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Abstract

Measurements and analysis of UDP transmissions over
wireless networks

Joel Berglund

The growth and expansion of modern society rely heavily upon well-functioning 
data communication over the internet. This phenomenon is seen at the company 
Net Insight where the need for transferring a large amount of data in the form of 
media over the internet in an effective manner is a high priority. At the moment 
most internet traffic in the modern world is done by the use of the internet 
protocol TCP (Transmission Control Protocol) instead of the simpler protocol UDP 
(User Datagram Protocol). Although TCP works in an excellent manner for most 
kinds of data communication it seems that this might not always be the case, so 
the use of UDP might be the better option in some occurrences. It is therefore of 
high interest at Net Insight to see how different types of wireless networks behave 
under different network circumstances when data is sent in different ways through 
the use of UDP. Thereby this report focuses on the measurement and analysis of 
how different wireless networks, specifically 4G, 5.0 GHz and 2.4 GHz WLAN 
networks, behaves when exposed to varied network environments where data is 
transmitted by the use of UDP in different ways. To perform a network-analysis 
data is collected, processed, and then analyzed. This network-analysis resulted in 
many conclusions regarding network behavior and performance for the different 
wireless networks.
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Populärvetenskaplig samanfattning

I dagens moderna samhälle s̊a är behovet av ny och bättre teknologi n̊agot som alltid
eftersträvas. I ett av teknologins m̊anga omr̊aden där detta behov existerar är i datakom-
munikationens värld där man konstant letar efter nya sätt att överföra data p̊a ett mer
p̊alitligt och effektivare vis. D̊a allt mer datakommunikation sker över internet s̊a m̊aste
specifika protokoll användas för att överföra data p̊a ett korrekt sätt. I internets värld
s̊a finns det tv̊a stora protokoll som används för att skicka data p̊a ett korrekt sätt och
dessa tv̊a protokoll är TCP och UDP. Till stor del s̊a har denna datakommunikation
över internet skett via protokollet TCP, vilket i m̊anga avseenden har fungerat bra. Där
detta inte har fungerat p̊a bästa sätt är vid just stora mängder mediaöverföring. Därmed
s̊a har intresset ökat för att undersöka hur nätverk, och d̊a speciellt tr̊adlösa nätverk,
beter sig d̊a data skickas över UDP. Net Insight är ett företag som sysslar med stora
mängder mediaöverföring över internet vilket därmed innebära att de har ett behov av
att optimera sin mediaöverföring. Därmed s̊a g̊ar denna rapport ut p̊a att undersöka hur
olika tr̊adlösa nätverk beter sig när nätverksförh̊allandena varierar och när data skickas
p̊a olika sätt via UDP.

De tr̊adlösa nätverk som undersöks är: 2.4 GHz WLAN (Wireless Local Area Net-
work), 5.0 GHz WLAN och 4G. För att undersöka hur dessa nätverk beter sig s̊a m̊aste
data samlas in. Detta görs genom att utföra mätningar. Dessa mätningar utförs genom
att data skickas fr̊an en server, som en laptop, till en klient, s̊a som en Ipad, över det valda
tr̊adlösa nätverket. När data kommer fram till klienten s̊a samlas den in och skickas till
en dator som kan behandla den. När all data väl är insamlad och behandlad s̊a analyseras
den. Detta görs för att ta reda p̊a hur bra nätverket har hanterat de olika sätten att
transmittera data via UDP p̊a. Denna analys bygger p̊a att parametrar som exempelvis
bandbredd, fördröjning, och hur mycket data som har tappats under mätningens g̊ang
analyseras noggrant. Med hjälp av dessa parametrar kan man skapa sig en översik-
tlig bild över hur nätverket har presterat och betett sig under de givna omständigheterna.

Med analysen klar s̊a kan ett flertal slutsatser dras. Den första av dessa är att en
enkel användareuppsättning av 2.4 GHz WLAN i regel presterade sämre än en enkel
användareuppsättning av 5.0 GHz WLAN. En annan slutsats är att skicka data med en
paketstorlek av 1472 bytes är bättre än att skicka data med en paketstorlek av 740 bytes
i ett 4G nätverk. 4G nätverk är ocks̊a l̊angsammare p̊a att reagera p̊a förändringar i
bandbredd jämfört med b̊ada WLAN nätverken. Vidare s̊a visar det sig vara sv̊art att
finna den bandbredden som f̊ar ett nätverk att g̊a fr̊an ett fungerande till icke fungerande
tillst̊and. Om ett flertal jitter-histogram undersöks s̊a kan man i förtid upptäcka en
ökning av positiva jittervärden innan paketförluster börjar ske. N̊agot som ocks̊a ses
är att bara 4G nätverk gav upphov till duplicerade och omordnade paket. Slutligen s̊a
verkar mätningar som görs d̊a man rör p̊a sig i 4G nätverk ge mer omordnade paket än
om mätningarna görs d̊a man är i ett stilla tillst̊and.
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1 Introduction

For as long as one can remember, the emergence of new technology has revolutionized
society, pushing it forward. But for every new leap forward lies a foundation of knowledge
which stands as the building block upon which future insights rely. This foundation
of knowledge is for a specific scientific field, and as a whole, continuously expanded
upon by the help of new research. One of the scientific fields where the development
is ever changing is in the field of data communications, and especially in its subarea
of media communication. With modern society moving towards a trend where most
of the communication in the future is done with the use of IP (Internet Protocol),
additional focus is needed on examining how different packet networks behave under
various circumstances for this kind of communication. Although much research has been
done in this area it is mostly related to the TCP (Transmission Control Protocol) in
modern times, the same cannot be said for UDP (User Datagram Protocol) where most
of the research is from the 90’s.

At the data communication company Net Insight, the need for more knowledge about
how different wireless networks, especially 4G, 5.0 GHz and 2.4 GHz Wireless Local Area
packet Network (WLAN), behave under various circumstances in a UDP environment is
needed. Since Net Insight primarily focuses on the data transfer of large amounts of
media data, it is therefore of high interest to examine how wireless network behaviour
for UDP traffic looks as it transitions from a well-functioning network, with low packet
loss, to a poorly functioning network, with high packet loss, and what is needed in
order to prevent this transition from occurring. The main goal of this project can be
segmented into three steps. The first step is to collect data of varied quality for the
different network types. The second step is to process this data. The third step is to
analyze the processed data in such a way that one hopefully can detect the possible
trends of how the network behaves before it goes into a poor state.

For this project, the data is collected with the help of a UDP transmission scheme
created by Net Insight. This means that control and information over the sent and
received packet network packets in the transmitter and receiver is as complete as possible.
However, this is not always the case when the data/packets are traveling in the network,
here the information and control is next to non-existent in the 4G network while the
information about the WLAN network is well known. The transmission over a 4G
network can, therefore, be seen as a transmitter sending packets to a receiver through a
black box. To make the data collection as robust as possible different experiments, called
sets, are put into a specific order, defined as a session. This session is then repeated
multiple times for the different network types at different locations where the network
conditions and the transmission quality can vary. With the data collected, a wide range
of parameters can be examined to determine the quality and behavior of the network.
To narrow this range the data processing focuses on the following parameters being
examined: Bandwidth, end-to-end delay, packet delay variation, packet loss, duplicate
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packets, and reorder density. With the data processing complete the parameters has
to be visualized in order to get a better understanding of the network behavior. This
visualization includes superimposing some plots, such as loss, on other plots, such as the
bandwidth, in order to make it easier to detect some types of network behavior. Another
important visualization is the mean construction that is created by taking multiple
executions of the same set and merging them, thus creating one 2D plot.

With the data processing and data visualization complete the analysis of the net-
work can then be executed. This analysis is divided up into four sections. The first
of these focuses on how the different network types behave and perform for a varying
bandwidth when different packet sizes are used. In a similar manner, the second section
focuses on how the different network types perform when under a constant bandwidth.
For the third part the examination of how multiple jitter histograms are used to detect
possible network behaviors. For the final part, the duplicate and reordered packet
behavior are examined for the different network types. In all of these parts a thorough
analysis is performed where, if possible, each network type is examined individually and
then together.

It is difficult to define a precise research question due to the wide scope of this project.
However, one could attempt to formulate one as: How do wireless networks behave under
varying network circumstances when data, in the form of packets, are sent in different
ways by the use of UDP? This research question encapsulates the primary goal of this
project, thus giving a clear indication of what the report is expected to cover.

The report is divided up into six major sections, excluding the introduction section. The
first of these sections is the theory section as seen in section 2. Here the parameters
that are analyzed later on and key concepts are explained. Following this section is the
Set and Session construction section, seen in section 3, where a detailed explanation of
how the utilized sets are designed and how the following session structures are created.
After this comes the Data collection section, visualized in 4, where the setup of the data
collection and how the data collection was actually performed is explained. The data
visualization section with the key visualization steps shown comes after this section and
is seen in section 5. Following this is section 6 where the actual analysis of how the
wireless networks behave under various conditions are discussed. The final section is the
section containing the discussion and conclusions of the report as seen in section 7.
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2 Theory

In this section, the underlying theory for understanding key concepts related to this
report will be explained.

2.1 Packet switched network

A packet switched network is a network where the methodology used is known as packet
switching, which is a way of transmitting data by the use of packets over a computer net-
work. A key aspect of a packet switching is that the transmitted packets have a payload,
i.e. the actual data one wants to send, and a header that contains vital information such
as the IP addresses of the receiver and transmitter. The way of transmitting data in
this way is often referred to as Connectionless Data Transmission, which means that the
information for where a packet is going in the network is contained in the packet itself
and not established beforehand as in Connection-Oriented Data Transfer, this is known
as virtual circuit switching [1]. Another important aspect of packet switching is that the
channel that the packets are sent over is only active during the transmission, this is so
that when the transmission is finalized other users can use the channel [2].

A packet switched network can consist of multiple nodes, this is often routers and
switches, that are interconnected like a spider web between the sender and the receiver.
This is the case for the internet, which is a massive packet switched network, where
the packets are sent from the sender to the receiver over multiple nodes before reaching
their destination. With the internet being a packet switched network the vast majority
of data traffic in modern society is done by the use of packet switching. Although, the
packets in a packet switched network in most cases should travel through the network
over different paths this is not the case today with many protocols such as TCP using
virtual circuit switching [2][3].

2.2 User Datagram Protocol (UDP)

At the core of this entire project lies the User Datagram Protocol (UDP). The UDP uses
the Internet Protocol (IP) as a foundation for transmitting datagrams across packet-
switched networks. A datagram is equivalent to an IP packet so the term packet will be
used instead of datagram for the remainder of this section [4]. It also uses minimum
overhead for the sent packets thus resulting in a simple transmission scheme. As a result
of this, and the fact that the protocol utilizes no handshaking between the transmitter
and receiver, it offers no protection against loss, duplication or reordering. Besides this,
it also offers no protection against any potential congestion, which is in contrast to TCP
[5][6].
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The UDP packet format has five different fields and these are: Source port, Desti-
nation port, Length, and Checksum. The source port is an optional field and contains
the sender’s ports. Following this is the destination port which is mandatory and is the
address that the packet should travel to, i.e. the receiver’s port. Length indicates how
long the UDP data and UDP header is in bytes. Since the lowest possible data that
can be transferred is 0 bytes this means that the UDP packet is at least 8 bytes since
this is the size of the UDP header. In contrast to this the maximum possible size of a
UDP packet is 65,507 bytes where 28 bytes consists of UDP and IP header, thus the
IP header is 20 bytes. Finally, the checksum is optional and is there for eventual error
checking in the data or header [5].

Although the maximum packet size for a UDP packet is 65,507 bytes sending packets
this large can cause fragmentation due to surpassing the maximum transmission unit
(MTU). To explain this in a clearer way the terms fragmentation and MTU can be
defined. The MTU is the maximum allowed packet size that the next network segment
in a large packet switched network can accept. Fragmentation is when a packet that is
larger than the maximum allowed packet size in a network, i.e. it exceeds the MTU, is
separated into smaller packets [7].Worth noting is the fact that IPV6, the sixth version of
the Internet Protocol, only tolerates fragmentation in the sender and the receiver which
in contrast to IPV4, the fourth version of the Internet Protocol, tolerates fragmentation
in the routers between the sender and the receiver [8].What determines the MTU of a
network is how the transport of the IP packets are performed; for instance, the MTU is
1500 bytes when using Ethernet v2, or a minimum of 68 bytes and a maximum of 64000
bytes when using internet with IPv4. Knowing the MTU of a network can, therefore, be
vital when determining what the maximum size of the packets in a transmission scheme
should be [7][9].

2.3 Bandwidth

There exist multiple definitions for the term bandwidth. The theoretical definition of the
bandwidth that will be used in this report is as follows: The number of bits per second
that are on average transmitted through a network path and successfully received, the
expression for this is seen in 1. To calculate the bandwidth in practice a sliding window is
often used. It functions by simply capturing all the available data during a specific time
frame and then calculating the average amount of data that has passed through during
this time frame. So, for calculating the bandwidth with a sliding window according to
the theoretical definition one examines all of the packets and their respective size that
have been received during one second,

Bandwidth =
Bits

Second
. (1)

In a packet switched network there are a couple of ways to vary the bandwidth. The
first of these is to adjust the packet size of the packets which are being transferred over
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the packet switched network. Intuitively one can then understand that if the packet size
is increased, and other parameters are static, the bandwidth will increase whereas it will
decrease if the packet size is decreased. The second way one can vary the bandwidth is
to adjust the duration between the current packet’s sent time and the next packet’s sent
time, this duration is known as the intergap time. When this intergap time between the
packets sent is decreased the bandwidth will naturally increase since more packets will be
sent per second. It is therefore also clear that the bandwidth will decrease if the intergap
time is increased. With both the packet size and the intergap time being adjustable the
third way one can vary the bandwidth is thus when both of these parameters are varied.

A visualization of how the bandwidth is displayed as seen in figure 1. In this way,
the bandwidth is plotted against the received time by the use of a sliding window as
defined earlier in this section.

Figure 1: A plot over the bandwidth against the received time for a ramp set measurement
that was of a single user 2.4 GHz WLAN with high quality transmission character. More
information about this can be seen in sections 3.1 and 3.2.
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2.4 One-way delay

The one-way delay is defined as the time it takes for a packet to go from its source to its
final destination over a packet network. In other words, one can say that it is the time
difference between when a packet is received at the receiver and when it is sent at the
transmitter, assuming that the sender and receiver have synchronized clocks. Putting
this kind of definition into a mathematical expression one gets,

Delay = A[x + t] −A[x], (2)

where A[x] is a packet sent at time x and A[x+ t] is the same packet received at the time
x + t with t being an additional positive time. This delay can in theory and in practice
not be less than the distance traveled divided by the speed of light, which is due to the
data being converted to an electromagnetic wave and then transmitted. In contrast to
this, the longest delay a packet can have is infinity. Building upon this one can say that
when a packet is considered lost it is simply a packet that has an infinite delay. In figure
2 the delay for a stream set is seen, more information about this in section 3.1.2, in
order to illustrate how the delay is plotted. As seen in the plot the delay is plotted in
microseconds for the corresponding packet number. Plotting the delay against packet
number is done because the delay calculation for one packet is independent of other
packets, as seen in 2. However the actual reason for why the delay of a packet has a
certain value can obviously be affected by other packets; for instance, this can happen
in a packet switched network where many packets are sent through a node with low
throughput [10].

