most of the packets only stay in the buffer for a very short time 
before they get processed, so the variance of every packet’s delay time is small 
in that case. 
 
Second, when the overprovisioning rate is getting lower and lower (lower than 
1), the tilt angel of the curves is smaller and smaller and the curves look more 
and more linear. When the overprovisioning rate is around 1, the curve reaches 
its highest tilted degree and looks linear. When the overprovisioning rate is 
getting larger, the title angle of the curves decrease rapidly and after the buffer 
size is bigger than some level, the curve is getting horizontal. When the 
overprovisioning rate is big enough, the curves are completely horizontal. 
 
From the discussion above we can see that, in order to guarantee the QoS of 
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real-time application, the network always need to be overprovisioned to a certain 
degree. 
 

2.8 Summary 
 
In this chapter I did a series of simulations to investigate the network 
“overprovisioning” level and the corresponding quality-of-service it provides for 
video transmission. I assumed that the entire packet loss and delay is caused by 
overflow of buffer at routers, so I designed a star shaped topology to represent a 
typical video transmission scenario. The overprovisioning level is represented 
by the buffer size at the bottleneck router and its outgoing bandwidth in the 
scenarios. Large buffer at the router can solve congestion problem temporarily, 
but if the incoming traffic is higher than the router can handle, the buffer will be 
filled up sooner or later. Too small a buffer and too low overprovisioning rate 
will all constrain the network performance. 
 
The performance of network QoS in each scenario is evaluated in terms of loss 
probability, average delay and standard deviation of delay for real-time video 
transmission. In the last scenario of real-time video transmission, the plotted 
QoS distribution both in three dimentions and in two dimentions are chosen for 
evaluating the simple network performance. Generally speaking, different kinds 
of video traffic require different overprovisioning level to achieve certain 
quality-of-service. For real-time communication, the network should be 
overprovisioned in order to guarantee low loss rate, low delay and low jitter.  
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Chapter 3 

Internet Measurement for Real-Time Application 

 
Quality of Service (QoS) becomes important in today’s network. The quality of 
real-time audio and video communication over best-effort networks is mainly 
determined by the delay, jitter and loss characteristics observed along the 
network path. High packet loss rate and jitter lead to unacceptable impairment of 
the perceived speech and image quality and excessive delay impedes 
interactivity. Generally it is not possible for the user to control these different 
QoS mechanisms offered by the Internet Service Provider (ISP). But it is 
possible for people to develop methods to improve real-time transmission based 
on acquirable network condition.  
 
In this chapter, a series of measurements have been done based on a mechanism 
I developed to investigate what kind of quality-of-service is provided by the 
current best-effort Internet for real-time service such as IP telephony and 
videoconference. I first measured ping packet’s round trip time to get an idea of 
the delay time and traffic congestion. After that three small programs were used 
to simulate real-time transmission with UDP packets on the Internet. Two traffic 
routes have been studied, one short (Linköping-Stockholm) and one long 
(Linköping-Ottawa/Canada). The result in terms of loss rate, one-way or 
round-trip delay time and standard deviation of the delay that represent jitter 
were evaluated after each measurement. 
 

3.1 “Ping” Test 
 
A test called “ping” was first done to measure the loss rate and round-trip time, 
which reflects the current status along the route in the Internet between the 
sender and receiver.  
 

3.1.1 Introduction to “Ping” Function 

 
The Ping command works as follows: it uses Internet Control Message Protocol 
(ICMP) which is an error-reporting protocol and packages an ICMP echo 
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request message in a datagram and sends it to a selected destination. When the 
destination receives the echo request message, it responds by sending an ICMP 
echo reply message. If a reply is not returned within a set time, Ping shows that 
the request timed out and counts this packet to be a lost packet and resends the 
echo request several more times. If no reply arrives, ping indicates that the 
destination is unreachable. If some replies are received, the total round-trip time 
will be calculated and shown in the command line. The ping packet size can be 
set manually to make it fulfill certain requirements. When the ping program ends, 
the system will show the statistical results of the total number of packets that are 
sent and received and show the total packet loss rate as a measure of the 
reliability of the connection. It will also show the minimum, maximum and 
average round trip time in milliseconds. The more packets that are sent, the more 
accurate information we will get about the actual packet loss rate and delay time. 
You can identify it by the distinctive messages that it prints, which look like this:  
 

PING vapor.arl.army.mil (128.63.240.80): 56 data bytes 
64 bytes from 128.63.240.80: icmp_seq=0 time=16 ms 
64 bytes from 128.63.240.80: icmp_seq=1 time=9 ms 
64 bytes from 128.63.240.80: icmp_seq=2 time=9 ms 
64 bytes from 128.63.240.80: icmp_seq=3 time=8 ms 
64 bytes from 128.63.240.80: icmp_seq=4 time=8 ms 
^C 
----vapor.arl.army.mil PING Statistics---- 
5 packets transmitted, 5 packets received, 0% packet loss 
round-trip (ms)  min/avg/max = 8/10/16 

 

3.1.2 Test Design 

 
After having familiarized myself with the Ping function, I started my 
investigation of Internet with Ping tests to measure the current status of Internet. 
I chose an ordinary SUN machine that was connected to the subnet of Linköping 
University to implement this test. Three remote machines with public IP 
addresses were chosen as my ping target, one is the yahoo website with the IP 
address of 216.109.118.71. The other one is my friend’s machine in Stockholm 
with the IP address of 213.113.148.197, which is dynamically allocated every 
time the computer is rebooted. The last one I choose is a server machine in 
Ottawa /Canada with the IP address of 64.251.1.43.  
 
