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Abstract 

Nowadays mobility is a field of great importance. The fact of travelling or moving 

should not mean the rupture of the connection to the Internet. And the current objective 

is not only to be world-wide connected, it is also to be it always through the best 

available connection (ABC). It means the need to perform vertical handover to switch 

between different networks, while maintaining the same Internet connection. All this 

has to be done in a transparent way to the user. In order provide the highest Quality of 

Experience some tools are needed to enable checking the status and performance of the 

different available networks, measuring and collecting statistics, in order to take 

advantage of each one of them. This thesis presents the theoretical base for a 

measurement module by describing and analysing different metrics, with special 

emphasis on delay jitter, collecting and comparing different methods, and discussing 

their main characteristics and suitability for this goal. 

Keywords: Delay Jitter, Packet Loss, Network Measurement, Seamless 

Communications.  
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1 Introduction 

In this chapter, an overview of the problem, the scope of the thesis and its structure will 

be given. 

1.1 Problem statement 

Since the mobile networks and services are growing on importance and amount, 

problems are growing such as the interferences caused by sharing the 2.4 GHz Industrial 

Scientific and Medical (ISM)-band they are transmitting into, or the concentration of 

users in a small area. Therefore, it is getting more and more difficult to provide a good 

Quality of Service (QoS) and Quality of Experience (QoE) [3]. In order to do it, a new 

question arose: If we cannot reach the requirements needed with a certain network, why 

do not we change to a more suitable one? As an answer to this question the idea of 

Seamless Communications and Vertical Handover (VHO) appeared [2]. These 

technologies make us able to switch between networks of different technologies 

transparently to the user and keeping the same connection. 

But more questions arose such as: Once we can switch between heterogeneous networks 

technologies, at which moment should we perform the switch? There are many ways to 

do it, but there is something common to all of them, which is the need to check the 

status of the different networks, store the measurement results and statistics, in order to 

make a choice. So, we need to find, choose and analyse some metrics if we want to 

make the correct decisions when switching between networks and get advantage of the 

most suitable one, following the goal of Always Best Connected (ABC) [3]. 

All the concepts and technologies mentioned above will be described in following 

chapters. 

 

1.2 Scope of the thesis work 

The scope is to provide the instrumentation to a measurement module of the 

PERIMETER [1] project with the scope of providing user-centric mobility in 

heterogeneous environments. The aim of this module is to perform end-to-end traffic 

measurements and analyse the obtained results in order to take statistics and store them 
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in a database, so that the decision maker module can use them for taking the proper 

decisions. This module is called QoE Event Manager and will enable Vertical Handover 

(VHO) according to QoE requirements. The report of the metrics and statistics should 

include all the parameters related to them, in order to be able to determine exactly the 

conditions and meaning of these metrics. Since defining the result as good or bad 

depends on the system requirements, in this thesis will not be a specification or certain 

values that the metrics should meet. This role will be taken by the QoE Event Manager 

of the PERIMETER project. The metrics we are going to take care of are, Packet Loss, 

Packet Reordering, Delay and Delay Jitter (DJ). The thesis will be specially focused on 

the last one. 

 

1.3 Outline of the thesis 

During the first part of the thesis, the topic and the problem statement will be 

introduced. Once there is a global idea of what is the thesis about, some background and 

state of the art concepts will be given. 

Having this basic knowledge, the thesis will start to focus on the metrics that will be 

used (i.e. Delay Jitter, Delay, Packet Loss and Reordering). They will be defined and 

analysed. Special attention will be given to Delay Jitter which is the metric that needs 

more complex algorithms. This special attention will consist of presenting the possible 

methods that can be used, test them on several characteristic scenarios that simulate 

different network behaviours and describe, and comment and discuss the obtained 

results. All this analysis will lead to the most suitable method of measurement for our 

needs. 

Finally, the conclusions of the thesis will be given and the future work will be 

commented. 
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2 State of the art 

2.1 Quality of Service and Quality of Experience 

The perception of the Internet Service Providers (ISPs) about the performance of the 

network service often differs from the costumer’s perception. While ISPs use an 

objective criterion based on Quality of Service (QoS) parameters (i.e. packet loss, delay 

jitter, delay or throughput) to measure service performance, customers assess the service 

in a more subjective way. Providers measure these parameters on network nodes or 

between two of their machines. In contrast, customers are not interested on technical 

parameters, they just care about to be served after a reasonable response time, ease of 

use, availability, etc. This subjective way of perceiving the performance of the network 

service it is called Quality of Experience (QoE) [3].  

QoS and QoE are closely related but are not the same. A provider who meets all the 

terms of the contract is giving a high QoS but, if the customers are unhappy with the 

perceived performance, it means low QoE. But if the customer is happy with the 

perceived performance, it is translated into a high QoE, even if the provider is giving 

the service with a low QoS [17]. 