8



Figure 2: A plot over the delay against the received packet number for a stream set
measurement that was of a single user 2.4 GHz WLAN with high quality transmission
character. More information about this can be seen in sections 3.1 and 3.2.

To get a better overview of how well a transmission over a packet network has worked
a histogram over the delay can be examined. An example of how a plot like this can
look is seen in figure 3. Just this plot is a histogram of the delay shown in figure 2.
As explained earlier in this section the histogram clearly shows that there is a lower
bound for how small the delay truly can be. Besides this, it also shows how well the
network has handled the transmission, which is possible to see by examining the shape
of the histogram. So if most of the delay values are clustered around the minimum delay
the network function almost perfectly, whereas if most values are spread out this can
indicate that the network can’t properly handle the examined transmission.
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Figure 3: A Histogram over the delay for a stream set measurement that was of a single
user 2.4 GHz WLAN with high quality transmission character. More information about
this can be seen in sections 3.1 and 3.2.

2.5 Time synchronization

With a packet, in general, being sent from a client and then received at a server where the
internal clock is different from the internal clock at the client the need for synchronizing
the clocks are of vital importance. Having a process which synchronizes the clocks to
make them have the same perception of time is important due to the fact that many
parameters that are measured rely on an accurate perception of time. For instance, the
parameter that is one-way-delay is calculated as the time difference between when the
packet is received and when it was transmitted, see 2. If the clocks in the receiver and
transmitter are not synchronized in this case the calculation for the one-way-delay will
have a considerable error, assuming that the clocks are not at the same frequency and
started at exactly the same time [11].
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This synchronization can be done in two ways and that is in either passive or ac-
tive ways. The active way involves sending probing packets through the networks which
can measure the desired parameters. So, for clock synchronization, this involves mea-
suring the clock time for the transmitting unit and the receiving unit with the purpose
of synchronizing them against a common clock like the Coordinated Universal Time
(UTC) clock. For the passive approach one does not transmit additional probing packets
across the network but instead relies upon the regular traffic that is sent to perform
the clock synchronization. The passive approach is beneficial since it does not require
the transmission of additional packets through the network, however, this might also
be a drawback since the accuracy might be reduced with the reliance on the regularly
transmitted packets [11].

2.6 Packet delay variation or Jitter

The packet delay variation, often referred to as the jitter, is defined as the difference
between the one-way delay of two consecutive packets. The simple expression for this is
as follows,

Jitter = Delay Packet B −Delay Packet A, (3)

where packet B arrives directly after packet A. Worth noting is that the jitter disregards
any potential loss that might have occurred in the data transmission since it takes
the one-way delay difference of two consecutive received packets. So if packets are
transmitted in the order of packets A, B, and C, the loss of packet B makes the equation
in 3 become, Jitter = Delay Packet C−Delay Packet A. This kind of behavior means
that the jitter can almost be seen as a form of a derivative of the delay with it indicating
how much the delay is changing. The calculation of the jitter can help determine many
properties of a networks behavior. One of the most important of these properties is
when the jitter increases in a network this typically indicates that the queues in the
nodes, i.e. routers or switches, are increasing.

To properly visualize the jitter one must plot it against the received indexes and
not care about the packet number as seen in figure 4, this is in contrast to how the delay
is displayed as seen in section 2.4. What this means is that the jitter must be plotted
against the receiver’s internal counter that counts the order that the packet has arrived
in; so for instance, if packet 1 arrives followed by packet 10 then the received indexes
should be 0 and 1. The reason for plotting the jitter in this way is due to the fact stated
previously where the delay difference between two consecutive packets is what defines
the jitter. So, one can say that the jitter does not care about which order that the
packets should be received in but rather the order that they actually are received in.
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Figure 4: A plot over the jitter against received index for a stream set measurement
that is of a single user 2.4 GHz WLAN with high quality transmission character. More
information about this can be seen in sections 3.1 and 3.2.

As for the delay in section 2.4 a histogram over the jitter in figure 4 can be plotted
as seen in figure 5. However, in the case of the jitter this does not prove to give that
much information since the jitter by its nature will probably be pending around 0 for
the whole transmission, if this would not be the case then the delay would always be
increasing or decreasing in an uncontrolled manner. This behavior makes it so that the
jitter histogram for the entire transmission will almost always also be around 0 as seen
in figure 5.
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Figure 5: A Histogram over the jitter for a stream set measurement that is of a single
user 2.4 GHz WLAN with high quality transmission character. More information about
this can be seen in sections 3.1 and 3.2.

To be able to properly utilize jitter histograms it proves to be much better to use sliding
windows, as talked about in the bandwidth section 2.3, where the histograms are done
on parts of the jitter in figure 4. The result of doing this can be seen in figure 6. In
this kind of a plot, the sliding window captures all the jitter values for a certain time
frame, creates a histogram, and then moves forward with a specific time frame where it
repeats the process. By doing this it becomes easier to see eventual changes in how the
distribution of the jitter and thus how the delay changes over time. However, to be able
to effectively see these changes it is critical that the right window size is chosen; if it is
too large then the histograms becomes less sensitive to rapid changes whereas if it is to
small it might become too sensitive. In a similar manner, the sliding window step size
has to be selected with care. Too large of a step size and critical information might be
missed and too small of a step size might lead to a large number of histograms, making
the plot difficult to interpret and demanding for most computers to process. All of the
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histograms that are created are normalized with regard to how many jitter elements
there are in a specific histogram, thus making the maximum possible value for a jitter
bin equal to one.

Figure 6: Multiple histograms created over the jitter seen in figure 4. Here the sliding
window has a size of 1 second and is moved forward in increments of 1/5 of a second.
Each histogram covers the range of [-100000 100000] microseconds and is segmented into
5000 bins.

2.7 Packet loss

The packet loss can be defined as the packets which are lost when traveling from the
transmitter to the receiver in a packet switched network. As said in section 2.4 the loss
can be seen as a packet with infinite delay, thus the packet will never arrive at its desired
destination. The amount of packet loss can be calculated by taking the number of sent
packets divided by the number of received packets, with a value of 1 indicating that
all packets were successfully received and a value of 0 indicating that all packets were lost.
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There are multiple ways to visualize the loss, but the two ways that will be displayed
here is the Boolean loss and the cumulative loss. The first of these, the Boolean loss,
simply displays if a certain packet has been lost or not. If the packet is lost, then this is
indicated by a 1 and if it has been successfully received then it is indicated by a 0. This
kind of plot is seen in figure 7. For the cumulative loss, this is visualized by a cumulative
sum that increases by 1 in value as soon as a packet is lost and retains its previous value
if a packet is successfully received. An example of how this type of plot can look is seen
in figure 8. With both of these figures being related, they are created from the same
measurement set, one can easily see that when the Boolean loss plot shows a lot of loss
the cumulative loss plot increases in value. When the opposite happens, i.e. little to no
loss is shown in the Boolean loss plot, the cumulative loss plot remains almost constant
in value.

Figure 7: Here the Boolean loss is plotted against packet number for a single user 2.4
GHz WLAN medium quality transmission measurement. More information about this
can be seen in sections 3.1 and 3.2.
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Figure 8: The cumulative loss is plotted against packet number for a single user 2.4
GHz WLAN medium quality transmission measurement. More information about this
can be seen in sections 3.1 and 3.2.

2.8 Duplicated packets

Packet duplication is when the receiver in a packet switched network receives multiple
versions of the same packet. This network behavior is in general not desirable since it
generates superfluous packets at the receiver. The duplication can occur on multiple
stages from the transmitter to the receiver and can be due to anything from the
transmitter thinking that the sent packet has been lost and thus retransmits it, or a
node in the packet switched network retransmits the packet to several other nodes. For
the former of these two possible cases, it can be noted that if UDP is used then duplicate
packets will not be detected, as a side note this is the case in TCP. To visualize the
amount of packet duplication the easiest thing is to plot the number of duplicates for
each packet number as seen in figure 9.
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Figure 9: An example of how packet duplication is visualized. Here the number of packet
duplications is seen for each packet number.

2.9 Reordered packets

An often unwanted feature with transmitting data over large networks with many nodes
is the fact that packet reordering becomes commonplace. Packet Reordering occurs when
the order that the packets are sent in at the transmitter is received in a different order
at the receiver. This phenomenon can for obvious reasons give adverse effects to the
transmission quality. This is especially true for time-sensitive applications where the full
information, i.e the complete packets, during a small time period is needed. The reasons
for packet reordering occurring is many, but one of the primary reasons is when packets
are placed in different queues at a node in a packet switched network. Specifically, the
reorder occurs when a packet that is late is placed in a shorter queue in the node than
the packet which arrived earlier than it. Another common reason for packet reordering is
when the retransmission of a lost packet is performed, it is then natural that this packet
will arrive later and out of order then what is expected at the receiver. In this case, it
can be worth noting that although retransmissions in the nodes can occur UDP will not,
as with duplicate packets in section 2.8, detect lost packets and thus not generate any
retransmissions which lead to reorder. Another big part of reordering comes from the
nature of packet switched networks and how packets take different routes through the
network in order to minimize the load of the network and delay.

With packets being able to arrive at the receiver in different order some kind of way of
classifying the severity of the reorder is needed. For instance, if packets in the following
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sequence [1,2,3,4,5] is sent to the transmitter and received as [5,4,3,2,1] at the receiver
it is obvious that this reordered sequence is a lot worse than if the sequence [1,3,2,4,5]
would have been received, in the latter case packet 2 and 3 are the only reordered packets
instead of all the packets in the former case. One way of classifying the severity of the
amount reordering is known as Reorder Density (RD). By looking at the Reorder Density
one ignores any potential loss or duplicates at the receiving end and instead just focuses
on how many packets are reordered and how much they are out of order. To clarify the
Reorder Density is the normalized, with regards to the number of packets, histogram of
the number of reordered distances. Building upon this the reordered distance can be
either positive, the packet has arrived later than expected, or negative, the packet has
arrived earlier than expected [12].

An example might help to explain the concept of Reorder Density in a clearer way. If the
sequence [1,2,3,4,5] is sent at the transmitter and the sequence [5,3,3,3,1,2] is received
then the initial sequence has been corrupted by duplicates, three versions of packet 3,
and loss, packet 4 is missing. With Reorder Density ignoring both loss and the number
of duplicates this means that the sequence of interest at the receiver is actually [5,3,1,2],
which is the received sequence but with duplicates removed. If this sequence is compared
to the ideal received sequence of [1,2,3,5], where the lost packets have been removed,
one sees the following: Packet 5 has arrived early thus having a reorder-distance of -3,
packet 3 has also arrived early having a reorder-distance of -1, packet 1 has arrived
late with a reorder-distance of +2, and finally packet 2 has also arrived late having a
reorder-distance of +2. From this, the ascending unique reorder-distances are [-3,-1,+2]
with the number of each reorder-distance being [1,1,2]. With these two parameters the
Reorder Density can be calculated by taking the number of each reorder-distance, [1,1,2],
divided by the total number of reorder-distances, 1 + 1 + 2 = 4, thus yielding the Reorder
Density=[1/4,1/4,1/2]. The visualization for just this example can be seen in figure 10.
Worth noting is that in general the total amount of reordered packets will at most be a
couple of percents, meaning that the reorder-distance 0 will have the absolute highest
Reorder Density and representation. So the example figure as seen in 10 should merely
be seen as a way of understanding the concept of Reorder Density. A real example of
how the Reorder Density may look is seen in figure 11.
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Figure 10: The visualization of the Reorder Density example discussed in the packet
reorder section 2.9. The Reorder Density is plotted on the Y-axis and the reorder-distance
is plotted on the X-axis.
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Figure 11: The Reorder Density is plotted against the reorder-distance for a 4G static
”WLAN session” measurement. The reorder-distance 0 has been removed to see the
shape of the Reorder Density in a clearer way.
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3 Set and Session construction

In this section, the steps of how the sets and sessions are constructed are shown. The
various set constructions are discussed first followed by the different session constructions.
All of the later analyzed sets had a total period of 60 seconds, the reason for this was to
have sufficient data to analyze.

3.1 Set construction

To make sure that the data collection for all of the different network types is done in a
systematic and repeatable manner several experiments are constructed with different
characteristics. These experiments are defined as sets and are used to send data over a
given network in a specific way. To achieve this all of the constructed sets use the basis
of varying the bandwidth in different ways. Since the bandwidth can be varied in an
infinite amount of ways, thus resulting in an infinite amount of possible sets, the sets
are constructed in a way that conforms with how the bandwidth often varies in real
life situations. As stated in section 2.3 the bandwidth can be increased in two ways, by
increasing the packet size or by decreasing the intergap time. Out of these two ways of
increasing the bandwidth it proved in practice to be much easier to adjust the bandwidth
by varying the intergap time instead of the packet size, which is why the varying of the
intergap time is exclusively used. The reasoning for varying the intergap time and not
the packet size is due to the MTU in network channels, see the theory section 2.2, which
limits how large a packet can be before it gets fragmented. This makes it so that the
range that one can vary for the intergap time is much larger compared to the packet size,
thus enabling a greater range of variation for the bandwidth. A set is in general broken
up into several time periods where a specific behavior is repeated multiple times. This
section will explain how the different kinds of sets that are used should behave in theory.

3.1.1 Streaming set

The streaming set is a set where the bandwidth is held at a fixed rate during a defined
time period. Using the streaming set, one can see how stable the data packet network’s
transmission ability is when transferring a steady amount of data. The stability can
be examined in an almost ideal way in this case since the transmitting bandwidth is,
in theory, static. A streaming set is in practice constructed by fixing the bandwidth
at either 1 Megabit per second (Mbps), 4 Megabit per second (Mbps) or 8 Megabit
per second (Mbps) for a duration of 60 seconds, see section 3.2.1 for more information.
Worth noting is what is called Discard sets in this report is simply a streaming set that is
later on discarded. The reason for using discard sets is to minimize interference between
the sets that are to be analyzed. The theoretical streaming set for how the 8 Megabit
per second should look like is seen in figure 12.
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Figure 12: A theoretical streaming set with a constant bandwidth of 8 Mbps for a
duration of 60 seconds.

3.1.2 Ramp set

The ramp set is a set where the bandwidth starts at a low value and linearly increases
to a high value for a chosen time period multiple times. It is this linear increase in
bandwidth that creates a bandwidth-ramp. In all of the different ramp sets that are used
the duration of a ramp is always 20 seconds, this is done in order to make any sort of
reasonable comparison between different ramp sets possible. Three bandwidth-ramps are
also always used in one ramp set, which means that the entire set has a total duration
of 60 seconds. The reason for using multiple ramps in one set is to detect how well the
packet switched network can handle the transition from high to low levels of bandwidth
when a new ramp starts. The primary purpose of using ramps is to simulate a steady
increase in traffic over the packet switched network to see how it behaves when it reaches
its eventual bandwidth cap. The entire ramp set can in its theoretical form be seen in
figure 13.
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Figure 13: Here we see a theoretical ramp set where the bandwidth is increased three
times from 100 Kilobit per second (kbps) to 100 Mbps for a duration of 20 seconds. So
the total duration for the entire set is 60 seconds.