In order to compare the result of ping tests with the same route and different 
packet sizes, I used ping packets with two different packet sizes in each test: one 
is 64 bytes that is the default ping packet size under the Solaris operation system, 
the other is 1000 bytes that I set manually.  
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3.1.3 Implementation and Result Evaluation 

 
The totally six ping tests with three routes and different packet size in each route 
were started and ended simultaneously and the tests were running for 45 hours 
consecutively. In this way, the variance of delay for different routes was not 
influenced by instability of the Linköping subnet. The network condition for the 
same route test was the same, so the result difference is only caused by different 
packet size. The time interval between sending each ping packet was 5 seconds 
in each test so that the total number of sent packet are the same.  
 
After the tests had ended, the statistical results of loss rate, minimum, maximum 
and average delay were printed out. I found the loss rate of the yahoo website 
and the Stockholm site to be completely zero meaning that not a single ping 
packet was lost during the transmission in the network. In the case when I ping 
the site in Canada, the loss rate is about 0.3%. From these statistical results of 
loss rate I can conclude that the connections along all these three routes are 
reliable. 
 
After analyzing the loss rate that is small in these cases, I moved my attention to 
the response time. In most instances if the network has a high packet loss rate, 
sender has to send the same pieces of information several times, normally the 
higher the packet loss percentage, the slower the connection will work. So the 
round-trip delay time is also an important parameter for reliability of the 
network. The response time of these six different cases were calculated by the 
system and shown in the table below in millisecond. The remote machines and 
corresponding ping packet size are listed in the first row of the table. 
 

 
     Table 3.1: Response time of each “ping” test 
 
 
From the table I found two phenomena: 
First, the ping route between Linköping and Ottawa has longest average 
response time and largest loss probability (0.3%) in these three routes.  
  

Ping object/ 
Delay kind 

Yahoo 
(64bytes) 

Yahoo 
(1000bytes)

Stockholm
(64bytes) 

Stockholm 
(1000bytes)

Ottawa 
(64bytes) 

Ottawa 
(1000bytes)

Minimum(ms) 115 116 5 6 143 145 
Average (ms) 115 117 7 8 144 145 
Maximun(ms) 188 185 230 247 213 225 
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Second, the average response time between Stockholm and Linköping is much 
less than that of the other two routes. This is because Stockholm is near to the 
Linköping city and network condition between these two cities is very good.  
 
In order to clarify the phenomena found, I present the distribution of the 
response time in each case by histograms, in which the X and Y-axis represent 
the response time and the corresponding proportion of total packets having that 
response time. The response time is shown in milliseconds and the remote 
machines and corresponding ping packet size are shown on top of each figure. 
The six histograms are shown below: 
 

 
   Figure 3.1: Histogram of Ping packet delay distribution 
 
Since the variance of the delay time can represent the stability of the network, 
from the figure above we can see some big variance of delay during the ping 
tests, it could be caused by sudden burst traffic that overflowed some routers or 
caused by a failure in one of the paths between sender and receiver. But as is 
shown above most of the response time in all the cases are centralized to certain 
degree which means the general variation of network status is very little. So the 
network performance along the three routes during the tests are stable. 
 
Another interesting phenomenon by comparing the average delay time is that no 
matter which remote machine I ping to, the 1000 bytes ping packet’s response 
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time is always larger than 64 bytes ping packet’s. In order to explain this, I 
assume that before the 1000 bytes ping packet was put into the network, it was 
first broken up into small pieces by my computer or by a router. The extra 
round-trip delay for larger packets is caused by this procedure.  
 
3.1.4 Two Extra “Ping” Tests 
 
In order to test my assumption, I did two more ping tests. This time, I chose a 
Dell laptop with Microsoft Windows operating system which is also connected 
to the subnet of Linköping university to implement these tests. 
  
In the first test, my friend’s machine in Stockholm was chosen as my ping target 
again and the packet size was set to be 32 bytes (default size under Windows 
operating system), 200 bytes, 400 bytes, 600 bytes, 800 bytes and 1000 bytes 
respectively in six sessions. In each session with unique ping packet size, the 
tests were running simultaneously so as to make sure the network condition for 
these different cases are the same. The time interval between sending each 
packet is 1 second by default and the tests were running for 20 minutes.  
 