QoE is commonly measured in terms of Mean Opinion Score (MOS) [18, 19]. The 

assessment consists in a group of human users which evaluates the network service 

depending on their point of view and their perception. The results have values from 1 to 

5, where 5 means users are very satisfied and 1 means users are not satisfied at all, as it 

is shown in Figure 1. The general opinion is that MOS should not be lower than 3.6, 

which is between Fair and Good but closer to the second one. 
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Figure 1. Relation between quality and MOS values [19] 
 

By using technologies like Seamless Communications and Vertical Handover (VHO) 

[2], the QoE can be increased. Since it is possible to switch between different networks 

one does not depend on the QoS of a single one. That helps to reach the goal of Always 

Best Connected (ABC) [3]. 

 

2.2 Vertical Handover and Seamless Communications 

Nowadays there are plenty of wireless networks of different technologies, Wireless 

Local Area Network (WLAN), Bluetooth, General Packet Radio Service (GPRS), 

Universal Mobile Telecommunications System (UMTS), etc. The mobility systems 

would be highly improved if there were functions making possible switching between 

them, keeping the same connection and with complete transparency to the user. This is 

what Vertical Handover (VHO) and Seamless Communications are created for. 

If the switching capability were implemented, it would be possible to choose from all 

the available networks, in a determined place and moment, the most suitable one for the 

service we want to use. Generic Services (GSs) are the different services we have access 

to, such as phone calls, streaming, etc. So, if an SMS has to be sent, the system could 

choose GPRS, even if we have a supposedly faster technology as UMTS, because for 

small data transmissions is worthier to take advantage of the faster connection 

establishment of GSM [2]. Since the customer has no need to know all this technical 
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information, the system should take care of it, and that is possible with Seamless 

Communications. Another good example is, if a file it is being downloaded from 

Internet to a mobile phone using UMTS, and a WLAN network becomes available, the 

download can be speeded up by using VHO and Seamless Communications to switch to 

WLAN, and the user will barely notice it, besides of the short download time. 

All these capabilities and diversity of advantages seem to be a current field of research, 

and the future of the mobile communications. Now the aim is not only to be connected 

everywhere, but also through the best possible connection, denoted as Always Best 

Connected (ABC) [3]. 
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3 Metrics of interest 

In order to measure QoS, the most essential and general performance metrics are delay, 

delay jitter, packet loss and reordering. In this chapter, each one of them will be 

described and analysed. 

 

3.1 Packet Reordering 

When a traffic stream is generated in a sender as an in-order sequence of data packets, 

there exists the possibility of arriving to the receiver in a different order from which it 

was originally generated. This phenomenon is known as reordering [12]. 

The most common way for detecting reordering is by adding sequence numbers to the 

packets at the sender. To establish the sender sequence, a unique identifier is carried in 

each packet. This identifier can be for example an incrementing consecutive integer 

number called sequence number [10, 11]. 

To be able to detect reordering at the destination, it is needed to compare the packet 

arrival order in the receiver with a reference number which cannot decrease. Arriving 

packets are classified as out-of-order or reordered if their sequence numbers are smaller 

than those of the predecessors. For example, if these packets were sent in order (1, 2, 3, 

4, 5) and they arrive on the order 1, 2, 4, 5, 3, it means the packet 3 is reordered. 

Now we will describe a method to check this metric: 

If a packet with sequence number S (sent at time  ��) arrives and it is compared with the 

next expected sequence value  ��, it is considered as reordered, as described below: 

The packet is considered as reordered if � < ��. If this occurs, the value of �� does not 

vary. 

The packet is considered as in-order if � ≥ ��. If this occurs, the value of �� varies, and 

it is set to  � + 1 becoming the value to compare the sequence of the next arriving 

packet with. 

We can meet two different cases of in-order packets: 

• Case 1 (� = ��) 
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If this condition is met, it indicates that it arrived according to the original 

sequence so there is not discontinuity. 

 

• Case 2 (� > ��) 

If this condition is met it means there are one or more packets missing from the 

original sequence so there is a sequence discontinuity associated with the 

packet S. The size of the discontinuity Z is given by: 

� = � − �� 

It shows the number of packets currently missing in this discontinuity. These 

packets are either reordered or lost. 

For a better understanding of the whole procedure it is recommended to observe 

Figure 2. 

 

Figure 2. Flow diagram of the discontinuity detection 
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There are multiple sample metrics for groups of packets. Examples of that are 

Reordering Ratio, Reordering Extent, etc [9, 10]. 