3.1.3 Burst set

A burst set is a set where the bandwidth instantly goes to a streaming state with high
bandwidth, and then after a period of time instantly transitions to a streaming state
with low bandwidth, so it functions like a form of square wave. The construction of the
set is done by immediately increasing the bandwidth to a very high bandwidth, maybe
up to 100 Mbps, for a duration of 3 seconds and then reducing the bandwidth to a lower
rate, say 1 Mbps, and keeping it static for 7 seconds. This means that a single burst
has a period of 10 seconds. This behavior is repeated 6 times meaning that the entire
set is a total of 60 seconds long. The reason for having the burst be 3 seconds was to
first see if the network would handle the transition from low to high bandwidth, and
secondly to see if it would stabilize while on this high bandwidth. In a similar manner,
the stream part being 7 seconds was to see how quickly the network would stabilize on a
low bandwidth but also to make sure that the network was in a stable state before the
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next burst. One of the primary reasons for using this set is to emulate the rapid increase
in bandwidth that can occur in a packet switched network when for instance multiple
users suddenly want data simultaneously. These immediate transitions also give, a good
idea of how the packet switched network deals with this sudden extreme increase and
decrease in bandwidth. How this burst set should behave in theory can be seen in figure
14.

Figure 14: The theoretical shape of the burst set is seen here. The bandwidth immediately
goes to 100 Mbps and stays there for 3 seconds before it goes to 8 Mbps where it stays
for 7 seconds. This pattern is repeated 6 times making the set have a total duration of
60 seconds.

3.2 Session construction

To make the experimental structure robust sets are placed in a specific order and repeated
multiple times. Executing the sets one at a time in a specific predetermined order is
therefore defined as a session. Thus, the execution of sets in a predetermined order
multiple times is the same as saying that multiple sessions are executed. Having this
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kind of setup creates the necessary robustness by negating the stochastic effects that
exist in networks, especially in wireless networks, and which might corrupt a running set.
As said in section 3.1 a discard set is simply a stream set which is discarded and is used
to minimize interference between sets. These discard sets are used for just this reason in
all of the constructed sessions. For example, if a ramp set would end with a bandwidth
of 100 Mbps and then be followed by a streaming set that started on 1 Mbps, then in
practice the network would still be under the influence of the data from the ramp set
when the stream set becomes active. The reason for starting all of the defined sessions
on a discard set is because the time synchronization between the client and server needs
a couple of seconds before they become synchronized. As for the packet size, it is set to
11776 bits, or 1472 bytes, in almost all of the sets in order to emulate real circumstances
where it is assumed that the Internet Protocol almost always fills the Ethernet frame,
see section 2.2 for more details. This section is going to discuss how the sessions are
constructed in practice for the different ways of collecting the data. These different ways
of collecting the data are: Single user 5.0 GHz WLAN, single user 2.4 GHz WLAN, and
multiple users 4G.

3.2.1 Single user 5.0 and 2.4 GHz WLAN session construction

For this session the structure as seen in table 1 is used. As seen in table 1 the structure
with discard sets that are mentioned in the main part of this section is used. The only
reason for set 0 being of a longer duration than the other discard sets is to enable the
algorithm for clock synchronization integrated into the transmission protocol to have
the time to start working. As for the ramp sets they are constructed in accordance with
section 3.1.2. The major difference between the ramp sets 1 and 3 is that set 1 has a
packet size of 1472 bytes, equivalent to 11776 bits, whereas set 3 uses a packet size of
740 bytes or 5920 bits. The reason for using these two setups is to test if the network
performance is affected when many small packets are sent instead of fewer larger packets
for the same bandwidth. Using smaller packets than 740 bytes is not done in order
to avoid multiple packets being put into one Ethernet frame, see section 2.2 for more
details. Increasing the bandwidth from 100 kbps to 100 Mbps is done to see how well
the 802.11n protocol, which is the protocol used by the router, is going to perform since
it should, in theory, be able to handle this bandwidth with no problem [13]. Besides the
protocol theoretically being able to handle this bandwidth another reason for putting it
so high was due to the setup being of a single user character. For similar reasons the
burst set, set 5, is constructed with the bandwidth being in the range of 100 Mbps to 8
Mbps. Finally, the steaming sets are used to see how stable the network is when under
a constant load for different bandwidths.
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Table 1: Session construction for the single user 5.0 and 2.4 GHz WLAN setup. The S
notation stands for when a period starts and E stands for when a period ends

Set Set Type Bandwidth structure Intergap time [us] Packet Size [bits] Set duration [s]

Set 0 Discard set S: 1 Mbps E: 1 Mbps S: 11776 E: 11776 11776 10

Set 1 Ramp set S: 100 kbps E: 100 Mbps S: 117760. E: 118 11776 60

Set 2 Discard set S: 1 Mbps. E: 1 Mbps S: 11776. E: 11776 11776 2

Set 3 Ramp set S: 100 kbps. E: 100 Mbps S: 59200. E: 59 5920 60

Set 4 Discard set S: 1 Mbps E: 1 Mbps S: 11776. E: 11776 11776 2

Set 5 Burst set S: 100 Mbps E: 8 Mbps S: 118. E: 1472 11776 60

Set 6 Discard set S: 1 Mbps E: 1 Mbps S: 11776 E: 11776 11776 2

Set 7 Stream set S: 1 Mbps E: 1 Mbps S: 11776 E: 11776 11776 60

Set 8 Discard set S: 1 Mbps E: 1 Mbps S: 11776 E: 11776 11776 2

Set 9 Stream set S: 4 Mbps E: 4 Mbps S: 2944 E: 2944 11776 60

Set 10 Discard set S: 1 Mbps E: 1 Mbps S: 11776 E: 11776 11776 2

Set 11 Stream set S: 8 Mbps E: 8 Mbps S: 1472 E: 1472 11776 60

To visualize how a final data collection process for the bandwidth of one ramp set
defined as set 3 in the session table 1 and when the session is repeated four time one
can look at figure 15. With the same set having been repeated four times it is clear that
the quality of each run can vary quite a lot, thus making it important to repeat each set
multiple times.
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Figure 15: Here the bandwidth of a ramp set of type 3 is executed four times according
to the session structure in table 1.

3.2.2 Multiple users 4G session construction

The 4G session construction is visualized in table 2. The reason for creating this session
was due to the assumption that the 4G network is not going to work as well as the
WLAN networks. By observing this, it is clear that it follows the exact same structure
as the WLAN session, and this is done in order to make comparisons between the two
network types possible. The major difference is that the construction of the 4G session
utilizes sets that have lower bandwidth and longer discard sets. The reason for having
longer discard sets are done to account for the fact that the transmitted packets have to
travel across a larger packet switched network than in the 4G case, thus taking a longer
time to arrive at the destination. Besides this, the bandwidth was lowered in order to
account for multiple users being connected and utilizing the same network. To elaborate
on this 4G can, in theory, transmit 100 Mbps or in some cases even 1 Gbps downlink to
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a receiver; however, with multiple users connected this is probably not achievable.

Table 2: Session construction for the 4G multi user setup. The S notation stands for
when a period starts and E stands for when a period ends

Set Set Type Bandwidth structure Intergap time [us] Packet Size [bits] Set duration [s]

Set 0 Discard set S: 0.5 Mbps E: 0.5 Mbps S: 23552 E: 23552 11776 10

Set 1 Ramp set S: 100 kbps E: 50 Mbps S: 117760 E: 236 11776 60

Set 2 Discard set S: 0.5 Mbps E: 0.5 Mbps S: 23552 E: 23552 11776 4

Set 3 Ramp set S: 100 kbps E: 50 Mbps S: 59200 E: 118 5920 60

Set 4 Discard set S: 0.5 Mbps E: 0.5 Mbps S: 23552 E: 23552 11776 4

Set 5 Burst set S: 50 Mbps E: 1 Mbps S: 236 E: 11776 11776 60

Set 6 Discard set S: 0.5 Mbps E: 0.5 Mbps S: 23552 E: 23552 11776 4

Set 7 Stream set S: 1 Mbps E: 1 Mbps S: 11776 E: 11776 11776 60

Set 8 Discard set S: 0.5 Mbps E: 0.5 Mbps S: 23552 E: 23552 11776 4

Set 9 Stream set S: 4 Mbps E: 4 Mbps S: 2944 E: 2944 11776 60

Set 10 Discard set S: 0.5 Mbps E: 0.5 Mbps S: 23552 E: 23552 11776 4

Set 11 Stream set S: 8 Mbps E: 8 Mbps S: 1472 E: 1472 11776 60

In a similar manner to how a bandwidth ramp set of type 3 was plotted in the WLAN
session section 3.2.1 a plot under the same presumptions but using the 4G session
structure as seen in table 2 can be seen in figure 16.
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Figure 16: Here the bandwidth of a ramp set of type 3 is executed four times according
to the session structure in table 2.
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4 Data collection

In this section, an explanation of how the data was collected in a practical sense for
different packet network types is presented. An important factor to state is that when the
data was collected in all cases the time synchronization was always performed in an active
manner, as defined in section 2.5. Furthermore, all of the receivers and transmitters
were configured to use IPv4, so there is a high probability that all of the packets only
used IPv4 and not IPv6 when traveling through the entire network.

4.1 Single user 5.0 and 2.4 GHz WLAN data collection

In the 5.0 and 2.4 GHz WLAN single user setup, the collection of the data used three
things: A server, a router, and a client. In this setup the server was a MacBook Air
from early 2015, the router was an ASUS RT-AC68U dual-band 802.11ac Gigabit router,
and the client was an iPad mini 2 with model number: ME276KS/A. With this setup,
the server functioned as the transmitter by sending data through Ethernet to the router
which then forwarded the data by the use of either 2.4 or 5.0 GHz WLAN to the client.
The visualization of this system can be seen in 17 where the clock in the figure indicates
that the server and the client have synchronized clocks. By only allowing the client to
be the sole user connected to the router over either 2.4 GHz or 5.0 GHz this meant that
interference from other users was greatly reduced. So, in other words, the dual-band
technology of the router was never utilized. Thereby this setup allowed interference,
if there was any, to be generated almost primarily in the radio transmission from the
router to the client since the robust Ethernet connection between the server and router
was highly unlikely to cause interference. Although the router could send data using the
802.11ac protocol the iPad mini 2 could not operate under this protocol, so in both the
2.4 GHz and 5.0 GHz setups, the 802.11n protocol was used. For all of the collected data
that used the 5.0 GHz setup, the channel bandwidth was always set to 80 MHz whereas
in the 2.4 GHz setup the channel bandwidth was always set to 40 MHz. This was the
maximum channel bandwidth that could be used by the router for both frequencies and
it was selected to have the capabilities to transmit as much data as possible. However,
this larger channel bandwidth might increase the number of disturbances due to covering
a greater frequency spectrum.
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Figure 17: A simple scheme for a single user WLAN setup. Here the server sends data
through Ethernet into a 5.0 or 2.4 GHz WiFi router that relays the data to the client.
The clock indicates that the server and the client have synchronized clocks.

For the actual data collection, there were in total three different types of locations used
where the position of the client was changed. These locations were locations where
the transmission quality of the data was determined to be either of high, medium or
low quality. Here the high-quality location was defined as where there were almost no
packet losses even when a high amount of packets were being transmitted (up to 100
Mbps). The primary reason for collecting data from this kind of location was to have
reference data that indicated what the next to an ideal state of the packet network
would look like. The medium quality location was defined as where there was no trouble
transferring data except for when larger amounts (up to 100 Mbps) were sent. By
gathering data from this kind of location one could start to observe how the network
behaved when the transmission started to struggle for high bandwidths. Finally, the low
quality location is defined as where the connection between the client and the router is
so bad that it almost disconnects. The main purpose of using the low quality location
was to clearly see when the packet networks ability to transmit data transitioned from a
low packet loss state, where the transmitted bandwidth was low (10 Mbps or less), to a
high packet loss state, where the transmitted bandwidth could go up to 100 Mbps. With
the transmission quality varying significantly at each of these locations the behavior of
the packet switched network could then be determined by the utilization of sets. Since
2.4 and 5.0 GHz WLAN operates differently it is only natural that the same physical
location could not always be used when trying to achieve the various states with different
transmission qualities.

The first location used when collecting data with both the 2.4 and 5.0 GHz WLAN types
had the receiver placed less than a meter away from the transmitter with nothing in
between the router and the client, thus the transmission is of a high quality. This is
the only location that both the 2.4 GHz and 5.0 GHz WLANs could use and, in this
case, the theoretical link layer transmission from the router to the client is 144.4 Mbps
for 2.4 GHz and 300 Mbps for 5.0 GHz. For the medium quality location, the client is
placed in two different physical locations. In the 2.4 GHz case, it is placed at roughly
10 meters away from the router, with no physical walls between the router and client,
making the theoretical link layer transmission from the client to the router 117 Mbps.
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In the 5.0 GHz case the iPad is placed at roughly 20 meters away from the router, where
there were some thin physical walls between the router and client; in this location, the
theoretical link layer from the router to the client is 81 Mbps. As for the low quality
locations, they followed a similar pattern as the medium quality locations. For the 2.4
GHz case the client is placed at roughly 15 meters away from the router, with some thin
walls in between; at this location, the theoretical link layer transmission from the client
to the router is 54 Mbps. In the 5.0 GHz case the client was instead placed at roughly
15 meters away but at a floor above, thus reducing the power of the transmitted router
signal greatly; at this location, the theoretical link layer transmission from the router to
the client is 54 Mbps.

4.2 Multiple users 4G data collection

In the 4G setup, the controllable parts of the multiple user setups consist of a server
and a client. Here the server is a Mac mini 7,1 and the client is an iPad 4 with model
number MK732KN/A, the iPad mini 2 in the WLAN setup is not used since it does not
have the capabilities to connect to the 4G network. In this setup, the server transmits
packets over Ethernet into a packet switched network, which then carries the packets to
a 4G station that forwards the packets to the client. This setup can be seen in figure 18
in its simplified form. With this setup it is clear that it is difficult to predict what will
happen to the transmitted packets while they are traveling to the receiver, especially if
compared to the WLAN setup in section 4.1. The primary causes of why it is difficult to
predict what will happen to the transmitted data are due to the structure of the packet
switched network and the multiple user setups. The problem with the packet switched
network is that it contains multiple nodes, of which there are minimal to no information
about. Following this, the multiple user setups further complicate things since there is
no information about these users.
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Figure 18: A simple scheme over a 4G network setup. Here the server sends data through
a packet switched network and then 4G base station to reach the client. The clock
indicates that the server and client have synchronized clocks.

With the WLAN single user data collection in section 4.1 using the location types high,
medium, and low transmission quality to class different locations for measurements this
system is not as efficient in 4G networks. This is primarily because little information is
known about what kind of conditions the 4G network works under as a whole. Because of
this the terms to classify the location where the measurements are done is instead replaced
with if the measurements were done while moving or while being stationary. The reason
for using these two locations types was because information about other parameters
was low or none existing, additional information was attempted to be gathered from the
network operator, but this was unsuccessful. For the stationary case, the data was in
general collected in areas where there were a lot of people but also a lot of coverage, for
instance, different city centers in Stockholm was used. For the moving case the data was
instead collected while driving on the highway around central city parts in Stockholm,
thus the coverage was most likely dense and the number of people not as many as in
the stationary case. This meant that these kinds of measurements show a general trend
of how 4G transmission works over a wireless network instead of specific details in the
network.