Since the tests were running for only 20 minutes, a suddently emerging data 
traffic could cause a maximum delay time that is several hundred times bigger 
than ordinary delay time. Thus, the calculated average delay time will be 
influenced by unstable network effects. Since the minimum delay time can still 
represent the least amount of time needed for round trip transmission, only the 
minimum round trip times corresponding to different ping packet size are 
analysed and listed in the table below: 
 
 
Packet size/ 
Delay time 

32 bytes 
(default) 

200 bytes 400 bytes 600 bytes 800 bytes 1000 bytes

Minimum(ms)     5     5     6     7     8     9 
Table 3.2: The minimum round trip time when pinging a machine in Stockholm with different 
packet size 
 
 
It is obvious from the table that the larger the ping packet is, the longer it will 
take for each packet to complete the round trip. It is also interesting to see that 
the increasing step of the minimum RTT is 1 millisecond when packet size 
increases from 200 bytes to 1000 bytes with a step size of 200 bytes.  
 
In order to see if the increased amount of time is propotional to the round trip 
time, I did another experiment. In this second test, I chose the machine in 
Ottawa as my ping target so that the network condition along this route is much 
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more complicated than the network condition between Linköping and 
Stockholm. The procedure and the parameters (except the ip address) that I used 
in this test are exactly the same as were used in the first test and the minimum 
round trip times for different packet size are listed in the table below: 
 
 
Packet size/ 
Delay time 

32 bytes 
(default) 

200 bytes 400 bytes 600 bytes 800 bytes 1000 
bytes 

Minimum(ms)    143    143    144   145   146    147 
Table 3.3: The minimum round trip time when pinging a machine in Ottawa/Canada with 
different packet size 
 
 
From the table we can see that the increased time step of minimum delay time 
for each increased 200 bytes packet size is still 1 millisecond, which means that 
the increased amount of time is not caused by the longer time spent on each 
router along the route but likely caused during the preparation of the packet at 
the beginning of each transmission. 
 

3.2 One-way Transmission on Internet 
 
In the preceding sections I used Ping packets to detect current network status 
along the route by analysing the packet round-trip time. Since Ping packets are 
normally used as a probe to test if a particular computer is available online and 
the ping protocol is one of the protocols with lowest priority in a network. Some 
hosts do not respond to ping packets by default and some smaller ISPs rate limit 
icmp into their networks to limit attacks. In order to investigate the QoS 
provided by current Internet for real-time transmission, additional evaluation 
may be necessary. In the following sections, a series of tests and measurements 
about one-way transmission along the route between Linköping and Stockholm 
will be described.  
 

3.3 Mechanism Design  
 
In order to investigate the QoS provided by current Internet for real-time 
transmission along the route from sender to receiver, I first designed a one-way 
data transmission mechanism whose topology is shown in the figure below:  
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     Figure 3.2: Infrastructure of the test 
 
 
From the figure we can see that the testbed is composed of two IP clouds 
connected via Internet. The test procedure works like this: At the sender side, the 
machine generates and sends packets with certain size into the network with 
some frequency. At the receiver side, the machine receives these packets from 
the sender and record the useful information into a file for further analysis. 
Similar to the scenario for real-time simulation in Chapter 2, I used UDP as my 
real-time transmission protocol and UDP packet as the information carrier and 
the simulated video and audio data traffic uses constant bit rate.  
 
In order to implement the functions at the sender and receiver, two programs 
were developed under the Windows operating system. One is running at the 
sender, the other is running at the receiver.  
 
At the sender side, user first specifies the sending information such as receiver’s 
IP address, port number, the packet size and the time interval between sending 
each packet. After the parameters for transmission are specified, the program 
begins to generate UDP packet with specified size and put the information such 
as sequence number and current time at sender machine into the packet header. 
Then the UDP packet is sent into the network.  
 
At the receiver side, the other program is running to receive these data by 
specifing the same port number as was set by the sender. When the packet is 
received, the program derives the sequence number and sending time from the 
packet header and print them out with the current time at the receiving computer. 
After that, the packet is simply dropped. If a packet is lost during the 
transmission, it will not be printed out at the receiving side, so we can get the 
loss rate by comparing the largest sequence number and the total number of 
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packets received. The delay time during the transmission in Internet is simply 
calculated by comparing the receiving time and the sending time. The calculated 
delay time is relative delay time which is absolute delay time plus time 
difference between the two computer systems. Althought the one-way absolute 
delay time can’t be achieved, the distribution of the relative delay time can be 
used to analyze jitter. 
 
Different transmission parameters are chosen so as to simulate different quality 
of audio and video applications. Normally, audio and video data require very 
high transfer rates or bandwidth even when the data is compressed. For example, 
an MPEG-1 session requires a bandwidth of about 1.5 Mbps. Not only does the 
transfer rate have to be high, it must also be predictable. The traffic pattern of 
multimedia data transfer is stream-oriented, and the network load is long and 
continuous. The required transmission rates for audio and video is shown in the 
table below: 
 
 
INFORMATION 
TYPE 

BIT RATE QUALITY AND  
REMARKS 

VIDEO 64-128Kbps 
384 Kbps - 2 Mbps 
1.5 Mbps 
5-10 Mbps 
34/45 Mbps  
50 Mbps or less 

Video telephony (H.261) 
Videoconferencing 
(H.261) 
MPEG-1 
TV quality (MPEG-2) 
TV distribution 
HDTV quality 

AUDIO p * 64 Kbps 3.1 KHz, or 7.5 KHz, or 
hi-fi baseband signals 

    Table 3.4: Typical audio and video transmission rate 
 
 
 