 

3.1.1 Reordering ratio 

This is the most commonly used sample metric. If a stream of packets is generated in a 

source and sent to a destination, we define the ratio of reordered packets as: 

�� = ���� 

where �� is the number of reordered packets, and �� the total number of received 

packets. 

The result may be presented as a percentage (multiplying by 100). If there are 

duplicated packets, only the first copy is taken into account. 

Thank to this metric it is easy to detect a sample free of reordering. When this value is 

zero no other reordering metrics are needed to be checked for this sample. 

 

3.1.2 Other metrics 

Other useful metric are [9, 10]: Reordering Extent which is the maximum distance, in 

packets, from a reordered packet to the earliest packet received with a larger sequence 

number; Reordering Late Time Offset, that is the same idea as Reordering Extent but 

measured in time instead in packets; Gaps between Multiple Reordering Discontinuities, 

which shows the distance between detected discontinuities; or Reordering-Free Runs, 

that is the amount of packet received while there are no discontinuities detected.  

 

3.2 Packet Loss 

When a traffic stream is generated in a sender as a sequence of data packets, there exists 

the possibility that some of them never arrive to the source or they arrive out of the 

measuring interval we are measuring into. So we receive less information than it was 
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originally generated, or the information is not processed because of it arrives later than 

it was expected. This phenomenon is known as packet loss. 

Packet loss is considered as the most important sign that indicates that the network 

quality is deteriorating, because transmitted information is being lost. 

The best way to detect loss is by using the method described for Packet Reordering and 

activating a timer for each detected discontinuity. This timer will determine amount of 

time we will wait for a packet to arrive to the receiver before considering it as lost. It is 

also possible to use the multiple sample metric commented for Packet Reordering (i.e. 

Packet Loss Ratio, Packet Loss Extent and every other metric concerning packet 

discontinuities) [7,8]. 

 

3.3 Delay Jitter and Delay 

3.3.1 Delay Jitter 

We will refer to Delay Jitter (DJ) as the absolute value of the difference of delay of two 

different packets or one of them respect to some reference value (Average Delay, 

Minimum Delay, etc.), or as the standard deviation of the delay. Further information 

about the different definitions and its formulas can be found in Chapter 4. 

Using DJ metrics is interesting for applications which require a regular delivery of 

packets, such as VoIP or Video Streaming. Since this “regular delivery” has to meet 

particular values, which depends on the different applications, the DJ metrics can give 

us a reference of the degree with which these requirements have been met. 

It is also important to know the definition of delay, and understand the difference 

between the effects caused by delay and by DJ. 

3.3.2 Delay 

In this Thesis the delay considered is the One-way Delay. It is the time elapsed from the 

first transmitted bit of a packet, to the last bit received of the same packet [6]. The delay 

of the packet with sequence number i is defined as, 

�� = ��,� − ��,� 
where ��,� is the time it was sent at, and  ��,� is the time it was received at. 
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Informally, it is the time that a packet spends to travel from the sender to the receiver. 

 

3.3.3 Differences between the effects of Delay and Delay Jitter 

The following picture is showing the stringency, respect to these metrics, of several 

common applications. 

Table 1. Delay and DJ requirements on different applications 
 

Application Delay requirements level Delay Jitter requirements level 

E-mail Low Low 

File transfer Low Low 

Web access Medium Low 

Remote login Medium Medium 

Audio on demand Low High 

Video on demand Low High 

Telephony High High 

Videoconferencing High High 

 

If we talk about delay, as we can observe on Table 1, file transfer applications, e-mail, 

and video or audio on demand are not delay-sensitive. If a delay of few seconds is 

introduced uniformly to all the packets, the applications will not be affected. Web 

access and remote login have higher delay sensitivity than the previous examples. 

Telephony and videoconferencing, as well as other real-time applications, have strict 

requirements that you have to reach for a correct performance. If a telephony 

application makes a call and each word is delayed 20 seconds, the users will not be able 

to communicate, so this behaviour is not acceptable. 

With regard to DJ, Table 1 shows that file transfer applications, e-mail, and web access 

get barely affected if packets arrive to the receiver with irregular time intervals between 

them. Remote login have a higher degree of sensitivity to jitter because if the 

connection presents much jitter, even if the application still working, characters will 

appear on the screen in small bursts. Video and, even more, audio on demand are highly 

sensitive to jitter. If a delay of 20 seconds was introduced uniformly to all the frames of 

a video on demand, the flow of the application will not be affected, although the waiting 

time is increased in 20 extra seconds. But if that delay varies randomly between 1 and 2 

seconds, the consequences would be disastrous. It is even more extreme for audio on 

demand, since you can clearly hear a jitter of even some milliseconds [4].  