33



5 Data visualization

In this section, the most important aspects of how the data visualization is done are
presented.

5.1 Superimposed visualization

This section has the purpose of explaining how different types of plots are superimposed
on an already existing plot. This is done in order to get a clearer visualization with the
purpose of making it easier to analyze the collected and processed data.

5.1.1 Superimposed cumulative loss

To properly visualize how well a network handled a specific kind of UDP transmission,
such as an aggressive ramp set, a cumulative loss as defined in section 2.7 is superimposed
upon various plots. This loss is scaled in such a manner that the maximum value of the
cumulative loss is equivalent to the maximum value of the original plot. An important
note is that this scaling of the cumulative loss is only a representation of when the loss
occurs and not how much loss actually occurs. Superimposing the cumulative loss in this
manner is particularly useful in bandwidth and delay figures. However, a problem occurs
when one tries to superimpose the cumulative loss over figures that are plotted against
the received time, as the bandwidth is, instead of packet number that the cumulative
packet loss is. This gives rise to the need of plotting the cumulative loss against the
received time, which means that an interpolation of the time for when the lost packets
should have been received is estimated; thus, linear interpolation is used to achieve
this. An example of how the result of this superimposed interpolated cumulative loss
against the bandwidth is visualized is seen in figure 19. When the cumulative loss is
superimposed on, for example, the delay this interpolation is not necessary since it is
plotted against the packet number. A plot of the delay of the bandwidth in figure 19
with the same superimposed cumulative loss can, therefore, be seen in figure 20.
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Figure 19: Here an example of the measured bandwidth plotted against the received
time with a cumulative loss superimposed on it is visualized.
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Figure 20: In this plot, an example of how the measured delay is plotted against the
packet number with a cumulative loss superimposed on it is seen.

5.1.2 Superimposed theoretical bandwidth

To get a clear visualization of how the bandwidth measures up against its theoretical
state, the ideal values are projected upon the measured bandwidth. So, the theoretical
sets as defined in section 3.1 are superimposed on the respective sets that are defined in
the session construction session 3.2. To see a plot that contains both a superimposed
cumulative loss and a superimposed theoretical bandwidth the bandwidth plot in figure
19 with an added theoretical bandwidth is seen in figure 21
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Figure 21: This plot shows an example of the bandwidth plotted against the received
time with both a cumulative loss and the ideal theoretical bandwidth for this ramp set
superimposed on it.

5.2 Mean visualization

To properly visualize how a set that has gone through multiple session iterations be-
haves, as seen in figures 15 and 16, a merging of all the repetitions of the set into one
measurement is necessary. To perform this merging, the mean of all of the set’s values
during a specific time period has to be calculated. In order to achieve this, a sliding
window similar to the one defined when discussing the bandwidth in section 2.3 is used.
What this does, is that the sliding window captures all of the data values during a
specific time period, which in the mean visualization is 1 second, and then steps over
the rest of the data with a specific step, this step is for the mean visualization 1 second.
The only exception to where this is not the case is when the mean is created for the
cumulative loss; in this case, the last value in each time window for each repetition
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is instead summarized, this is simply done because only the last value is of interest
in this case. So, in practice, all of the data in a time window is captured for all of
the repetitions of a set, summarized and then divided by the number of repetitions
containing values. This division with the number of repetitions is thereby dynamic,
meaning that if a repetition performs so badly that the connection is terminated while
the measurement is still supposed to be operating, then the division of the mean will
not use this repetition where there are missing values. An example of this, would
be if the mean of the bandwidth for a specific set is to be calculated for 4 collected
measurements that are supposed to be active for 60 seconds each, but only one of these
measurements are active for the first 30 seconds. In this case, the sum of all of the
values would be divided by 4 for the first 30 seconds and then by 3 for the next 30 seconds.

The reason for using a sliding window is due to the fact that loss can occur at any point,
thus making a direct comparison of the same set that has been repeated multiple times
difficult. To visualize how the mean of multiple repetitions of the same sets looks, the
example plot seen in figure 15 from section 3.2.1 is used. In this plot, the bandwidth for
a ramp set is repeated four times, thus creating a 3D plot. The mean representation of
this plot with the superimposed theoretical bandwidth, as defined in section 5.1, and
the mean of the superimposed cumulative loss is seen in figure 22.
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Figure 22: In this figure, the visualization of the mean for the bandwidth of a ramp set
that has been repeated four times is shown when a sliding window is used to capture
the bandwidth. The figure also contains a superimposed theoretical bandwidth and the
mean of a superimposed cumulative loss.

To see some of the problems that can occur when calculating the mean of the cumulative
loss figure 23 is used. In this figure, it is very clear that there are dips in the cumulative
loss, i.e. places where it decreases in value. This phenomenon, should obviously not be
possible since the cumulative loss always should either retain its current value or increase
in value. What happens though when these dips occur, is that one of the repetitions
that the mean is performed over ceases to have values, which is due to the connection
being terminated as explained earlier. Although, it may seem that the dynamic division
in the mean calculation should stop this kind of dip to occur, which it in the case of the
bandwidth does to a large degree, this is not the way it is for the cumulative loss. The
reason for this, is due to the transmission terminating while a measurement is active, thus
all of the packets that are still trying to be sent for the remainder of the measurement
are counted as lost packets. This behavior creates a massive amount of loss prior to the
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connection being terminated. So, the reason for the dip in the cumulative loss can be
said to come from the rapid increase in loss preceding the dip. Another important thing
to discuss regarding the mean creation, is how the mean loss percentage is calculated.
This percentage is simply calculated by first calculating the loss percentage for each set
individually, which is done by taking the number of packets that are received divided
by the number of packets that should have been received in the ideal case. When this
percentage has been calculated for each execution of the set, they are added together
and then divided by the number of executions.

Figure 23: In this figure, the visualization of the mean for the cumulative loss of a ramp
set that has been executed four times is shown when a sliding window is used to capture
the loss. The mean loss percentage is 92.28 percent in this case.
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6 Network analysis

In this section, the results of the measurements, i.e. the data collection, that have
been processed is displayed and analyzed. To create a comprehensive analysis, different
network behavior will be analyzed separately. Therefore, the network behaviors that
are examined are as follows: Network performance and behavior for different packet
sizes, network performance with constant bandwidth, behavior and visualization of
multiple jitter histograms, and packet duplication and reorder behavior. For most of
these network behaviors, they will first be examined for each network type separately
and then compared against each other.

With all of the data having been collected as described in sections 4.1 and 4.2 it
is important to state that the time synchronization between the client and the server
has a measurement error, as described in section 2.5. For the WLAN case, the clock
synchronization had at most a measurement error of 2 ms whereas for the 4G case the
error was at most 10 ms. Although this measurement error could most definitely have an
effect on a specific measurement it is worth to state the fact that the general trends of
how the different wireless networks behave are what is analyzed. Thus, the measurement
error can to a large degree be seen as something that will not affect the overall analysis.

The vast majority of the figures in this section contains superimposed and mean visu-
alized plots as seen in section 5. The superimposing is primarily used to get a clearer
visualization of how the network performs under the given circumstances against how
well it should perform. In a similar manner, the mean visualization is done to remove
some of the randomnesses that can occur in radio networks while also giving a clearer
picture of possible trends that might exist. An important note is that this randomness in
wireless networks makes it difficult to create an extremely precise analysis. Although, this
effect can be negated by repeating a specific set many times this requires a tremendous
amount of data to be collected. Due to this fact, the data in the discussed topics in
this section are collected when a session structure is repeated 3 times, thus resulting
in a total of 4 executions of a specific measurement. The session structures used are
always as defined in section 3.2 with the sets used in them always following a structure
described in section 3.1.

6.1 Network performance and behavior for different packet sizes

In this section, an analysis of how the 2.4 GHz, 5.0 GHz, and 4G networks behave for
different packet sizes are shown. The packet sizes 740 bytes and 1472 byte as defined
in set 3 and set 5 in sections 3.2.1 and 3.2.2 are examined. This examination is done
for various transmission qualities in the WLAN cases and under different transmission
circumstances for 4G to get a good look at how the packet sizes affect the ability to
transport data, to read more about why just these packet sizes are selected see section
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3.2.1. In the case when there is no difference in performance between the two packet sizes
one should expect that there are roughly twice as many packets lost when transmitting
with a packet size of 740 bytes. This is due to the fact that roughly twice as many
packets have to be sent in order to reach the same bandwidth as when a packet size of
1472 bytes is used. To draw any conclusions about the performance and behavior of the
network the bandwidth and then the cumulative loss followed by the delay for these sets
are examined. For the entire analysis ramp sets are used, this is done because these sets
show in a clear manner how the various networks behave when put under an increasing
amount of strain. Worth noting is that the use of ramp sets is not an entirely realistic
way of increasing the bandwidth in real networks. Yet, as stated before, they are still
used since they give a clear picture of how the networks behave before they go into a
poor transmission state with high loss. The use of different set setups in the session
structures for WLAN and 4G makes a precise comparison between WLAN and 4G
difficult. This is because the ramp sets go from [100 100000] kbps in the WLAN session
structure whereas they go from [100 50000] kbps in the 4G session structure. This means
that the ramp sets increase at a rate of roughly 5 Mbps and 2.5 Mbps respectively, thus
making the ramp sets used in the different setups fundamentally different. Although,
this is a problem a comparison is still performed. The analysis is first done for each
network type separately and then a comparison between them is performed.

6.1.1 Single user 5.0 GHz WLAN

The mean of the measured bandwidth for the single user 5.0 GHz WLAN setup ramp sets
with different packet sizes and transmission qualities are seen in figure 24. In this figure,
it is not apparent that there is any major difference in transmission capabilities for the
different packet sizes. If one looks at the high quality transmissions for the different
packet sizes the measured bandwidth is almost exactly matched with its theoretical
version when the packet size is 1472 bytes. This is not the case when the packet size is 740
bytes which might indicate that this packet size performs worse; however by examining
the original plot that the mean is created from as seen in figure 47 in the appendix it
becomes clear that the last repetition of the set has a large number of disturbances. This
disturbance shows the unpredictability of WLAN networks, where even though the ideal
location is used for collecting data this amount of disturbance can still occur. For the
medium quality transmissions, the mean of the measured bandwidths almost reaches its
theoretical equivalent when both packet sizes are used. The low quality transmissions
behave in a similar manner for both packet sizes with the measured bandwidth not being
quite able to reach the desired bandwidth. An interesting observation is that all of the
different setups seem to follow the theoretical bandwidth until the bandwidth becomes
too high. The cumulative loss also behaves, for most of the plots, in an expected manner
with it increasing when the bandwidth reaches high values and remaining constant in
value when the bandwidth is low.
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Figure 24: In this plot we see the mean of the measured bandwidth plotted for different
ramp sets, packet sizes, and transmission qualities when single user 5.0 GHz WLAN
is used. The mean of the measured bandwidth for each sub-plot is plotted against its
theoretical ideal value with its corresponding cumulative loss superimposed upon it.
Here the top sub-plots are of a packet size of 1472 bytes whereas the bottom row has
a packet size of 740 bytes. The transmission qualities go in both the top and bottom
row from high to low from left to right. In all of the sub-plots, the Y-axis goes from
[100 100000] kbps and the X-axis is dynamic for all sub-plots going from roughly [0 60]
seconds depending on how long of a time it took to receive all of the data. The legend
for all of the sub-plots is seen in the top right sub-plot.

To see which packet size performs the best under different circumstances the cumulative
loss as seen in figure 25 has to be examined. This examination will have, as for the
bandwidth, be done for each transmission quality separately. To help with this table 3
containing additional information is used. If one looks at the high quality transmissions
there is a lot more loss when a packet size of 740 bytes is used instead of 1472 bytes, to
be more exact 118100 against 14080 packets are lost. This is not that strange and is
probably due to, as explained when the bandwidth was discussed, the fact that one of
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the repetitions of this set contains a large amount of disturbances. This, in turn, causes
a massive difference in the total mean loss percentage where the transmission with a
packet size of 1472 bytes has 2.86% loss and the transmission with a packet size of 740
bytes has 24.72% loss. For the medium quality transmissions, it seems as if there is
almost twice as many packets lost when a packet size of 740 bytes is used compared
to when a packet size of 1472 bytes is used. That is 62620 packets are lost compared
to 29700 packets which gives the loss percentages 12.610 % and 11.810 % as seen in
table 3. In a similar manner, the low quality transmissions also give roughly twice as
many packets lost when a packet size of 740 bytes is used compared to a packet size
of 1472 bytes. This is seen in table 3, where the amount of lost packets for the respec-
tive case is 160300 and 68770 and the loss percentages are 31.82% and 29.09% respectively.

With this information, there are a couple of things that can be stated. The first
of these are that it is the medium and low quality transmissions that are of most interest
to examine since the high quality transmission with a packet size of 740 is less than
ideal. For the medium and low quality transmissions, it seems as if transmitting with a
packet size of 740 bytes results in a little bit more than twice the amount of packets
lost than when a packet size of 1472 bytes is used. Although this is a lot it does not
say that much about the overall performance of the different packet sizes, instead, it
is the percentages that have to be examined. What they display is that sending data
with a packet size of 740 bytes seems to be slightly worse than when transmitting with
a packet size of 1472 bytes. However, this difference is just a couple of percent for the
same transmission quality when the different packet sizes are used, thus making it hard
to say for certain which packet size is better to transmit with. What can be said however
is that for the packet size of 740 bytes there seem to be more dips in the cumulative
loss, indicating that there is more trouble transmitting with this packet size.
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Figure 25: This plot shows the mean cumulative loss sub-plots for the respective mean
bandwidth sub-plots as defined in figure 24. The Y-axis of all the sub-plots have the
same scale with it going from [0 200000] packets lost. In a similar manner, the X-axis is
dynamic for all sub-plots going from roughly [0 60] seconds depending on how long of a
time it took to receive all of the data. The legend for all of the sub-plots is seen in the
top right sub-plot.
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Table 3: Table over the mean loss percentages, represented as Loss percentage for their
respective sub-plot as defined in figure 25. The Packets lost here is the maximum amount
of loss that occurs in each specific case, this value gives the best representation for when
the network behaves the worst, see section 5.2 for more info. PS is equivalent to Packet
Size

High quality, PS=1472 bytes Packets lost: 14080 Loss percentage: 2.86
Medium quality, PS=1472 bytes Packets lost: 29700 Loss percentage: 11.80

Low quality, PS=1472 bytes Packets lost: 68770 Loss percentage: 29.09
High quality, PS=740 bytes Packets lost: 118100 Loss percentage: 24.72

Medium quality, PS=740 bytes Packets lost: 62620 Loss percentage: 12.60
Low quality, PS=740 bytes Packets lost: 160300 Loss percentage: 31.82

Instead of just looking the performance of the 5.0 GHz network it is also of interest to
examine the network’s behavior before loss starts to occur. Therefore the mean delay
seen in figure 26 for the mean bandwidths in figure 24 is examined. Once again, the
high transmission qualities for different packet sizes are analyzed first. When the packet
size of 1472 bytes is used for this quality it is clear that the delay remains at a low level,
going up to a maximum of 48 ms, especially compared to the delay when a packet size
of 740 bytes is used. In this case, the delay can go up to 1088 ms at most, which as
explained with the bandwidth and cumulative loss is probably due to a large number
of disturbances. Because of this, it is of more interest to examine the medium and low
quality transmissions. For the medium quality transmission both of the figures with the
different packet sizes seem to have the same shape and almost the same magnitude with
the packet size of 1472 bytes having a higher delay. To be more exact the maximum
delay when the packet size 1472 bytes is 560 ms and when the packet size is 740 bytes
the maximum delay is 318 ms. What is more interesting however is the fact that when
the delay increases in both of these plots it takes a while before loss starts to occur,
from looking at the plot it seems to be between roughly 1 to 2 seconds. In a similar
manner, it appears as if the low quality transmission also has this behavior, and that
the time from when the delay increases to loss is also roughly between 1 to 2 seconds.
Something that is also similar to the medium quality transmission for the low quality
transmission is that the size of the delay when a packet size of 1472 bytes is used is once
again bigger, with it having a maximum value of 878 ms. This is in contrast to when the
transmission with a packet size of 740 bytes is used with its maximum value being 495 ms.