The video telephony, videoconferencing and ordinary audio application are 
simulated in my tests by setting the transmission rate to 80kbit/s, 160kbit/s, 
400kbit/s and 800kbit/s. The transmission rate can be changed by specifing 
different packet size and time interval between sending each packet at the sender. 
The parameters of packet size and time interval between sending each UDP 
packet in my tests are listed in the table below:  
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Case number 
/category 

 
Case 1 

 
Case 2 

 
Case 3 

 
Case 4 

 
Case 5 

 
Case 6 

 
Case 7 

Packet  
size  (byte) 

 
1000 

 
500 

 
200 

 
100 

 
1000 

 
1000 

 
1000 

Time  
intervial (s) 

 
0.01 

 
0.01 

 
0.01 

 
0.01 

 
0.02 

 
0.05 

 
0.1 

Corresponding 
bitrate(kbits/s) 

 
800 

 
400 

 
160 

 
80 

 
400 

 
160 

 
80 

          Table 3.5: Parameter chosen for one-way real-time application 
 
 
The different combinations of packet size and time interval are chosen for three 
reasons: 
First, with same transmission rate, the QoS achieved by different traffic with 
different packet size and time interval can be compared. 
 
Second, the QoS achieved by different traffic with same time interval (0.01 s) 
and different packet size can be compared.  
 
Third, the QoS achieved by different traffic with same packet size (1000 bytes) 
and different time intervial can be compared.   
 

3.4 Implementation and Result Evaluation 
 
I asked my friend who has broadband service in Stockholm to run the receiving 
program so as to record information of all the UDP packets arrived in her 
machine for further analyse. The sending program was running in my machine 
that was connected to the subnet of Linköping university.  
 
We run the sending and receiving programs 7 different times, every time I 
changed the parameters of packet size or time interval following the parameters 
in the table above from case 1 to case 7. Every time after I changed the 
parameters, my friend in Stockholm recorded the arriving packet’s information 
in a new file. In order to get the same amount of recorded information, the data 
traffic with lower frequency was run for longer time. After the test, the seven 
trace files were analysed by “awk” to calculate the delay time of each packet and 
the loss rate in each case. Since the system clock of sender and receiver are not 
synchronized, the average delay time calculated is relative one-way delay time. 
The results of the tests including loss rate, average delay and standard deviation 
of the delay which represent the property of jitter are shown in the table below: 
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/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.049 

 
0.0718 

 
0.005 

 
0.1224 

 
0.0816 

 
0.1693 

 
0.1416 

Average 
delay (s) 

 
7.8294 

 
7.8356 

 
7.8355 

 
7.8516 

 
7.8548 

 
7.8758 

 
7.8942 

Loss rate 0.0069 0.0117 0.0010 0.0127 0.0111 0.0138 0.0099 
Table 3.6: One-way transmission from Linköping to Stockholm 

 
 
From the table above, we can see that the loss rate that reflects the network 
condition along the route in all of these seven cases are small, so the connections 
between the sender and receiver in all these seven cases are reliable. Besides this, 
I can hardly find any rule from the result in the table when I compare them by 
sending frequency (from case 1 to case 4) or by packet size (case 1, case 5, case 
6, case 7) or by transmission rate. Since the tests were done sequentially, I 
assume the orderless results are caused by the network condition variation 
between each test. The difference of network condition in each test makes it 
impossible to draw any conclusion by comparing the results of these seven 
cases.   
 

3.5 Parallel transmission and Result Evaluation 
 
In order to avoid the problem that different tests are under different network 
situations, I rearranged the transmission procedure of my tests. This time, I 
opened seven different sessions between my computer and the machine in 
Stockholm by setting the same IP address and different port numbers. Each 
session corresponds to one case transmission and all of these seven cases 
transmission started and ended simultaneously so that the network condition in 
this time for the seven cases are the same. It is necessary to mention that in this 
case the total UDP traffic uses variable bit rate with a transmission rate equal to 
2.08 Mbits/s. So, the total results could represent the QoS achieved by high 
quality audio and video transmission such as video conference, which could be 
used to simulate high quality audio and video communication.  
 
The tests with seven transmission cases in parallel were run for three times so as 
to avoid making unilateral conclusion from coincidence result. 21 different trace 
files were generated after the tests. The packet loss probability, average delay 
time and standard deviation of the delay were calculated in the same way as 
before. This time, the loss rates in all these cases are 0 which means the network 
condition in all these case is good. The average delay which is the relative 
one-way delay time and the standard deviation of delay in each case are listed in 
the three tables below: 
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/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.0058 

 
0.0058 

 
0.0062 

 
0.0064 

 
0.0059 

 
0.0060 

 
0.0059 

Average 
delay (s) 

 
7.5945 

 
7.5945 

 
7.5958 

 
7.5960 

 
7.5941 

 
7.5940 

 
7.5938 

Table 3.7: First one way parallel transmission from Linköping to Stockholm 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.0042 

 
0.0036 

 
0.0041 

 
0.0039 

 
0.0035 

 
0.0035 

 
0.0042 

Average 
delay (s) 

 
7.4424 

 
7.4418 

 
7.4416 

 
7.4420 

 
7.4417 

 
7.4417 

 
7.4414 

Table 3.8: Second one-way parallel transmission from Linköping to Stockholm 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.0048 

 
0.0037 

 
0.0040 

 
0.0044 

 
0.0038 

 
0.0039 

 
0.0033 

Average 
delay (s) 

 
7.4615 

 
7.4613 

 
7.4613 

 
7.4612 

 
7.4613 

 
7.4613 

 
7.4614 

Table 3.9: Third one-way parallel transmission from Linköping to Stockholm 
 
By comparing the results in the three tables above, I still could not find any rule 
and interesting phenomena between each cases, since the average delay time and 
the standard deviation of delay for these seven cases is too small to compare.  
 