17 
 

4 Delay Jitter Study 

In this chapter a deep study of delay jitter will be done. First, some methods will be 

described; secondly, the possible scenarios are defined; finally, exemplary calculations 

will be performed using all the different methods on each one of the scenarios. 

4.1 Measurement methods 

4.1.1 Method 1: Maximum jitter 

It is the value of the difference in the maximum and minimum delay measured over a 

particular interval. 

 

� = ���� − ���� 

 

In this case the measurements take place all over the test duration. 

 

4.1.2 Method2: Jitter on arrivals 

 

The value calculated with this method is the variation in the inter-packet delay, which is 

difference in the arrival time of the packets. In this case only the arrival time is taken 

into account instead of the delay [13]. 

 

∆��,� = |��,� − ��,���| 
 

�� = |∆��,� − ∆��,���| 
 

where i is the current packet. 
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4.1.3 Method 3: Delay variation of consecutive packets 

 

In this case the jitter is measured as the difference in the latency of the current packet 

and the previous one [14, 15]. 

 

�� = |�� − ����| 
 

where i is the current packet. 

 

If the delay is expressed as 

 

�� = ��,� − ��,�  , 
 

the delay jitter can be written as 

 

�� = | ��,� − ��,�! −  ��,��� − ��,���!| 
 

and can be rearranged as 

 

�� = | ��,� − ��,���! −  ��,� − ��,���!| 
 

If we look carefully to the last written formula we can see that it is close related to 

Method 2. The main difference is that in method 3, the difference in the departure is 

also taken into account. Therefore, this kind of metric is especially resistant in relation 

to variations and differences in the clocks of the two hosts where the measurement 

points are located. This makes it possible to realize measurements even if those two 

hosts are not synchronized. 
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4.1.4 Method 4: Delay variation of consecutive packets with 

exponential filter 1/16 

 

Using this method obtains the new value of the Jitter using the delay variation of pairs 

of consecutive packets and the previous value of the jitter, and applying an exponential 

factor of 1/16 [16]. 

We obtain the delay variation: 

 

∆�� = " ��,� − ��,���! −  ��,� − ��,���!"   , 
 

and we use it to calculate the new value of the jitter 

 

�� = ���� + |∆��| − ����16    . 
 

The previous expression can be arranged as 

 

�� = 1516 ���� + |∆��|16    , 
 

where i is the current packet and the initial value  �& = 0 . 
 

4.1.5 Method 5: Difference between current and average delay 

 

This method calculates jitter as difference between the delay of current packet and the 

average latency. This average latency is calculated over the duration of the test, at the 

end of each measuring interval. 

This method is suggested and endorsed by some service providers. 
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�� = |�� − �(|  , 
 

where i is the current packet. 

 

4.1.6 Method 6: Standard deviation of the arrivals 

 

This method calculates the jitter as the standard deviation of the difference in the 

inter-packet times at both sides of the communication, sender and receiver, in an 

interval T.  

These measurements and the following calculation of statistics based on them are 

realised independently from each others. Afterwards we will observe the differences 

between the result at the sender and the receiver for conclusions.  

The definition can be expressed as follows. 

 

Considering T* and T( as 

 

�� = |��,� − ��,���| 
 

when we are measuring at the receiver, and 

 

�� = |��,� − ��,���| 
 

when we are measuring at the sender. 

 

�+ = �� 
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where i is the current packet, n is the total number of received packets and T is the value 

of the interval we are measuring into. 

 

Using the expression of the Standard Deviation 

 

� = , 

 

, = - 1N − 1 /(�� − T()2
∀�

= - 1� − 1 /(��2 − 2���+ + �+ 2)
∀�

 

 

= - 1� − 1 / ��2∀�
− 2� − 1 / ���+∀�

+ 1� − 1 / �+ 2
∀�

 

 

= - 1� − 1 / ��2∀�
− 2� − 1 �+��+ + 1� − 1 ��+ 2 

 

we obtain the desired expression 

 

� = - 1� − 1 / ��2 − �� − 1 �+ 2
∀�

 

  



22 
 

4.2 Possible scenarios 

After describing the most interesting methods we will observe their performance in 

measuring jitter under different circumstances. We will describe and analyze seven 

different scenarios trying to represent the most common cases of network behaviour. 

The architecture we are going to use is shown in Figure 3. 

 

 

Figure 3. Schema of system architecture 
 

Note that all the following scenarios will have two common characteristics: the 

sequence numbers for the six packets at the sender are 1, 2, 3, 4, 5, 6, always in this 

order; the packets of every scenario have the same times at the sender (0 ms, 2 ms, 

4 ms, 6 ms, 8 ms and 10 ms); and the time length of the measurement interval is 15 ms. 

Only in the “Scenario 7” the packets have different times at the sender but still having 

the same measurement interval and same sequence numbers. 