The high quality transmission plots for both packet sizes does not give that much
information due to the disturbances when a packet size of 740 bytes is used and due to
the low delay, compared to the other plot, when a packet size of 1472 bytes is used. By
looking at both the medium and low quality plots there are some interesting observations
that can be discussed. The first of these are that when a packet size of 1472 bytes is
used the shape, i.e. the areas encompassing where the delay increases and decreases,
seems to be more clearly defined and the delay appears to be larger in value than when
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a packet size of 740 bytes is used. However, the second observation with the cumulative
loss increasing after the delay has increased rapidly for a period of time, roughly 1 to 2
seconds, seems to be the same in all of the medium to low quality plots. This observation
is probably due to the buffer in the WLAN router being filled with so many packets
that a queue is formed, thus causing some packet to arrive late and others to be lost.
The packets becoming lost can either be due to the buffer queue being flushed by the
router or due to the buffer queue being too full, obviously, both of these can be true at
the same time as well. Furthermore if one looks at the medium and low transmission
qualities it appears like the delay increases when the transmission quality becomes
worse, although this increase seems to be much more prominent when the packet size is
1472 bytes. The reason for this increase in delay can most likely be attributed to the
router attempting to retransmit packets that are lost. This means that the router has a
retransmission protocol that it uses which causes some packet to arrive late since they
have been retransmitted. Thereby UDP cannot be blamed for any retransmitted packets
since it does not utilize any retransmission. Another thing which seems to happen when
the transmission quality gets worse is that in the 740 bytes case the shape of the delay
gets less defined and more sporadic.
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Figure 26: This plot shows the mean delay sub-plots for their respective mean bandwidth
sub-plots as defined in figure 24. The cumulative loss sub-plots as defined in figure 25
have also been superimposed on their respective sub-plot. The Y-axis of all the sub-plots
have the same scale with it going from [0 1.2] seconds. In a similar manner, the X-axis
is dynamic for all sub-plots going from roughly [0 60] seconds depending on how long of
a time it took to receive all of the data. The legend for all of the sub-plots is seen in the
top right sub-plot.

6.1.2 Single user 2.4 GHz WLAN

The mean bandwidth for single user 2.4 GHz WLAN with different transmission qualities
and for different packet sizes can be seen in figure 27. By observing the various sub-plots
it seems that when the same transmission quality but different packet sizes are used
then the received bandwidth is almost identical. Thus, it is difficult to see any major
performance difference for the same packet size by just looking at the bandwidth. What
can be said for both packet sizes is that the bandwidth for the high quality transmission
appears to follow the shape of the theoretical values better even for low bandwidths
when compared to the medium and low quality bandwidth transmissions. When it comes
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to the cumulative loss it seems to behave as expected, being constant in value when the
bandwidth is low and increasing in value for high bandwidths, for the high and medium
quality transmissions. If this is the fact in the low quality case is harder to say.

Figure 27: In this plot we see the mean of the measured bandwidth plotted for different
ramp sets, packet sizes, and transmission qualities when single user 2.4 GHz WLAN
is used. The mean of the measured bandwidth for each sub-plot is plotted against its
theoretical ideal value with its corresponding cumulative loss superimposed upon it.
Here the top sub-plots are of a packet size of 1472 bytes whereas the bottom row has
a packet size of 740 bytes. The transmission qualities go in both the top and bottom
row from high to low from left to right. In all of the sub-plots the Y-axis goes from
[100 100000] kbps and the X-axis is dynamic for all sub-plots going from roughly [0 60]
seconds depending on how long of a time it took to receive all of the data. The legend
for all of the sub-plots is seen in the top right sub-plot.

To further analyze the performance the cumulative loss is examined separately. This is
done by using figure 28 and table 4. If the high quality case is examined first for the
different packet sizes the transmission with a packet size of 740 bytes has a little bit
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more than twice as many packets lost, 228700 packets against 99630 packets. This is
reflected in the loss percentage as well with there being 5.00% more loss for the lower
packet size. For the medium quality transmission, it is visible in the plot that when the
lower packet size is used there is a dip in the loss at the end. This is an indication that
the transmission during some of the repetitions of the set struggled to perform in an
ideal manner as explained in section 5.2. Besides this, the packets lost when a packet
size of 740 bytes is used are less than double the amount of the packets lost when a
packet size of 1472 is used. This is also seen by examining the loss where the packet
size of 1472 bytes has a loss of 77.25% and the packet size of 740 bytes results in a loss
percentage of 73.58%. The same trends stated for the medium quality transmissions
can be seen in the low quality transmission. The first one of these is that when the low
quality transmission is used it appears like the dips increase for the 740 bytes packet
size case. The same trend can be said for the 1472 bytes case; however, the dips do not
seem to be as severe. What also is seen is that the packet size of 740 bytes gives less
than twice the amount of packet loss compared to the 1472 bytes packet size case. Both
of these packet sizes still generate a tremendous amount of loss with a packet size of 740
bytes generating 92.28% loss and a packet size of 1472 bytes a loss of 93.44 %.

What can be said from the result of all of these plots is that a general trend is hard to
establish, as seen by the packet size of 1472 bytes outperforming the packet size of 740
bytes when the transmission quality is high but underperforming for the other trans-
mission qualities. However, there seems to be a trend when one examines the low and
medium quality transmissions for the packet size of 740 bytes. In this case, the sudden
termination of a transmission of a measurement appears to be more commonplace thus
resulting in more sharp dips in the cumulative loss. This indicates that the transmission
is not as stable as when a packet size of 1472 bytes is used, however, this trend could
also just be a coincidence.
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Figure 28: This plot shows the mean cumulative loss sub-plots for the respective mean
bandwidth sub-plots as defined in figure 27. The Y-axis of all the sub-plots have the
same scale with it going from [0 400000] packets lost. In a similar manner, the X-axis is
dynamic for all sub-plots going from roughly [0 60] seconds depending on how long of a
time it took to receive all of the data. The legend for all of the sub-plots is seen in the
top right sub-plot.
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Table 4: Table over the mean loss percentages, represented as Loss percentage for their
respective sub-plot as defined in figure 28. The Packets lost here is the maximum amount
of loss that occurs in each specific case, this value gives the best representation for when
the network behaves the worst, see section 5.2 for more info. PS is equivalent to Packet
Size

High quality, PS=1472 bytes Packets lost: 99630 Loss percentage: 40.18
Medium quality, PS=1472 bytes Packets lost: 189100 Loss percentage: 77.25

Low quality, PS=1472 bytes Packets lost: 235500 Loss percentage: 93.44
High quality, PS=740 bytes Packets lost: 228700 Loss percentage: 45.25

Medium quality, PS=740 bytes Packets lost: 359000 Loss percentage: 73.58
Low quality, PS=740 bytes Packets lost: 390800 Loss percentage: 92.28

To examine the behavior of the 2.4 GHz setup the mean delay sub-plots, as seen in figure
29, for their respective mean bandwidth sub-plots, as seen in figure 27, are examined.
The delay sub-plots also have the cumulative loss sub-plots in figure 28 superimposed on
them in order to more clearly see trends. If the high quality plots are examined first for
different packet sizes a couple of things can be observed. The first is that when a packet
size of 1472 bytes is used the delay tends to go up to higher values than when a packet
size of 740 bytes is used. For instance, the maximum value of the delay when a packet
size of 1472 bytes is used is 690.2 ms whereas it is 351.6 ms for a packet size of 740 bytes.
The second thing that can be observed is that the cumulative loss starts to increase in
value after the delay has increased rapidly for a period of time, in fact, it looks like it is
around 1 to 2 seconds before loss starts to occur. Besides this, it also looks like the shape
of the delay for both packet sizes are really similar. For the medium quality transmission,
the same things stated for the high quality transmission appears to be true. The first of
these is that the delay is higher when a packet size of 1472 bytes compared to a packet
size of 740 bytes is used, 2296.00 ms against 2077 ms. The same phenomenon with the
cumulative loss also seems to hold true, where the cumulative loss starts to increase 1 to
2 seconds after the delay has started to increase rapidly. Lastly, the shapes seem to be
quite similar between the different packet sizes with the shape of the packet size 1472
being slightly more stochastic. For the low quality transmission, there appears to be
a clear trend shift when compared to the high and medium quality transmissions. For
instance, the magnitude of the delay is massively increased for both packet sizes with the
Y-axis going up to 25 seconds. This means that the maximum value for the delay when
a packet size of 1472 bytes is used is 24360 ms while it is 20480 ms when the packet
size of 740 bytes is used. Furthermore, the trend with the cumulative loss is also not
seen in the low quality case for both packet sizes, nor is the shape similarity between them.

By looking at all of the delay plots in a synoptic manner it is clear that the low
quality transmission is widely different from the other transmission qualities. This means
that for the medium and high quality transmissions the trend appears to be that a packet
size of 1472 bytes generates a higher delay compared to a packet size of 740 bytes when
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the transmission over the network is at a higher rate than it can handle. Furthermore,
it seems as if the shape of the delay under the low and medium transmission qualities
become less clearly defined when the quality deteriorates. If one looks at all of the
transmission qualities it appears like the delay increases when the transmission quality
deteriorates, this is especially seen in the low quality case. The reason for this increase
in delay with deteriorating transmission quality is probably due to the same reasons as
discussed in section 6.1.1 about single user 5.0 GHz WLAN where it is about the router
retransmitting packets. The phenomenon with the cumulative loss increasing 1 to 2
seconds after the delay has started to rapidly increase is seen for both packet sizes when
the transmission quality is of high or medium quality. An explanation for this is most
likely due to the buffer queue in the router becoming full and thus packets are discarded
as explained in section 6.1.1 about single user 5.0 GHz WLAN.
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Figure 29: This plot shows the mean delay sub-plots for their respective mean bandwidth
sub-plots as defined in figure 27. The cumulative loss sub-plots as defined in figure 28
have also been superimposed on their respective sub-plot. The Y-axis of the high and
medium quality plots have the same scale with it going from [0 2.5] seconds whilst the
low quality scale goes from [0 25] seconds. The X-axis is dynamic for all sub-plots going
from roughly [0 60] seconds depending on how long of a time it took to receive all of the
data. The legend for all of the sub-plots is seen in the top right sub-plot.

6.1.3 Multiple users 4G

The transmission circumstances in the 4G case are divided up into stationary and moving
measurements, as defined in the data collection section 4.2.

To look at the performance the bandwidth seen in figure 30 is examined first. If
the stationary case is looked at first it seems like the received bandwidth is very similar
in shape and behavior for both packet sizes. It also appears like the bandwidth is really
poor at following the theoretical ideal values besides the initial ramp. Another thing that
is in common for both packet sizes it that the cumulative loss also appears to behave in a
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similar manner. For the moving case, the bandwidth appears to perform better, i.e. get
closer to the theoretical values, when a packet size of 1472 bytes is used compared to 740
bytes. For both packet sizes, the bandwidth seems to follow the shape of the theoretical
values while the shape cumulative loss is quite different for the different packet sizes.

What seems to be visible when one compares the stationary case to the moving case
is that the moving case appears to perform better than the stationary case when the
packet size is 1472 bytes. This same behavior is not quite as visible for the packet size
of 740 bytes. For both packet sizes, the moving case appears to follow the theoretical
bandwidth in a better manner. The reason for this being the case is probably due
to there having been less traffic over the 4G network when the moving measurements
were performed compared to the stationary measurements. This is not that strange
considering that the stationary measurements were done in Stockholm’s city centre in
the middle of the day, thus a high amount of people were probably using the used base
stations/station causing them to be under heavy load most of the time and thereby not
being able to prioritize the transmission to one user specifically.
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Figure 30: In this plot, the mean bandwidth is plotted for different transmission circum-
stances and packet sizes with the respective cumulative loss and the ideal theoretical
behavior superimposed. The first column contains the plots that are done when mea-
surements are collected under stationary conditions while the second column contains
the plots done under moving circumstances. The top row is where the packet size is 1472
bytes and the bottom row is where the packet size is 740 bytes. The X-axis is dynamic
for all sub-plots going from roughly [0 60] seconds depending on how long of a time it
took to receive all of the data, while the Y-axis goes from [100 50000] kbps. The legend
for all sub-plots is visualized in the top right sub-plot.

To further analyze the performance of the 4G networks the mean cumulative loss is
examined. This cumulative loss is examined by the help of figure 31 and table 5. If the
stationary case is examined first the number of packets that are lost seems to be more
than twice the amount that are lost when a packet size of 740 bytes is used compared
to a packet size of 1472 bytes, that is 51190 against 11450 packets lost. This is also
seen in the mean loss percentage, with the packet size of 740 bytes generating a loss
of 22.42% compared to 13.43% in the 1472 bytes packet size case. The shape of the
cumulative loss for both of the packet sizes appears to be quite similar. For the moving
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case, some trends seen in the stationary case seems to hold true. The first of these is
that the packet size of 740 bytes generates a lot more packet loss than when the packet
size is 1472 bytes, 63360 against 15111 packets lost. This is also reflected in the loss
percentage where the packet size of 740 bytes yields a loss percentage of 27.22% while it
gives 9.29% loss when the packet size is 1472 bytes. The shapes of the cumulative loss
curves seem to be quite different in this case. Here the curve when the packet size is 740
bytes behaves in a way that would be expected for a ramp set, i.e. increasing a lot in
value in the upper areas of the ramp. This behavior, however, seems to not be the same
when the packet size is 1472 bytes.

The first major trend that can be seen is that when the packet size is 740 bytes
then there appears to be a lot more loss in the stationary and moving cases. In the
stationary case, the loss percentage is roughly twice as high for this packet size while
it is almost three times as high in the moving case. So, it seems as if the stationary
case also performs better than the moving case. Furthermore, it appears as if the shape
of the cumulative loss when the packet size is 740 bytes is really similar between the
stationary and moving case. This similarity can to some degree be said to also be true
for the packet size of 1472 bytes but not at all to the same degree.
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Figure 31: In this plot the mean cumulative loss for each respective mean bandwidth
sub-plot in figure 30 is seen. The X-axis is dynamic for all sub-plots going from roughly
[0 60] seconds depending on how long of a time it took to receive all of the data, whereas
the Y-axis goes from [0 70000] packets lost. The legend for all of the sub-plots is seen in
the top right sub-plot.