3.6 Round-trip parallel transmission and Result Evaluation 
 
Since most of the real-time applications are interactive such as IP telephony and 
videoconference, the round-trip delay time is more practical than one-way delay 
time in this applications because it is the real delay people can feel. Moreover 
the average delay time we got earlier is relative delay time that couldn’t tell the 
true delay, I got the motivation to see how long exactly it will take for the UDP 
packet to travel between Linköping and Stockholm.  
 
In order to achieve absolute round-trip delay, I modified my program at the 
receiver side. This time the receiver acts like a mirror, when it receives UDP 
packets from sender, it immediately sends it back. At the sender side, both the 
old sending and receiving programs are running. After the packet was echoed 
from the remote machine and arrived back to the sender, the sequence number 
and sending time from the packet header will be derived and printed out with the 
current time at the sender’s computer which uses the same time clock as the 
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sending time stored in the packet. After that, the packet is simply dropped. In 
this way, I could solve the clock synchronization problem and get the absolute 
round-trip time for real-time transmission on the Internet.  
 
After modifing the program, I run the seven cases in parallel for three times 
again to get comprehensive results, this time I can see both the distribution of 
the delay time and the absolute round-trip delay time. The average delay, 
standard deviation of delay and loss rate (if it has any) in each case are listed in 
the three tables below: 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.0054 

 
0.0054 

 
0.0057 

 
0.0057 

 
0.0055 

 
0.0058 

 
0.0059 

Average 
delay (s) 

 
0.0069 

 
0.0071 

 
0.0069 

 
0.0068 

 
0.0069 

 
0.0064 

 
0.0054 

Table 3.10: First round-trip parallel transmission from Linköping to Stockholm 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.0071 

 
0.0077 

 
0.0083 

 
0.0084 

 
0.0047 

 
0.0050 

 
0.0047 

Average 
delay (s) 

 
0.0089 

 
0.0066 

 
0.0071 

 
0.0069 

 
0.0089 

 
0.0095 

 
0.0089 

Table 3.11: Second round-trip parallel transmission from Linköping to Stockholm 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.0087 

 
0.0094 

 
0.0085 

 
0.0102 

 
0.0065 

 
0.0051 

 
0.0049 

Average 
delay (s) 

 
0.0092 

 
0.0076 

 
0.0064 

 
0.0085 

 
0.0093 

 
0.0097 

 
0.0096 

Loss rate 0.0008 0.0001 0 0 0 0 0 
Table 3.12: Third round-trip parallel transmission from Linköping to Stockholm 
 
From the average delay time in tables above we can see that the longest round 
trip delay time between Linköping and Stockholm is about 10 milliseconds and 
the largest standard deviation of the delay time is about 10 milliseconds. Both of 
these two time parameters are qualified for real-time service requirement very 
well. Let’s move our attention to packet loss rate. From the first two tables, there 
is no packet loss during the transmission and from the third table, the largest loss 
probability is 0.08%, which is too small to be of notice. In a word, the network 
situation between Linköping and Stockholm is good enough to provide 
quality-of-service for real-time audio and video application such as 
videoconference. 
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On the other hand, even though the network condition between Linköping and 
Stockholm is good, no rule can be inferred by comparing the statistical result 
listed in the tables above because the real delay time is too short, a little 
variation of loss rate or delay influenced by operation system or hardware of 
computer could bring a big effect to the result compared with those influenced 
by the network.  
 

3.7 Measurement under Long Traffic Route  
 
The simulations and measurements I did in the previous sections were along a 
route with good condition. In this section I choose a longer traffic route to 
investigate the QoS achieved by different real-time applications on it. This time 
I use my friend’s machine in Ottawa/Canada. I believe the network condition 
between Linköping and Ottawa is much more complex than that between 
Linköping and Stockholm, the result influenced by operation system or 
hardware of computer would probably only bring small effect compared with 
those influenced by the network. 
 

3.8 Round-trip Long Route Transmission and Result Evaluation 
 
I still choose the seven combinations of packet sizes and time interval as the 
source traffic parameters which is used to simulate real-time audio and video 
transmission on Internet. As I did before, my friend in Ottawa and I ran the 
modified program on both side. When the UDP packet sent from my computer 
arrived at his, it was immediately sent back to my computer. When the packet 
returns back to my computer, the information like: sending time, current 
receiving time and sequence number of the packet will be recorded into a file for 
further analyse. After that the packet is simply dropped. 
 