 

4.2.1 Scenario 1: Ideal Behaviour 

The six packets arrive to the receiver on times: 3 ms, 5 ms, 7 ms, 9 ms, 11ms and 13 ms. 

In this case the network provides a constant value of the delay. All packets have the 

same delay, so they arrive with a constant 2 ms difference between each other, just like 

they were sent. 

This is considered the ideal case, so it will act as a reference of the ideal network 

behaviour. 



 

Figure 4. Chart of delay (Left) / Packet transmission schema (Right)
 

4.2.2 Scenario 2: Sudden and constant change in the delay (Step)

The six packets arrive to the receiver on times: 2

14 ms. 

In this case the network provides a constant delay for the first three packets, then 

increases that delay and continues constant for the next three.

This scenario can emulate an internal change on the network such as a broken router 

and the consequent change on the path of the packets,

increment on the background 

Figure 5. Chart of delay (Left) / Packet transmission schema (Right)
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Chart of delay (Left) / Packet transmission schema (Right)

Scenario 2: Sudden and constant change in the delay (Step)

The six packets arrive to the receiver on times: 2 ms, 4 ms, 6 ms, 10

In this case the network provides a constant delay for the first three packets, then 

increases that delay and continues constant for the next three. 

This scenario can emulate an internal change on the network such as a broken router 

nt change on the path of the packets, yielding a large delay

background traffic, implying large delays. 

Chart of delay (Left) / Packet transmission schema (Right)
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Chart of delay (Left) / Packet transmission schema (Right) 

Scenario 2: Sudden and constant change in the delay (Step) 

ms, 10 ms, 12 ms and 

In this case the network provides a constant delay for the first three packets, then 

This scenario can emulate an internal change on the network such as a broken router 

yielding a large delay, or an 

 

Chart of delay (Left) / Packet transmission schema (Right) 
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(Steps) 

The six packets arrive to the receiver on times: 2

12 ms. 

In this case the delay is increasing constantly and then decreasing in the same way. The 

variation in the delay is the same for consecutive packets.

Networks which are not stable

Figure 6. Chart of delay (Left) / Packet transmission schema (Right)
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Scenario 3: Gradual Increments and decrements of 

The six packets arrive to the receiver on times: 2 ms, 5 ms, 8 ms, 10

In this case the delay is increasing constantly and then decreasing in the same way. The 

in the delay is the same for consecutive packets. 

stable, regarding to delay, could show a similar behaviour.

Chart of delay (Left) / Packet transmission schema (Right)

Scenario 4: Alternated Delays (Saw Tooth) 

The six packets arrive to the receiver on times: 2 ms, 6 ms, 6 ms, 10

In this case the consecutive packets have different delays. This behaviour

ets take alternating paths presenting different delays, or if a router 

places consecutive packets on two different queues alternating delay values

4 5 6

Sequence Numbers

Scenario 3: Gradual Increments and decrements of the delay 

ms, 10 ms, 11 ms and 

In this case the delay is increasing constantly and then decreasing in the same way. The 

could show a similar behaviour. 
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ms, 10 ms, 10 ms and 

This behaviour can appear if 

different delays, or if a router 

alternating delay values.  
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4.2.5 Scenario 5: A single packet with big delay 

The six packets arrive to the receiver on times: 2

12 ms. 

In this case all the packets have constant and small delay but one of them presents a 

much bigger delay. This behaviour can be frequently observed in network

caused by route modifications

causes. 

Figure 8. Chart of delay (Left) / Packet transmission schema (Right)
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Chart of delay (Left) / Packet transmission schema (Right)

Scenario 5: A single packet with big delay (Spike)

The six packets arrive to the receiver on times: 2 ms, 4 ms, 12 ms, 8

In this case all the packets have constant and small delay but one of them presents a 

much bigger delay. This behaviour can be frequently observed in network

modifications due to changing congestion levels, link failures and other 

Chart of delay (Left) / Packet transmission schema (Right)
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(Spike) 

ms, 8 ms, 10 ms and 

In this case all the packets have constant and small delay but one of them presents a 

much bigger delay. This behaviour can be frequently observed in networks. It is mainly 

changing congestion levels, link failures and other 
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4.2.6 Scenario 6: All packets arrives to the receiv

length of the whole interval (Clumping at receiver)

The six packets arrive to the receiver on times: 10 ms, 11

15 ms. 

In this case the packets are delayed into the network and arrive to the receiver all 

together in a short time at the end of the whole measuring interval. This behaviour is 

similar to the clumping phenomenon observed in actual networks.