Table 5: Table over the mean loss percentages, represented as Loss percentage for their
respective sub-plot as defined in figure 31. The Packets lost here is the maximum amount
of loss that occurs in each specific case, this value gives the best representation for when
the network behaves the worst, see section 5.2 for more info. PS is equivalent to Packet
Size

Stationary, PS=1472 bytes Packets lost: 11450 Loss percentage: 13.43
Moving, PS=1472 bytes Packets lost: 15111 Loss percentage: 9.29

Stationary, PS=740 bytes Packets lost: 51190 Loss percentage: 22.42
Moving, PS=740 bytes Packets lost: 63360 Loss percentage: 27.22

By looking at the delay for the different 4G transmission as seen in figure 32 a better
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look at the behavior of the networks can be formed. If the stationary plots are examined
first for the different packet sizes it is apparent that the delay goes up to higher values
when a packet size of 1472 bytes is used than when a packet size of 740 bytes is used.
This is seen by looking at the maximum values where the packet size of 1472 bytes has
a maximum delay of 5758 ms and the packet size of 740 bytes gives a maximum delay of
2914 ms. Furthermore, it seems as if the cumulative loss starts to increase in a significant
manner for both packet sizes when the delay has been increasing for several seconds. In
the 1472 bytes packet size case it appears to be roughly 7 to 8 seconds of delay increase
before the cumulative loss starts to increase significantly. For the 740 bytes packet size
case the time that the delay ramps up under before loss occurs in a significant manner
seems to fluctuate more, being anywhere between 6 to 10 seconds. For both packet sizes,
it appears like the general shape of the delay is quite similar in the stationary case. In
the moving case, it seems as if the shapes between the different packet sizes differ by
quite a lot. Besides this it appears like that when a packet size of 740 bytes is used
then larger delay values are obtained when compared to a packet size of 1472 bytes, a
maximum value of 6198 ms compared to 3551 ms. When it comes to how long the delay
is increasing before significant loss starts occurring this appears to differ between the
packet sizes. For the packet size of 1472 bytes, there appears to be a large range of time
before loss starts to occur, around 13 to 20 seconds. If this is compared to the packet
size of 740 bytes this range in time seems to be more around the area of 8 to 9 seconds.

Making any general statements about all of the sub-plots combined seems to be difficult.
What can be said though is that the delay for all of the plots reaches quite high levels
peaking at anywhere between the range of roughly 3 seconds to 6 seconds. Furthermore,
the time it takes before significant loss starts to occur after the delay has increased in a
steady manner appears to differ a lot between measurements. There does, however, seem
to be a trend where the time before this loss occurs is quite similar, in the range of 7 to
9 seconds, when a packet size of 740 bytes is used in both the stationary and moving
case. This range is much wider for the packet size of 1472 bytes in the stationary and
the moving case with their lowest and highest time combined spanning a time period of
6 to 20 seconds. This wide range is most likely due to the large buffers that exist in the
4G base station. This means that the packets are stored inside the queue of the buffer
until it gets full. When the buffer becomes full it either flushes the packets inside the
queue or discards the packets trying to enter the full buffer, obviously, both scenarios
can occur. This large buffer is probably also the reason for why the delay can reach such
high values in all of the 4G transmissions. With the packets trapped inside the buffer, it
will for obvious reasons take a longer time for them to reach their desired destination.
One could also say that the reason for the shape of the delay in the stationary case,
for both packet sizes, being less random than in the moving case is due to the low
probability of handover between base stations occurring. This phenomenon is much
more likely to occur when the client collecting the data is moving rather than being
stationary. Therefore, it is not that strange to consider the fact that when the client is
moving random behavior will probably increase when compared to being stationary.
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Figure 32: In this plot, we see the mean delay for the respective mean bandwidth
sub-plots as defined in figure 30. Besides this their respective mean cumulative loss as
seen in figure 31 has also been superimposed. The X-axis is dynamic for all sub-plots
going from roughly [0 60] seconds depending on how long of a time it took to receive all
of the data, while the Y-axis goes from [0 7] seconds.

6.1.4 Network comparison and discussion

To perform a clear network comparison the bandwidth for all of the network types is
first examined. After this, the cumulative loss is examined followed by the delay. All of
the analysis here builds upon the previously discussed results and the individual analysis
done for each network type.

What can be stated for the bandwidth is that in the 5.0 GHz case all sub-plots follows
the theoretical shape in a proficient manner as seen in figure 24, with only one case
struggling to reach very high bandwidth values. Furthermore, there is a clear trend
where the performance becomes worse when the transmission quality decreases. In all of
the plots, the cumulative loss follows the ideal way that one would expect it to behave,
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if one disregards the dips in some of the sub-plots. This ideal way is that the cumulative
loss remains constant in value for the lower bandwidths and only increases when the
bandwidth reaches really high values. For the 2.4 GHz sub-plots in figure 27 they also
follow the theoretical sub-plots for the most part but struggles considerably to reach
high bandwidths. As with the 5.0 GHz sub-plots, there is a clear trend that indicates
that the bandwidth decreases with transmission quality. What also seems to be the
same as in the 5.0 GHz setup is that the cumulative loss behaves in the expected way,
being constant when the bandwidth is low and increasing when the bandwidth becomes
high, for the high and medium qualities. For the low quality transmissions, it is more
difficult to see if this trend holds true. It is clear by comparing the different WLAN
setups that the 5.0 GHz setup outperforms the 2.4 GHz setup. This is especially seen
when the low quality 5.0 GHz transmission for both packet size appears to perform in a
similar manner to the 2.4 GHz high quality transmission sub-plots. By looking at the
4G setup a couple of things can be stated in comparison to the WLAN setups. The
first of these is that the moving measurements seem to follow the theoretical sub-plots
better than the stationary measurements, thus being more aligned with how the WLAN
setups behave. A key difference to mention when it comes to performance between
the 4G and WLAN setups is that the theoretical ideal values are as defined in the
session structure sections 3.2.1 and 3.2.2, which means that the maximum bandwidth
in the WLAN setups are 100 Mbps while it is 50 Mbps in the 4G case. This means
that the 4G network under constrained circumstances has a bandwidth that lies at
best at 30-40 Mbps which is in the same area as the low quality transmission for the
5.0 GHz WLAN setup and high quality transmission for the 2.4 GHz WLAN setup.
This implies that the 5.0 GHz setup performs the best, i.e. ”the best” being able
to deliver the most bandwidth, with the 2.4 GHz setup being able to perform at a
similar level to the 4G setup under ideal circumstances. When it comes to the cumu-
lative loss for the 4G setup it appears that it behaves the way one would expect, in
the same manner as explained for the WLAN setups, for all cases except for when the
measurement is taken under moving circumstances and a packet size of 1472 bytes is used.

For the mean cumulative loss of the 5.0 GHz WLAN setup it appears as if the different
packet sizes performs equally well, as seen in figure 25 and table 3, if one disregards the
high disturbance measurement with a high quality transmission and a packet size of
740 bytes. This fact is seen by looking at the loss percentages, this is also seen since
the packet size of 740 bytes had roughly twice as many packets lost. It also seems that
the performance of this network is quite okay, with the loss percentages for the low
quality transmission laying around 30% for both packet sizes. If the amount of loss in
the 2.4 GHz setup, as seen in figure 28 and table 4, is compared to the 5.0 GHz setup
it also appears as if the different packet sizes performed in a similar manner. With
both the loss percentages and the number of packets lost following the same structure
as in 5.0 GHz setup the key difference is the amount of loss recorded. In the 2.4 GHz
setup the amount of loss is in the best case 40.18% and in the worst case 93.44%. This
means that even in the best 2.4 GHz setup more loss is generated than in the worst 5.0
GHz setup, where the loss percentage is 31.82%. Although this kind of performance
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discrepancy is seen when analyzing the bandwidth, the degree to how much worse the
2.4 GHz setup performs is now visible. If the 4G setup is to be compared to the WLAN
setups it appears as if there is a significant difference in performance when transmitting
with a packet size of 1472 bytes compared to a packet size of 740 bytes. This is a key
difference between these types of networks, with the 4G setup being the first to show
this kind of a significant difference to a large degree. With the stationary setup having
the smallest difference with roughly twice as high of a loss percentage and the moving
setup having roughly three times as high of a loss percentage when a packet size of 740
bytes is used the difference is most definitely significant. Another interesting aspect is
that when the loss percentages are the worst they are on similar levels to the low quality
transmissions of the 5.0 GHz setup, and in the best case, they are similar to the medium
quality transmissions of the 5.0 GHz setup.

When it comes to the delay it appears like there is a clear trend in the 5.0 GHz
setup with the delay increasing as the transmission quality decreases, as seen in figure
26 and as discussed earlier. This trend seems to hold true for both packet sizes if the
measurement with a high transmission quality and a packet size of 740 bytes is ignored.
What also seems to be the case is that for the same transmission quality the measurement
with the higher packet size also has a larger delay. Besides this, it appears like it takes
around 1 second of a rapid increase in delay before the cumulative loss starts to occur in
all cases. This rapid increase in delay is relative to, as explained, both the packet size
and the transmission quality. With this in mind, it appears like the maximum delay for
all 5.0 GHz sub-plots combined lies just below 1.2 seconds. To see how these trends hold
up in the 2.4 GHz setup the analysis related to figure 29 is used. It seems like the trend
with a decrease in transmission quality resulting in higher delay holds true even in the
2.4 GHz setup. Another trend that also appears to be in the same way as in the 5.0 GHz
setup is that the delay increases when the packet size is bigger for the same transmission
quality. Another similarity in the 2.4 GHz setup is that it takes roughly 1 to 2 seconds
of rapid increase in delay before loss starts to occur, this is more or less true until really
poor transmission quality in the 2.4 GHz setup starts occurring. An interesting final
difference is that the 2.4 GHz setup, in general, has a higher delay than the 5.0 GHz
setup, this phenomenon is most likely due to the 2.4 GHz setup performing worse than
the 5.0 GHz setup thus resulting in more loss. For the 4G setup the trend seen in WLAN
with the delay obtaining greater values when the packet size is larger seems to hold true
in the stationary case but not necessarily in the moving case, see figure 32. Being able
to determine if the trend of decreased quality results in higher delay can’t really be
determined in the 4G setup due to the nature of how the measurements are performed.
The trend with an increase in delay for a period of time before loss starts to occur in a
rapid manner does however also seem to exist in the 4G setup. A key difference is how
long this time period is though since it can be anything from 6 to 20 seconds depending
on the setup. This is a massive increase in time span compared to both WLAN setups.
The reason for this massive difference in time is probably due to the 4G base stations
having larger buffers than a WLAN router and because fewer packets are sent in the 4G
ramp sets compared to the WLAN ramp sets. These big buffers in the base station are
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probably why the delay can reach such high values, 3 to 7 seconds for all cases, in the
4G setup compared to the different WLAN setups. The only exception to this is when
the transmission is incredibly poor in the WLAN setups, this is especially seen in the
2.4 GHz setup where the delay values can go up to 20 to 25 seconds.

6.2 Network performance with constant bandwidth

In this section, the results and the analysis of how the different network types perform
under streaming conditions, i.e. a transmission where the data is transmitted at the
same rate, is performed. This type of analysis is more in line with how one could expect
real networks to behave most of the time, especially when data in the form of media
is transferred. Something important to note is that a packet size of 1472 bytes is used
in all of the network setups. This is done in order to send as large packets as possible
in the networks without fragmentation occurring, more details are found in section 2.2.
For the WLAN setups the streaming sets that has a bandwidth of 1 Mbps, 4 Mbps, and
8 Mbps are examined for the different transmission qualities as defined in section 4.1.
The same streaming sets are used in the 4G setup but with the locations used being as
defined in section 4.2. To determine the performance, the bandwidth is analyzed first
followed by the cumulative loss for each network type. After this has been done for each
network type a comparison between them is finally done.

6.2.1 Single user 5.0 GHz WLAN

To start the examination of the bandwidth for the 5.0 GHz setup figure 33 is used. If the
1 Mbps streaming sets are looked at first for different transmission qualities, it appears as
if there is minimal difference in how the bandwidth behaves. With all of them following
the theoretical plot almost perfectly and with no cumulative loss generated this setup
does not seem to struggle in transmitting data. This kind of behavior can to a large
degree also be seen for all transmission qualities when the streaming sets of 4 and 8
Mbps are used. The only real difference appears to be that the medium and low quality
cases for 4 Mbps generate some loss as well as the medium quality case for 8 Mbps.
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Figure 33: In this plot, the mean bandwidth for stream sets with an ideal bandwidth of
1, 4, and 8 Mbps is plotted for different transmission qualities and with a packet size
of 1472 bytes. All of the sub-plots have their respective cumulative loss and the ideal
theoretical bandwidth superimposed on them. The leftmost column contains the lowest
bandwidth sub-plots with the rightmost containing the highest. Similarly, the top row
contains the highest quality transmissions with the lowest row containing the lowest.
The X-axis is dynamic for all sub-plots going from roughly [0 60] seconds depending on
how long of a time it took to receive all of the data, while the Y-axis goes from [0 10000]
kbps in all plots. The legend for all sub-plots is visualized in the top right sub-plot.

In order to continue on with the analysis of the performance, the cumulative loss is
examined by the help of figure 34 and table 6. As seen by the largest number of packets
lost is around 20 and with incredibly small loss percentages one can conclude that the
performance of the 5.0 GHz setup appears to handle all defined cases well. This low
amount of loss can probably be attributed to the stochastic nature of radio networks,
which is seen by the fact that the 8 Mbps streaming set performs better when the quality
is worse.
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Figure 34: In this plot, the mean cumulative loss for each respective mean bandwidth
sub-plot in figure 33 is seen. For the same reasons stated in the bandwidth figure, the
X-axis is dynamic thus going from roughly [0 60] seconds. The Y-axis goes from [0 20]
packets lost in all sub-plots. The legend for all of the sub-plots is seen in the top right
one.
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Table 6: Table over the mean loss percentages, represented as Loss percentage for their
respective sub-plot as defined in figure 34. The Packets lost here is the maximum amount
of loss that occurs in each specific case, this value gives the best representation for when
the network behaves the worst, see section 5.2 for more info

High quality, 1 Mbps stream set Packets lost: 0 Loss percentage: 0
Medium quality, 1 Mbps stream set Packets lost: 0 Loss percentage: 0

Low quality, 1 Mbps stream set Packets lost: 0 Loss percentage: 0
High quality, 4 Mbps stream set Packets lost: 0 Loss percentage: 0

Medium quality, 4 Mbps stream set Packets lost: 14 Loss percentage: 0.048
Low quality, 4 Mbps stream set Packets lost: 7 Loss percentage: 0.020
High quality, 8 Mbps stream set Packets lost: 0 Loss percentage: 0

Medium quality, 8 Mbps stream set Packets lost: 19 Loss percentage: 0.012
Low quality, 8 Mbps stream set Packets lost: 0 Loss percentage: 0

6.2.2 Single user 2.4 GHz WLAN

The 2.4 GHz setup examination of the bandwidth is done with the help of figure 35.
The performance of the bandwidth, in this case, seems to vary quite a lot for each case.
If the 1 Mbps stream sets are examined first it appears as if the bandwidth manages to
stay with its theoretical ideal values in the high and medium quality cases with some loss
occurring. This behavior does not seem to be the case though when the transmission
quality is low, with the bandwidth jumping around the theoretical values for the first
30 seconds of the transmission and then remaining below the ideal bandwidth. An
interesting aspect here is that the bandwidth continues to be received after 60 seconds,
going into the area of 70 to 80 seconds, which indicates that this specific case functions
poorly. For the streaming sets of 4 Mbps some of the same trends as seen in the 1 Mbps
streaming sets are seen. For instance, the bandwidth of the high and medium quality
transmissions both follow the theoretical ideal values in a good manner, only jumping
around slightly. For the low quality case, it appears as if the bandwidth struggles to
reach the desired bandwidth throughout the first 60 seconds. After these 60 seconds,
the bandwidth seems to collapse almost entirely. The range to which the bandwidth is
active in this set appears to go to the range of 90 to 100 seconds. When the streaming
set of 8 Mbps is used, only the high quality transmission appears to be able to hold
the bandwidth at a steady level. For the medium quality level when 8 Mbps is used
the bandwidth appears to manage to stay around the theoretical ideal values but with
significant instability. For the low quality case when 8 Mbps is used the bandwidth
lies significantly below the ideal values. This effect is magnified in an extreme manner
after 60 seconds where the bandwidth becomes minimal. What is also seen is that the
transmission receives data for a period between 100 and 110 seconds.