We ran the program in sequence from case 1 to case 7 separately. The average 
round-trip delay time, standard deviation of the delay and the loss rate for the 
seven cases are listed in the table below: 
 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

 
0.5201 

 
0.3394 

 
0.0147 

 
0.0074 

 
0.2510 

 
0.0103 

 
0.0072 

Average 
delay (s) 

 
4.4928 

 
3.1530 

 
0.2172 

 
0.2145 

 
3.1630 

 
0.2227 

 
0.2233 

Loss rate 0.7409 0.5046 0.0719 0.0496 0.4893 0.0421 0.0314 
Table 3.13: Round-trip transmission from Linköping to Ottawa 
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By comparing the result in the table above with the result of the same test I did 
between Linköping and Stockholm, we can easily find the phenomenon that 
along the route between Linköping and Ottawa, the average delay time, standard 
deviation of delay and loss rate are much larger, which reflect the complexity of 
the network condition between the two terminals.  
 
Large packet loss rate is an indication of a severe network congestion that 
usually is caused by insufficient bandwidth along the route. From the result of 
loss rate, it can be inferred that the effective bandwidth for the traffic is lower 
than 400 kbit/s. For example in case 1, the loss rate is 74.09% which mean that 
only 25% of the sent packets survived after the round-trip. Nowadays, most of 
packet loss is caused by overflow of buffer, so I can infer that in case1, case 2 
and case 4 some routers in the transmission route must be overflowed by my 
testing UDP traffics, which is also a disaster for all traffic following the route or 
going through the overflowed router. The connection is very unreliable in these 
three cases. 
 
One the other hand, when the bottleneck routes are seriously overflowed by 
constant bit rate UDP traffic like in the first scenario I simulated in Chapter 2, 
the maximum capacity of the effective bandwidth along the route could be 
calculated in this way: 
 
  maximum effective bandwidth = transmission rate * (1- loss rate) ; 
 
From transmission rate and its corresponding loss rate in case 1, case 2 and case 
5 I got the capacity of the effective bandwidth in my test to be approximately 
200kbit/s. In order to guarantee low loss rate for real-time application, the 
transmission must be lower than 200kbit/s along this route.  
The delay experienced by packets traveling from source to destination is a 
function of the number of hops and of the queue length at the intermediate nodes, 
high packet loss percentage is often followed by long delay time caused by long 
queuing periods. From the average delay time in the table above we can see that 
when congestion happened, the round-trip delay time is much higher than that of 
the other cases without congestion.  
 
By comparing the result of three congestion cases, I found traffic with larger 
transmission rate (case 1) to have longer average delay. If there is only one 
bottleneck router along the route, after the router is overflowed, the round-trip 
delay should be the same and independent of transmission rate. From the delay 
difference it can be inferred that there must be some routers with effective 
bandwidth between 400kbit/s and 800kbit/s that was overflowed in case 1 that 
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made the traffic suffered more delay time and packet loss than the traffic in case 
2 and case 3.  
 
In order to avoid unilateral results caused by variation of network and make 
further comparison of the result in each cases, I did the same test three more 
times at three different time expecting the results could represent a general 
phenomenon happening on Internet. The average delay, standard deviation of 
delay and loss rate calculated after each of three series tests are listed in the 
three tables below: 
 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

0.5475 0.3139 0.0041 0.0036 0.2767 0.0017 0.0020 

Average 
delay (s) 

4.4250 3.1437 0.2123 0.2117 3.1462 0.2206 0.2207 

Loss rate 0.7413 0.4978 0.0079 0.0078 0.4845 0.0063 0.0019 
Table 3.14: Round-trip transmission from Linköping to Ottawa 

 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

0.4854 0.3338 0.0034 0.0034 0.2810 0.0021 0.0014 

Average 
delay (s) 

4.5204 3.1377 0.2116 0.2116 3.1445 0.2206 0.2205 

Loss rate 0.7407 0.4954 0.0010 0.0037 0.4831 0.0014 0.0025 
Table 3.15: Round-trip transmission from Linköping to Ottawa 

 
/category Case 1 Case 2 Case 3 Case 4 Case 5 Case 6 Case 7 
Standard 
deviation(s) 

0.5443 0.3286 0.0045 0.0035 0.2742 0.0015 0.0016 

Average 
delay (s) 

4.4365 3.1389 0.2128 0.2116 3.1457 0.2205 0.2205 

Loss rate 0.7398 0.4945 0.0127 0.0116 0.4857 0.0136 0.0101 
Table 3.16: Round-trip transmission from Linköping to Ottawa 

 
By comparing the result in the tables above, I drew several conclusions about 
the QoS provided by current Internet for real-time application: 
 
First, when the source rate is bigger than the network capacity (effective 
bandwidth) : 
1, With the same sending frequcecy (time interval), traffic with smaller packets 
has smaller average delay time, smaller standard deviation of delay time (less 
jitter) and loss probability.  
 



Chapter 3 Internet Measurement for Real-time Transmission 

 47

2, With the same packet size, data traffic with lower frequency (bigger time 
interval) has smaller average delay time, smaller standard deviation of delay 
time (less jitter) and loss probability. 
 
3, With the same transmission rate (case 2 and case 5), traffic with smaller 
packet size has a little bit larger loss probability than the traffic with larger 
packet size. 
 