Figure 9. Chart of delay (Left) / Packet transmission schema (Right)
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Scenario 6: All packets arrives to the receiver in a small time 

length of the whole interval (Clumping at receiver)

The six packets arrive to the receiver on times: 10 ms, 11 ms, 12 ms, 13

In this case the packets are delayed into the network and arrive to the receiver all 

together in a short time at the end of the whole measuring interval. This behaviour is 

similar to the clumping phenomenon observed in actual networks. 

Chart of delay (Left) / Packet transmission schema (Right)

o 7: All packets are sent from the sender in a small 

time length of the whole interval (Spreading at receiver

In this scenario the packets are sent on times: 0 ms, 1 ms, 2 ms, 3 ms, 4 

And they arrive to the receiver as on the “Scenario 1: Ideal behaviour” on times: 3

ms, 11 ms and 13 ms. 

In this case depending on how we set the measuring interval, packets can be considered 

at the sender or spreading out at the receiver. 
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er in a small time 

length of the whole interval (Clumping at receiver) 

ms, 13 ms, 14 ms and 

In this case the packets are delayed into the network and arrive to the receiver all 

together in a short time at the end of the whole measuring interval. This behaviour is 
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Figure 10. Chart of delay (Left) / Packet transmission schema (Right)
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Chart of delay (Left) / Packet transmission schema (Right)
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4.3 Method comparison 

After describing the most characteristic scenarios and check the performance of each 

method, results will be shown and commented in an objective way.  

Note that Method 1 is placed at the right side of the each table because it gives a global 

idea of the scenario. 

 

4.3.1 Scenario 1 (Ideal Behaviour): 

Table 2. Scenario 1 (Ideal Behaviour) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 3 3 - - 0 0 Sender 

0 0 

2 2 5 3 - 0 0 0 
1,225 

3 4 7 3 0 0 0 0 

4 6 9 3 0 0 0 0 Receiver 

5 8 11 3 0 0 0 0 
1,225 

6 10 13 3 0 0 0 0 

  
Average 3 

       
 
We can observe that methods 1, 2, 3, 4, 5 show the jitter as 0. Also Method 6 shows that 

jitter values are not zero but the values have not changed from the sender to the 

receiver. So it means, no additional jitter is detected. 

All the methods show perfectly the behaviour described in this scenario. 
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4.3.2 Scenario 2 (Step): 

Table 3. Scenario 2 (Step) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 2 2 - - 0 1 Sender 

2 1,095 

2 2 4 2 - 0 0 1 
1,225 

3 4 6 2 0 0 0 1 

4 6 10 4 2 2 0,125 1 Receiver 

5 8 12 4 2 0 0,117 1 
0,837 

6 10 14 4 0 0 0,110 1 

  
Average 3 

       
 

According to the table we can guess from the Method 2 that after the third packet some 

jitter was introduced, there is a variation on the inter-packet times at the receiver of 

2 ms after receiving fourth packet and again after fifth, but it does not give a clear 

picture of the scenario. 

In contrast, the Method 3 shows it more accurately. It presents the variation of the delay 

in the fourth received packet, just as actually happened, giving a better picture of the 

scenario than the previous method. 

Method 4 increases its value when the variation on the delays occurs and then slowly 

decreases while delays are constant. It also gives a clear picture of what is happening. 

Looking to Method 5 we can observe that during the measurement the values of has not 

differed much from the average delay (1 ms in every case). So, although it does not 

provide a clear picture of the scenario, it shows that jitter values are comparably low in 

the interval. 

Method 6 shows a decrease in the value on the receiver compared with the sender. In 

this case the only interpretation is that the packets in the receiver are better distributed 

in time during the interval than in the sender. That means that the receiver has a 

distribution closer to the ideal (�� = 56 ; where N is the total number of packets, T the 

interval and �� the ideal inter-packet time) than the sender. 

Finally Method 1 presents the value of the difference in the maximum and minimum 

delay which in this case is 2 ms. 
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4.3.3 Scenario 3 (Steps): 

Table 4. Scenario 3 (Steps) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 2 2 - - 0 1 Sender 

2 0,894 

2 2 5 3 - 1 0,063 0 
1,225 

3 4 8 4 0 1 0,121 1 

4 6 10 4 1 0 0,114 1 Receiver 

5 8 11 3 1 1 0,169 0 
1,517 

6 10 12 2 0 1 0,221 1 

  
Average 3 

       
 

 

Method 2 gives almost the same information as the previous scenario but with lower 

values. This method describes well the inter-packet time variation but not the instability 

the network is starting to present. 

In contrast, observing to the values of Method 3 the network instability can be detected. 

You can observe the presence of 1 ms jitter in the delay of almost every packet at the 

receiver. 

Method 4 describes perfectly the instability previously mentioned but, unlike Method 3, 

does not show, in a quick look, the size of the variation of delay. 