By using the stated observations seen in figure 35 a couple of trends appear to be
observable. The first of these is that the instability of the bandwidth, i.e. the difficulty
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of it retaining its theoretical values, seem to increase if the same transmission quality is
used and the transmitted bandwidth increases. Furthermore, there also seems to be a
trend that if the transmission quality is low, then packets continues to be received for a
significant time period, at least 10 seconds, after it should have been received. Building
on this, another trend appears to be that this time period increases as the transmitted
bandwidth is increased. The reasoning for this increased time period even existing is
most likely due to the WLAN router attempting to retransmit lost packets. This is
probably also why the time period increases when more packets are transmitted since
the router then has to retransmit additional lost packets. Another trend is that there is
a large dip in bandwidth after 60 seconds when the transmission quality is really low.
This can be explained by the fact that other sets are initialized after the theoretical
transmission period of 60 seconds is over, thereby the retransmission of lost packets is
being performed at the same time as another set is active.
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Figure 35: In this plot, the mean bandwidth for stream sets with an ideal bandwidth
of 1, 4, and 8 Mbps is plotted for different transmission qualities and with a packet
size of 1472 bytes. All of the sub-plots have their respective cumulative loss and the
ideal theoretical bandwidth superimposed on them. The leftmost column contains the
lowest bandwidth sub-plots with the rightmost containing the highest. Similarly, the
top row contains the highest quality transmissions with the lowest row containing the
lowest. The X-axis is dynamic for all sub-plots. This means that the X-axis goes from
roughly [0 60] seconds in the medium and high quality case, while it goes to a much
wider range [0 120] seconds in the low quality case. The Y-axis goes from [0 10000] kbps
in all sub-plots. The legend for all sub-plots is visualized in the top right one.

When it comes to analyzing the performance in-depth, the loss is examined through the
use of figure 36 and table 7. By observing both the figure and the table there appears to
be a trend that almost no loss occurs in the high quality case, the highest loss percentage
is 0.0015%. This trend can also be seen in the medium quality cases where the highest
loss percentage is 1.17%. There also appears to be a slight trend for the medium quality
cases, which indicates that the loss percentage increases with increasing bandwidth. This
trend most definitely seems to hold true for the low quality cases. For these low quality
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transmissions, there appears to be a massive increase in loss between the 1 Mbps and 4
Mbps bandwidths, with the difference between the 4 Mbps and 8 Mbps not being as
large. This seems to indicate that somewhere between the 1 and 4 Mbps bandwidths
there lies a bandwidth, or a narrow area of bandwidths, where the network transitions
from an okay state into an incredibly poor state. When it comes to the shape of the
cumulative loss curves it is the low quality transmission that is of most interest. Here it
is visible for the 4 Mbps and 8 Mbps bandwidths that dips in the cumulative loss occur.
These dips are, as explained in section 5.2, probably due to one of the executions of the
set being terminated because of poor network conditions.

Figure 36: In this plot, the mean cumulative loss for each respective mean bandwidth
sub-plot in figure 35 is seen. For the same reasons stated in the bandwidth figure, the
X-axis is dynamic thus going from roughly [0 60] seconds in the medium and high quality
case while being in the range of [0 120] seconds in the low quality case. The Y-axis goes
from [0 25000] packets lost in all sub-plots. The legend for all of the sub-plots is seen in
the top right one.
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Table 7: Table over the mean loss percentages, represented as Loss percentage for their
respective sub-plot as defined in figure 36. The Packets lost here is the maximum amount
of loss that occurs in each specific case, this value gives the best representation for when
the network behaves the worst, see section 5.2 for more info

High quality, 1 Mbps stream set Packets lost: 1 Loss percentage: 0.015
Medium quality, 1 Mbps stream set Packets lost: 12 Loss percentage: 0.25

Low quality, 1 Mbps stream set Packets lost: 812 Loss percentage: 9.71
High quality, 4 Mbps stream set Packets lost: 2 Loss percentage: 0.0061

Medium quality, 4 Mbps stream set Packets lost: 43 Loss percentage: 0.21
Low quality, 4 Mbps stream set Packets lost: 5437 Loss percentage: 45.85
High quality, 8 Mbps stream set Packets lost: 3 Loss percentage: 0.0074

Medium quality, 8 Mbps stream set Packets lost: 615 Loss percentage: 1.17
Low quality, 8 Mbps stream set Packets lost: 22150 Loss percentage: 57.44

6.2.3 Multiple users 4G

In order to examine the bandwidth for the different 4G setups figure 37 is used. If the 1
Mbps case is examined first for both the stationary and moving cases it seems like the
bandwidth has no trouble following the theoretical bandwidth. This behavior also appears
to hold true in the 4 Mbps case with minor instability around the theoretical values for
both conditions. A difference in behavior does occur though when the streaming set of 8
Mbps is used. Here it seems like the stationary condition has an easier time to follow
the theoretical values when compared to the moving condition. So, there appears to be
a trend for both location types where an increase in transmitted bandwidth increases
the chance for unstable behavior.
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Figure 37: In this plot the mean bandwidth for stream sets with an ideal bandwidth
of 1, 4, and 8 Mbps is plotted under different transmission circumstance and with a
packet size of 1472 bytes. All of the sub-plots have their respective cumulative loss and
the ideal theoretical bandwidth superimposed on them. The leftmost column contains
the lowest bandwidth sub-plots with the rightmost containing the highest. Similarly,
the top row contains the transmissions under stationary conditions with the lowest row
containing the moving conditions. The X-axis is dynamic for all sub-plots going from
roughly [0 60] seconds depending on how long of a time it took to receive all of the data,
while the Y-axis goes from [0 12000] kbps in all sub-plots. The legend for all sub-plots is
visualized in the top right one.

Continuing on with the examination of the 4G setup the cumulative loss as seen in
figure 38 and table 8 is used. An interesting observation is that all setups have good
performance with the maximum loss percentage being 0.71%. By studying the loss
percentages, it seems like the moving condition performs better than the stationary
condition for all streaming sets. This is interesting since the bandwidth for the moving
condition appears to be more unstable. Another observation is that the cumulative loss
curves in the stationary case seem to rapidly increase or decrease in value. The reason
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for the decrease in cumulative loss has been explained in section 5.2, however the sudden
increase in cumulative loss has not. Why these sharp spikes occur can be due to a wide
range of factors such as another user connecting to the same base station or disturbances
in the radio environment.

Figure 38: In this plot, the mean cumulative loss for each respective mean bandwidth
sub-plot in figure 37 is seen. For the same reasons stated in the bandwidth figure, the
X-axis is dynamic thus going from roughly [0 60] seconds in all of the sub-plots. The
Y-axis goes from [0 600] packets lost in all sub-plots. The legend for all of the sub-plots
is seen in the top right one.
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Table 8: Table over the mean loss percentages, represented as Loss percentage for their
respective sub-plot as defined in figure 38. The Packets lost here is the maximum amount
of loss that occurs in each specific case, this value gives the best representation for when
the network behaves the worst, see section 5.2 for more info

Stationary, 1 Mbps stream set Packets lost: 36 Loss percentage: 0.36
Moving, 1 Mbps stream set Packets lost: 0 Loss percentage: 0

Stationary, 4 Mbps stream set Packets lost: 349 Loss percentage: 0.43
Moving, 4 Mbps stream set Packets lost: 2 Loss percentage: 0.0037

Stationary, 8 Mbps stream set Packets lost: 576 Loss percentage: 0.71
Moving, 8 Mbps stream set Packets lost: 7 Loss percentage: 0.0092

6.2.4 Network comparison and discussion

To start the network comparison the bandwidth for the 5.0 GHz setup is examined first.
What is seen is that there appears to be no difficulty for the network to transmit at
the ideal bandwidth in any specific case. This is especially seen by the incredibly low
loss percentages that are observed in each case. The same behavior cannot be seen in
the 2.4 GHz setup. In this setup, it is clear that for all low quality transmissions and
medium quality transmissions for high bandwidths the network struggles to maintain
the ideal theoretical bandwidth. If the loss is examined for these setups an interesting
observation is that some of them generate a much higher loss, in the range of 40% to
60%, instead of being at a reasonable level of 1% to 10%. This escalation in loss seems
to occur only in this setup and shows how quickly the network can transition into a
really poor state. For the 4G setup, the only scenarios where there seems to be some
difficulty with maintaining the bandwidth at ideal levels, is when the 8 Mbps streaming
set is used for both location types. An interesting thing to observe here is that when the
bandwidth performs better, i.e. in the stationary case, the loss is actually much higher
than in the moving case, although it is still at really low levels. This behavior indicates
that it is difficult to just examine the bandwidth if one wants to look at the performance.
What all of these network types show, is the difficulty that exists in finding the optimal
bandwidth when the network conditions and bandwidth varies. While the 5.0 GHz setup
and 4G setups are able to deal with all of the different defined cases efficiently, this is
not true in the 2.4 GHz setup.

6.3 Behavior and visualization of multiple jitter histograms

In this section, the behavior of multiple jitter histograms that are created by the use
of a sliding window is examined. To perform this examination, a burst set as defined
in section 4.1 for single user 2.4 GHz WLAN of high quality is used. The reason for
using a burst set is due to its sharp increase and decrease in bandwidth. To clearly see
how multiple jitter histograms behave under these circumstances, a network that can
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handle the bandwidth in a moderate manner without collapsing or performing too well
is examined. This is why the single user 2.4 GHz WLAN of high quality is used. As
seen in the previous analysis sections 6.1 and 6.2, the 5.0 GHz network performs really
well, even for low transmission qualities, with the 4G network at times behaving in a
stochastic manner, thus these networks will not give as clear of a visualization as the
2.4 GHz network for the collected data. A major drawback of examining the multiple
jitter histograms is that a 3D plot is created for each individual measurement, making
it difficult to utilize mean visualization as explained in section 5.2. However, the same
behavior for the multiple jitter histograms has been detected multiple times for a specific
set that has been repeated multiple times under the same circumstances.

The bandwidth for the single user 2.4 GHz WLAN that the examination in this section
builds upon is seen in the leftmost sub-plot in figure 39. The jitter, from which the
multiple jitter histograms are created from, is seen in the same plot in the rightmost
sub-plot. In this sub-plot the jitter increases and decreases in a burst-like manner, which
is in line with how the bandwidth behaves. Making a strong claim about how the jitter
behaves when a burst occurs is difficult due to the X-axis being packet-based in the
jitter sub-plot and not time-based as in the bandwidth sub-plot. A testament to the
2.4 GHz setup behaving as desired can be seen by looking at the cumulative loss in the
bandwidth plot which increases when the burst occurs but remains steady otherwise.
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Figure 39: In this plot, the bandwidth for a single user 2.4 GHz WLAN burst set of high
quality is seen in the leftmost sub-plot with its theoretical ideal values and cumulative
loss superimposed on it. In the left sub-plot the jitter for the bandwidth is shown. A
packet size of 1472 bytes is used. The X-axis goes from [0 60] seconds and the Y-axis
goes between [0 100000] kbps in the left sub-plot. In the right sub-plot, the X-axis
goes between [0 100000] received indexes and the Y-axis between [-0.08 0.08] seconds.
Legends are seen in the top right corner in both sub-plots.

In figure 40 the multiple jitter histograms that created from the jitter in figure 39 is
seen. The figure shows all of the created histograms. To properly understand the figure,
it is important to clarify how the window number works in this case. Since the sliding
window step size is 1/5 of a second this means that the jitter histogram with a window
number of 1 will encompass the time period [0 1] second and the next jitter histogram
with a window number of 2 will encompass the time period [0.2 1.2] seconds. This means
that jitter histograms will overlap each other. This also explains why the axis for the
window numbers goes up to roughly 300, with window number 301 representing the time
period [60 61] seconds. With this concept explained it seems like the jitter histograms
have more concentrated values, i.e. the histogram distribution is narrower, when bursts
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occur as seen by the six peaks in the figure. To be able to detect any specific behavior a
closer look has to be done. Therefore, the area around the second burst is examined in
the hopes of seeing how the histograms behave when the network transitions into a poor
state. This means that the time period around second 10, which corresponds to window
number 51, is of interest.
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Figure 40: This figure shows the normalized jitter histograms created by the use of a
sliding window on the jitter in figure 39. Here the sliding window has a size of 1 second
and a step of 1/5 second. In the X-axis the jitter goes from [-0.15 0.15] seconds, the
window number in the Y-axis goes from [0 300] windows, the normalized frequency is
between [0 0.25] in the Z-axis. 5000 bins are used for each histogram which covers the
jitter area of [-0.1 0.1] seconds. More information about this kind of figure is seen in
section 2.6.

To find the exact window number where loss starts to occur the cumulative loss seen in
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figure 41 is used. As stated in the caption of this figure a marker has been placed at the
time 10.7 seconds, which is where the first sign of a rapid increase in loss is starting to
be visible. This time is captured in a jitter histogram for the first time when the window
number is 50, covering the time period of [9.8 10.8] seconds. For this reason, a close up
of around this specific are is of high interest.

Figure 41: Here the cumulative loss seen in figure 39 is displayed. This cumulative loss is
the exact same cumulative loss that is superimposed on the bandwidth in figure 39. The
marker in the figure indicates the time of 10.7 seconds which is where the cumulative
loss starts to increase again. The X-axis goes from [0 60] seconds and the Y-axis from [0
90000] packets lost.