4, The QoS of real-time applications such as videoconferencing whose 
transmission rate is more than 200 kbit/s can’t be achieved between 
Linköping/Sweden and Ottawa/Canada through Internet.  
 
Second, when the source rate is smaller than the network capacity (effective 
bandwidth) : 
1, The difference of average delay time, standard deviation of delay time and 
loss probability between each measurement is very small. 
 
2, From my test result, we can see that the longest round trip delay is 0.2233 s, 
the largest standard deviation of delay is 0.0147 s and the biggest loss 
probability is 7.19%. All of these results indicate that the QoS of real-time 
applications such as IP telephony whose transmission rate is lower than 200 
kbit/s can be achieved between Linköping/Sweden and Ottawa/Canada through 
Internet.  
 
After drawing conclusions about the QoS provided by current Internet for 
real-time applications, I got a motivation to see the QoS achieved by the 
different real-time traffic under different network overprovisioning degree which 
is another point of view to analyze the QoS provided by current Internet for 
real-time application. Since the maximum effective bandwidth I deduced earlier 
along the route between Linköping and Ottawa is around 200 kbits/s, I assume 
the average effective bandwidth along this route is 200 kbits/s. although this 
number is changing a little bit between each test, it can give us a general idea of 
the bandwidth provided by the network. So the corresponding overprovisioning 
rates for the different kinds of traffic are 0.25, 0.5, 1.25 and 2.5 respectively. 
From table 3.13 to table 3.16, I calculated the average results of each case when 
the source rate is the same in terms of loss rate, average delay and standard 
deviation of delay. In order to see the resuts in terms of the corresponding loss 
rate, average delay and standard deviation of delay when the overprovisioning 
rate is 1, I did the test along the route between Linköping and Ottawa one more 
time by setting the packet size to 1000 bytes and time interval to 40 ms. After 
that I list the results under different overprovisioning rate in the table below. 
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Table 3.17: Round-trip transmission from Linköping to Ottawa 
 
By using the values in the table above, I plotted the loss probabilty, average 
delay and standard deviation of delay with their corresponding overprovisioning 
rate in three figures. The standard deviation of delay and its corresponding 
overprovisioning rate is first shown in the figure below:  
 

 
  Figure 3.3: Standard deviation of delay vs overprovisioning rate 
 
 
From the figure above we can see that with the overprovisioning rate increase, 
the standard deviation of delay decreases greatly until it becomes almost zero 
and the curve becomes horizontal. The network needs to be overprovisioned a 
little bit in order to provide a small constant jitter. This phenomenon is different 
to the one I simulated in the end of the privious chapter. Since there are different 
degrees of bottleneck routers along the route between Linköping and Ottawa, the 
less overprovisioning rate, the more aggregate jitter the real-time traffic will 
have.  
 

Overprovisioning
Rate /category 

 
0.25 

 
0.5 

 
1 

 
1.25 

 
2.5 

Standard 
deviation(s) 

 
0.5243 

 
0.2998 

 
0.1422 

 
0.0053 

 
0.0055 

Average delay (s) 4.4687 3.1465 0.2356 0.2173 0.2167 
Loss rate 0.7407 0.4918 0.0247 0.0197 0.0148 
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After analysing the property of jitter in the real-time transmission on Internet, I 
moved my attention to the absolute round-trip delay during the transmission. 
The average delay and its corresponding overprovisioning rate is shown in the 
figure below: 
 

 

   Figure 3.4: Average delay vs overprovisioning rate 
 
 
From the figure above we can see that as the overprovisioning rate increases, the 
average delay decreases almost linearly until it decreases to some degree larger 
than zero and stay constant. When the overprovisioning rate is 1, the average 
delay time is acceptable for real-time application. This phenomenon is also 
different to the one I simulated in the end of the previous chapter because there 
are different degrees of bottleneck routers along the route between Linköping 
and Ottawa, the less overprovisioning rate, the more router will be overflowed 
and the longer time the packet will have to wait in the buffer of the routers along 
the route between Linköping and Ottawa. 
 
 
After analysing the property of jitter and absolute delay time in the real-time 
transmission on Internet, I moved my attention to the loss probability during the 
transmission which is the most important parameter for UDP data transmission. 
The loss probability and its corresponding overprovisioning rate is shown in the 
figure below: 
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   Figure 3.5: Loss probability vs overprovisioning rate 
 
From the figure above we can see that as the overprovisioning rate increases, the 
loss probability decreases linearly until it decreases to some degree larger than 
zero and stays almost constant. When the overprovisioning rate is 1, the loss 
probability is also acceptable for real-time application. This phenomenon is 
similar to that of the last real-time simulation in the end of the previous chapter 
because the less the network is overprovisioned, the more router will be 
overflowed and more packets will be dropped at the routers along the route. 
When the overprovisioning rate is higher than 1 that most of the incoming traffic 
can be processed by the routers in time, so there should be no congestion caused 
by the UDP traffic along the route. The small portion of lost packets that is 
under 5% is a normal Internet packet loss rate which could be caused by some 
sudden burst background traffic. 
 