The values obtained applying Method 5 shows that the delays of the packets are: two 

third of the total 1 ms away from the average, and one third have the average value. 

Although the values do not describe the whole scenario, the values allow us to get an 

idea of the network status. 

Analysing the results of the Method 6 we find that the value at the sender is lower than 

at the receiver, which means the packets are not arriving like they were sent and they 

have a worse distribution during time interval at the receiver than at the sender. 

Method 1 presents value of the difference in the maximum and minimum delay at the 

interval which is 2 ms, as before. 
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4.3.4 Scenario 4 (Saw Tooth): 

Table 5. Scenario 4 (Saw Tooth) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 2 2 - - 0 1 Sender 

2 1,095 

2 2 6 4 - 2 0,125 1 
1,225 

3 4 6 2 4 2 0,242 1 

4 6 10 4 4 2 0,352 1 Receiver 

5 8 10 2 4 2 0,455 1 
1,975 

6 10 14 4 4 2 0,552 1 

  
Average 3 

     
 

If we observe the results obtained by using Method 2 we can see a 4 ms value on every 

new packet at the receiver. The values are much higher than in the previous scenarios 

and placed during the whole interval. 

Method 3 shows 2 ms jitter on the delays of all the new packets at the receiver. These 

values of the jitter are higher and more generalized during the interval than in previous 

scenarios. We can know from these results that the network is unstable because delays 

are fluctuating all the time. 

Looking at the values of Method 4 is it possible to see how the values are constantly 

growing. It means there are variations of delay in every new arrival. And that is exactly 

what it is happening. 

Analysing the results of Method 5 you can get a general idea but not a clear picture of 

what is actually happening. There are variations of 1 ms away from the average delay 

for all the packets. 

On this scenario the values of Method 6 are not equal at the sender and at the receiver. 

So, we can deduce that packets are not arriving like they were sent. Due to the increase 

of the value of the inter-packet delay, we can say that packets have a worse distribution 

during the time interval at the receiver than at the sender, and in a higher extent than in 

previous scenarios. 

The value of the difference in the maximum and minimum delay at the interval is 2 ms 

as is shown by Method 1. 
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4.3.5 Scenario 5 (Spike): 

Table 6. Scenario 5 (Spike) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 2 2 - - 0 1 Sender 

6 2,449 

2 2 4 2 - 0 0 1 
1,225 

3 4 12 8 6 6 0,375 5 
4 6 8 2 4 6 0,727 1 Receiver 
5 8 10 2 2 0 0,681 1 

3,987 
6 10 12 2 0 0 0,639 1 
 

 
Average 3 

     
 

For this case, Method 2 shows a very high value of 6 ms after the arrival of the 

packet number 3 to the receiver, and the value decreases in the following packets. There 

are decreasing values of the jitter around a higher one. 

Observing the results of Method 3 we can easily locate the “spike” on present on this 

scenario. We can see a large increase of the delay when the packet number 3 arrives to 

the receiver. 

Method 4 presents a big increment of the values when variations appear and then they 

decrease gradually when they disappear. Despite it is not as easy to be interpreted as 

other methods, it gives a good description of the scenario. 

Unlike on previous cases, Method 5 gives us a clear picture of the scenario, making it 

easy locate the “spike”. It shows a 1 ms variation from the average in every packet 

arrived to the receiver but in the number 3, that is 5 ms. 

The results of Method 6 indicate an obvious change between the distribution during the 

time interval at the receiver and the distribution at the sender. At the receiver is around 

3 times higher than at the sender. So, the situation of the packets was much more 

optimal at the sender than at the receiver. 

Method 1 shows the value of the difference between the maximum and minimum delay 

which in this case is 6 ms, which is a high value. 
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4.3.6 Scenario 6 (Clumping at receiver): 

Table 7. Scenario 6 (Clumping at Receiver) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 10 10 - - 0 2,5 Sender 

5 1,871 

2 2 11 9 - 1 0,063 1,5 
1,225 

3 4 12 8 0 1 0,121 0,5 
4 6 13 7 0 1 0,176 0,5 Receiver 
5 8 14 6 0 1 0,228 1,5 

3,674 
6 10 15 5 0 1 0,276 2,5 

  
Average 7,5 

     
 

If we compare the results of Method 2 on this scenario with the results of the same 

method in the Scenario 1 (ideal behaviour) they are identical. This can lead to a 

misunderstanding of what is actually happening. When interpreting these data we have 

to know that even if we have no jitter at the receiver, the scenario will not necessarily be 

ideal. 

If we look at the data given by Method 3 we can see that there is a 1 ms jitter on every 

packet arrived to the receiver. So there is jitter all over the interval but with low values. 