By zooming in on the multiple jitter histogram plot in figure 40 around window number
50, as specified in the cumulative loss, the result is seen in figure 42. In this figure, two
markers are placed. The first of these is placed on window number 47, which is equivalent
to the time period [9.2 10.2] seconds, while the second one is placed on window number
50, which is equivalent to the time period [9.8 10.8] seconds as stated previously. The
first interesting observation that is seen is that prior to window number 47 the jitter
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histograms seem to have two areas where the highest concentration of jitter values are
distributed. The first area is centered around the jitter value of 0 while the other area is
concentrated between the jitter values of -0.11 and -0.14 seconds. This behavior appears
to be the same up to window number 47 where there is a rapid decrease in the number
of negative jitter values in the histogram. After window number 47 every histogram has
the majority of their values around 0 seconds. This is an important trend to observe
since this means that there is a time period of 10.8 − 10.2 = 0.6 seconds where the jitter
histograms have this shape and no loss has occurred, this time period is an estimate
and probably depends on the window step size. Another important observation is that
histogram with window number 47 is the first histogram to capture the initial stages of
the burst, the burst starting at second 10 in the ideal case. This means that the loss
does not occur the instant the burst is initialized. The rapid shift of the jitter values to
be more positive rather than negative is an indication that there is a positive trend for
the delay as well.
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Figure 42: This figure shows a zoomed in version of the normalized jitter histograms
seen in figure 40. In the X-axis the jitter goes from roughly [-0.0025 0.002] seconds, the
window number in the Y-axis goes from [28 67], the normalized frequency is between [0
0.25] in the Z-axis. The first markers show the histogram with window number 47 while
the second marker shows the window number 50.
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6.4 Packet duplication and reorder behavior

What is discussed in this section is how the duplicate behavior appeared to be for the
different network types and if any trends could be detected. In a similar manner, the
Reorder Density is discussed.

6.4.1 Packet duplication

When it comes to the number of duplicates for the various network setups almost no
duplicates are detected. For the WLAN setups, there are zero duplicates detected
in every single measurement. The only case where duplicates are detected is in the
4G setup under moving conditions. The duplicate packets that are found under these
circumstances are seen in figure 43. What is apparent though is that duplicates are so
rare that they only occur in one of the repetitions of a ramp set. The reason for these
duplicate packets could be many, but it is most likely due to a handover between base
stations causing the same packet to be sent twice.

Figure 43: In this figure, the number of duplicates for each packet number is shown in a
4G setup where a ramp set with a packet size of 740 bytes is executed four times. The
legend containing the duplicate percentage for all executions is seen in the top right.
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6.4.2 Packet reordering

The trend with how the duplicates appeared for the different network types seem to
be the same for the Reorder Density. So, there is no amount of packet reordering
detected in the WLAN setups, with it only occurring in the 4G setup. Thereby only
the reorder behavior for the 4G setup is examined. This will be done by looking at the
stationary and moving location types for all of the different types of sets as defined
in the 4G session construction section 3.2.2, obviously ignoring the discard sets. To
do this figures 44 and 45 are used, as is tables 9 and 10. Something important to
say is that all of the sub-plots in both of the figures show just one execution of the
sets in the session structure, this was done due to the mean visualization discussed in
section 5.2 not being applicable on multiple histograms. However, both tables show
the mean reorder percentage and mean loss percentage for the four executions of each set.

To examine the different stream sets for the two location types, moving and stationary,
figure 44 and table 9 is used. By looking at the figure it is apparent that when a stream
set of 1 Mbps is used then there is zero reorder in both the moving and stationary case,
this is also seen in table 9. For the 4 Mbps stream set it seems that there is more reorder
in the moving case, it has a reorder percentage of 0.0711%, than in the stationary case,
where the reorder percentage is 0.0049%. However, there appears to be more loss in the
stationary case, 0.43%, than in the moving case, loss percentage of 0.0037%. This kind
of behavior is also seen in the stream set with 8 Mbps, where the moving case has a
reorder percent of 0.18% and a loss percentage of 0.0092%, while the stationary case
has a reorder percentage of 0.0436% and a loss percentage of 0.71%. So, there seems
to be a clear trend that indicates that the moving setup has more reorder than the
stationary setup. However, for these sets it appears as if an increase in reorder does not
necessarily correlate with an increase in loss. A strong conclusion is difficult to make
with the values for all of the examined percentages being below 1. Another observation
is that the maximum range of reorder-distance that any sub-plot has is between +6 and
-6, which is not a wide range. If the stationary setups are looked at separately it seems
as if the amount of packet reorder increases when the bandwidth increases. This same
trend can be seen in the moving case as well. Finally, it appears as if the moving setup
has higher amounts of packet reorder when compared to the stationary setup.
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Figure 44: In this plot, the Reorder Density is plotted for each reorder-distance for
different stream sets and location types. The top row contains the stationary location
type while the bottom row contains the moving. The leftmost column contains stream
sets with 1 Mbps, the center column stream set with 4 Mbps, and the rightmost column
stream sets with 8 Mbps. In the sub-plots where all of the Reorder Density is not at
reorder-distance zero this distance has been removed to more clearly see the shape of
the histogram. The legend for all plots is seen in the bottom right figure.

Table 9: Table over the mean reorder percentage which is an indication of how many
packets are reordered, represented as Reorder percentage, and the mean loss percentage,
represented as Loss percentage, when stream sets with different bandwidths have been
used. The two location types used are stationary and moving

Stationary, 1 Mbps stream set Reorder percentage: 0 Loss percentage: 0.36
Moving, 1 Mbps stream set Reorder percentage: 0 Loss percentage: 0

Stationary, 4 Mbps stream set Reorder percentage: 0.0049 Loss percentage: 0.43
Moving, 4 Mbps stream set Reorder percentage: 0.0711 Loss percentage: 0.0037

Stationary, 8 Mbps stream set Reorder percentage: 0.0436 Loss percentage: 0.71
Moving, 8 Mbps stream set Reorder percentage: 0.18 Loss percentage: 0.0092
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In order to see if some of the trends observed for the stream sets holds true a burst
and two ramp sets will be examined. These sets are visualized in figure 45 with the
more general information obtained in table 10. If the burst set is examined first for the
stationary and moving setup, it seems as if the histograms has quite a similar shape and
range of reorder-distances, going from roughly [-20 20]. If the reorder percentages are
examined it appears as if the moving setup has a larger amount, with a percentage of
2.30%, compared to the stationary setup, which has a percentage of 0.45%. However,
the stationary setup has a loss percentage of 20.54% while the moving setup has loss per-
centage of 7.30%. So, it seems as a higher degree of packet reorder is not correlated with
a higher amount of loss when a burst set is used. For the ramp set with a packet size of
1472 bytes, the stationary histogram has a much lesser spread in reorder values compared
to moving histogram. Furthermore, the moving setup has a higher reorder percentage of
1.60%, compared to the stationary setup that has a reorder percentage of 0.28%. As with
the burst set, the trend that the stationary setup has a higher loss percentage, 13.43%,
when compared to the moving setup, that has a loss percentage of 9.49%, appears to hold
true. For the final ramp set with a packet size of 740 bytes, the stationary and moving
setups have similar histograms, with the moving histogram having more values with a
higher reorder-distance. Once more the moving setup has a higher reorder percentage
with it being 2.47%, which is in contrast to the stationary setup that has a reorder
percentage of 0.43%. For this set there seems to be a trend break regarding the loss,
with the moving setup having a higher loss than the stationary setup, 27.22% against
22.42% respectively. From examining all of this, it appears like there is a clear trend
with the moving setup having higher amounts of packet reorder than the stationary setup.

If the moving setups are compared separately it appears that the burst set and the ramp
set with a packet size of 740 bytes have a very similar amount of packet reordering. This
also seems to be the case for the loss percentage. However, the ramp set with a packet
size of 740 bytes has a significantly lower amount of packet reorder and packet loss. So,
there appears to be a trend indicating that the ramp set with the larger packet size has
less packet loss and packet reorder. This trend is also seen in the stationary setup. Here,
the burst set and the ramp set with a packet size of 740 bytes have a similar amount of
packet reorder but not packet loss. For the ramp set with a packet size of 1472 bytes,
the amount of reordered packets is lower than the other stationary sets, but the loss
percentage is higher than the burst set and lower than the ramp set with a packet size
of 740 bytes. So, there seems to be a trend in both the stationary and moving setups
where the ramp set with a larger packet size has lower amounts of packet loss and packet
reorder when compared to the ramp set with a smaller packet size. A final observation
is that the distribution of the Reorder Density appears to follow a Gaussian distribution,
however, more examination of this is needed.
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Figure 45: In this plot, the Reorder Density is plotted for each reorder-distance for
different burst and ramp sets when two location types are used. The top row contains
the stationary location type while the bottom row contains the moving. The leftmost
column contains burst sets, the center column ramp sets with a packet size of 1472 bytes,
and the rightmost column ramp sets with a packet size of 740 bytes. In the sub-plots
where all of the Reorder Density is not at reorder-distance zero this distance has been
removed to more clearly see the shape of the histogram. The legend for all plots is seen
in the bottom right figure.
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Table 10: Table over the mean reorder percentage which is an indication of how many
packets are reordered, represented as Reorder percentage, and the mean loss percentage,
represented as Loss percentage, when burst and ramp sets with different bandwidths
have been used. The two location types used are stationary and moving

Stationary, Burst set, PS=1472 Reorder percentage: 0.45 Loss percentage: 7.30
Moving, Burst set, PS=1472 Reorder percentage: 2.30 Loss percentage: 20.54

Stationary, Ramp set, PS=1472 Reorder percentage: 0.28 Loss percentage: 13.43
Moving, Ramp set, PS=1472 Reorder percentage: 1.60 Loss percentage: 9.29

Stationary, Ramp set, PS=740 Reorder percentage: 0.43 Loss percentage: 22.42
Moving, Ramp set, PS=740 Reorder percentage: 2.47 Loss percentage: 27.22
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7 Discussion and conclusions

For the section regarding the performance and behavior of the different wireless networks
when the packet sizes could vary, there are multiple conclusions that can be made, see
section 6.1 for additional information. The first of these is that the 5.0 GHz setup
appears to perform better than the 2.4 GHz setup in all circumstances, for instance, the
worst measurement in the 5.0 GHz setup has less loss than the best measurement in the
2.4 GHz setup. Besides this, the general behavior of the WLAN setups appears to be very
similar in almost every aspect, i.e. the bandwidth, cumulative loss, and delay behaves in
a similar way. The 4G setup also seems to have some similarities with the WLAN setups
in some occurrences. For example, the bandwidth in the moving measurements and the
cumulative loss and delay in the stationary measurements seem to behave similarly to
the WLAN setups. A big conclusion that appears to hold true in the WLAN setups,
is that the delay increases in magnitude when the transmission quality becomes worse.
When it comes to the effect of the packet size on the performance of the different WLAN
setups it is hard to draw any conclusions since the loss percentages are quite similar
for different packet sizes under the same transmission quality. This is not the case in
4G though with the lower packet size of 740 bytes performing considerably worse than
the packet size of 1472 bytes. An important aspect to mention is that although the
performance is similar in the WLAN setups under the same circumstance for different
packet sizes, this would probably not be the case if a protocol with retransmission
was implemented. If a protocol with retransmission were to be implemented, as in
TCP, then the fact that the packet size of 740 bytes drops around twice the number
of packets compared to the packet size of 1472 bytes would mean that the majority
of the lost packets would be retransmitted, thus drastically reducing performance if
there is a high chance for loss. Another conclusion is that the 4G setup compared
to the WLAN setups seems to be slower to react to sudden changes in the network
when the bandwidth is greater than what can be handled, this is seen in the stationary
case especially. A final trend that is observed is that the 4G setup has a greater time
period, 6 to 20 seconds, where the delay increases rapidly before packet loss starts to oc-
cur when compared to the WLAN setups, where the time period is between 1 to 2 seconds.

In the network performance section, as seen in section 6.2, regarding streaming there
appears to be a couple of trends and conclusions that can be made. The first of these
is that it is difficult to determine which bandwidths should be transmitted depending
on the circumstance, this is especially clear in the 2.4 GHz case. It also seems that if
the network is in a semi-poor state for the given circumstances and the bandwidth has
increased too much, then the network will transition from low amounts of loss to massive
amounts of loss. Furthermore, it appears in the 2.4 GHz case that if the transmission
quality is low and the bandwidth is increased then the router will try to retransmit
packets for a longer period of time. What also appears to hold true for both the 2.4
GHz setup and the 4G setup is that if the bandwidth is increased then the instability of
the bandwidth increases, i.e. the bandwidth jumps around the theoretical ideal values
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more. One final observation seen in the 4G setup is that an examination of just the
bandwidth is not sufficient to determine the performance, but instead, the cumulative
loss also has to be examined.

When it comes to the plotting of multiple jitter histograms there appears to be a
couple of trends one can observe. The first of these is that the jitter histograms tend
to cluster around two areas, where one is located around 0 seconds and the other in
the negative area of -0.11 to -0.14 seconds. Furthermore, it seems that there is a trend
where the distribution of the jitter values shifts to be around the zero second area, i.e.
the values become more positive, right before loss starts to occur. The time it takes for
loss to occur when the histograms have started to behave in this way is for the burst set
around 0.6 seconds. It is important to note that this time and the areas that the jitter
distribution clusters around is with a high probability dependant on several factors such
as: The speed at which the bandwidth increases, sliding window size, sliding window
step size, network type, and network condition.

The duplicate and reorder section, seen in section 6.4, yields a couple of interest-
ing results. The first of these is that there are no duplicates in the WLAN setups but
only in the 4G setup. However, when duplicates occur in the 4G network they occur
seldom, thus having a small effect on the general network behavior. For packets that are
reordered in each network type, there are none detected in both of the WLAN setups,
but some are detected in the 4G setup. A trend for the amount of reordered packets
in the 4G network seems to be that it increases with increasing bandwidth when the
network conditions are the same. However, any correlation between reordered packets
and packet loss is hard to establish. It also appears to be a trend indicating that, when
the data is collected under moving conditions more packet reorder is generated than
when a stationary condition is used. There also seems to be a trend that indicates that,
if a ramp set with a packet size of 1472 bytes is used compared to a ramp set with a
packet size of 740 bytes, then less reorder and loss is generated. Finally, it also appears
that as the amount of reordered packets increase, the more the shape of the distribution
of the Reorder Density approaches a Gaussian distribution.

The research question, as formulated in the introduction seen in section 1, can be
said to have been answered to a large degree. With the question being ”How do wireless
networks behave under varying network circumstances when data, in the form of packets,
are sent in different ways by the use of UDP?” this fact becomes clear when one has read
the entire report. However, to answer the question as thoroughly as possible the report
could have covered the examination of additional wireless networks, such as multiple user
5.0 GHz and 2.4 GHz WLAN, and additional ways to transmit the data in. Furthermore,
the use of additional network environments could also have been examined.

There are several things that can be done in the future to improve the work pre-
sented in this report. One of these things is to implement machine learning on the
collected data. This can then help in classifying the network type that is being examined

88



and to determine network trends in a clearer way. Hopefully, machine learning can also
be used to construct an algorithm for regulating the transmitted bandwidth so that the
given network does not enter into a poor state with much packet loss. So, in other words,
the algorithm should be able to detect the trends in the network that are about to lead
to packet loss and then adjust the transmitted bandwidth so that this negative trend is
halted. A deeper analysis can be done on the collected data than the one presented in
this report by repeating the sessions more than four times, this will result in a more
accurate mean visualization, thus leading to a better description of the network behavior.
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Appendix

Figure 46: In this figure we see the bandwidth for a ramp set with a packet size of 1472
bytes executed four times over single user 5.0 GHz WLAN. The session structure as
defined in section 3.2.1 is used.
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Figure 47: In this figure we see the bandwidth for a ramp set with a packet size of 740
bytes executed four times over single user 5.0 GHz WLAN. The session structure as
defined in section 3.2.1 is used.
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