3.9 Summary 
 
In order to see what kind of QoS for real-time application could be achieved by 
the current best-effort network, I did a series of experiments based on the 
real-time transmission mechanism I developed on the real Internet in this 
chapter.  
 
“Ping” test is first introduced to detect current network status along certain 
routes. By analysing ping packet’s round-trip time, the response time along 
different routes are plotted after the tests which indicate that the network I 
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investigate is reliable and stable. From the ping tests I got an idea of round-trip 
delay and Internet mechanism for processing ping packets.  
 
After that a program was written to simulate real-time audio and video 
transmission with UDP data stream at constant bit rate on the Internet. Both the 
one-way and round-trip transmission have been measured to calculate the delay 
time and packet loss rate. Two traffic routes were chosen for the measurements. 
One is short (between Linköping and Stockholm) that is under good network 
condition, the other is long (between Linköping and Ottawa/Canada) that has 
limitted effective bandwidth.  
 
The performance of each simulation is evaluated in terms of loss rate, average 
delay time and standard deviation of delay that represent the jitter. Especially the 
last round-trip transmission test between Linköping and Ottawa/Canada, the 
QoS achieved by different real-time applications under different Internet 
condition were evaluated by plotting the loss probabilty, average delay and 
standard deviation of delay with their corresponding overprovisioning rate. The 
results are also compared with the results of the real-time simulation I did in 
chapter 2. Generally speaking, the network between Linköping and Stockholm 
was proved to be able to provide good QoS for videoconference application 
while the QoS of real-time applications such as IP telephony whose transmission 
rate is lower than 200 kbit/s can be achieved under the route between Linköping 
and Ottawa/Canada. 
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Chapter 4 

Summary  

 
This thesis mainly deals with two problems concerning real-time 
communication over a packet-switched network: First, to investigate the 
requirement for network overprovisioning in order to reach a certain 
quality-of-service level for video transmission. Second, a mechanism was 
developed to measure what quality-of-service level could be achieved for 
different kinds of real-time data traffic transmission under variable bandwidth in 
our best-effort network. 
 
In the first part of the research, I did a series of simulations to investigate the 
network “overprovisioning” level and the corresponding quality-of-service 
achieved by video transmission. An open resource software named Network 
Simulator (NS-2) has been used as the simulation tool in this part. Since most of 
the packet loss and delay are caused by overflow of buffers at the router, the 
topology of my entire simulation scenarios are star shaped so that all of the 
terminals are connected to a router that is connected with other routers. Different 
kinds of traffic generators are used in each scenario to simulate different kinds 
of video traffic. Different overprovisioning rate and buffer size at the bottleneck 
router are investigated in each scenario. The network overprovisioning level and 
its corresponding quality-of-service for video transmission are plotted and 
evaluated after each scenario. Generally speaking, different kinds of video 
traffic has different overprovisioning requirements. In order to guarantee the 
QoS of real-time video transmission, the network should be overprovisioned.  
 
In the second part of the research, a series of measurements have been done to 
investigate what kind of quality-of-service is provided by the current best-effort 
Internet for real-time service such as IP telephony and videoconferencing. A 
mechanism was developed to simulate real-time audio and video application 
with UDP data stream using constant bit rate as well as variable bit rate on the 
Internet. Two traffic routes were chosen for the QoS measurements. One is short 
with large effective bandwidth between Linköping and Stockholm, the other is 
long with limited effective bandwidth between Linköping and Ottawa/Canada. 
The measurements are carried out for one-way as well as for round-trip 
transmission. After each test, the results in terms of average delay time, standard 
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deviation of delay and loss rate in certain simulation scenarios are evaluated and 
some conclusions are drawn. Especially the last round-trip transmission test 
between Linköping and Ottawa/Canada, the QoS achieved by different real-time 
applications under different Internet condition were evaluated by plotting the 
loss probabilty, average delay and standard deviation of delay with their 
corresponding overprovisioning rate. In general, the network between Linköping 
and Stockholm is good enough to provide QoS for high bandwidth demanding 
real-time application such as videoconferencing, while the network between 
Linköping and Ottawa with limited effective bandwidth can only provide QoS 
for the real-time application whose transmission rate is lower than 200 kbit/s 
such as IP telephony. 
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Chapter 5 

Suggestions for Further Research 

Improvement and extensions to the decribed work can be done in many ways. 
Below are some suggestions: 
 
In the network simulation part in chapter 2: 
The topology of the last scenario that was designed to simulate the real-time 
video transmission in the network is too simple to reflect the network condition 
in the real world. For example, in order to simulate Internet traffic condition, a 
more sophisticated huge network topology should be constructed with different 
kinds of traffic and protocols in it.  
 
In the Internet measurements part in chapter 3: 
Besides the two routes used to investigate the QoS level provided by the 
network under different conditions, more routes should be chosen to investigate 
the network condition and effective bandwidth. In this way, the real-time audio 
and video transmission could be improved by developing coding methods 
matched to the effective bandwidth along that route.  
 
The program could be modified to send and receive real audio and video data 
traffic with some coding method, so that the quality-of-service could also be 
evaluated by aural and visual impression, which makes the judgment of the 
transmission QoS more direct and practical. 
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