With these values we cannot make an accurate picture of the scenario because there are 

other scenarios that could match with these results, for example a Saw Tooth scenario 

with a 1 ms difference between a big tooth and a small tooth.  

Method 4 has the same problem as the previous method on this scenario. There is jitter 

in every arrival but is not possible to deduce how the network is actually behaving. 

The values obtained by applying Method 5 are 2.5 ms of variation from the average for 

the first and sixth packet; 1.5 ms for the second and fifth; and 0.5 ms for the third and 

forth. The values are decreasing 1 ms each packet till the average latency and then 

increasing in the same way. 

On this scenario Method 6 shows that the value at the sender is lower than at the 

receiver, which means that the packets have a distribution during time interval worse at 

the receiver than at the sender. This is because all packets arrive to the receiver in a 

short period of time that is very far from the ideal pattern. 

Method 1 shows 5 ms as the difference between the maximum and minimum delay. 
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4.3.7 Scenario 7 (Spreading at the receiver): 

Table 8.Scenario 7 (Spreading at the Receiver) measurement results 
 

Seq. 
Num. 

Sender Receiver Delay 
Meth. 

2 
Meth. 

3 
Meth. 

4 
Meth. 

5 
Meth. 6 

Meth. 
1 

Standard 
Deviation 
of Delay 

1 0 3 3 - - 0 2,5 Sender 

5 1,871 

2 1 5 4 - 1 0,063 1,5 
3,674 

3 2 7 5 0 1 0,121 0,5 
4 3 9 6 0 1 0,176 0,5 Receiver 
5 4 11 7 0 1 0,228 1,5 

1,225 
6 5 13 8 0 1 0,276 2,5 

  
Average 5,5 

      
 

On this scenario Method 2, as on the previous case, can lead to a misunderstanding 

because the results are just the same as the Scenario 1 (ideal behaviour), even the time 

instants when the packets are arriving at the receiver. As we can observe, there is no 

jitter on the inter-packet times at the receiver. 

The data given by Method 3 shows a 1 ms jitter on every packet arrived to the receiver. 

As it was explained in the previous scenario, when we obtain these values we cannot 

make an accurate picture of the scenario because there are other scenarios that could 

match with these results, for example a Saw Tooth scenario with a 1 ms difference 

between a big tooth and a small tooth. 

In this case, Method 4 has the same problem as on the previous scenario. There is jitter 

in every arrival but is not possible to know how the network is actually behaving. 

The output of the Method 5 is again the same as on the previous scenario: 2.5 ms of 

variation from the average for the first and sixth packet; 1.5 ms for the second and fifth; 

and 0.5 ms for the third and forth. The values are decreasing 1 ms each packet till the 

average latency and then increasing in the same way. 

In this case, the Method 6 presents just the opposite values to the ones given on 

“Scenario 6”, and shows that the value at the receiver is lower than at the sender, which 

means that the packets have a distribution during time interval worse at the sender than 

at the receiver. This is due to the relatively big measuring interval chosen at the sender, 

which makes the packets look “clumped” at the beginning of the interval.  

Method 1 shows 5 ms as the difference between the maximum and minimum delay. 
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4.4 Discussion 

4.4.1 Description of the scenario 

When we talk about description of the scenario, we mean the extent the method is 

capable to show what is actually happening. If we can guess which scenario the method 

is measuring into, just by looking the results, it is giving a good description of the 

scenario. If we cannot, for example because there is more than one scenario that 

presents the same results, it is giving a bad description. 

Methods like 1 and 6 give no description of the scenario while other metrics performed 

packet by packet (methods 2, 3, 4 and 5) give good descriptions for concrete cases. But 

also we have to think about how much the description of the scenario is needed. If the 

results of the method used show that the performance is correct we do not really care 

about what is happening as long as the system is working properly. Method 6 is a good 

example of this, although it does not describe the scenario, this method gives a fairly 

accurate idea of the behaviour, proper or not, of the network. 

 

4.4.2 Resources cost 

There are methods such as 2, 3 and 4 that have a high cost of resources due to the 

amount of stored data required and the complexity of the calculation. Then, methods as 

5 and 6 with a medium level of processing cost. Finally, method 1 has a very low 

processing cost because it only stores two values and makes the calculation at the end of 

the measuring interval. 

High cost of resources can become a drawback in services that needs a quick response. 

For example, using methods 2, 3 or 4, if there is reordering we would have to wait till 

the missing packet arrives to perform all the calculations. It will mean having a lot of 

data stored and performing a lot of calculations at the same time. 

 

4.4.3 Need of synchronization 

There are some methods that need sender and receiver to be synchronized. For 

calculating the delay of the packets you need a time stamp at the sender and a time 
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stamp at the receiver; to be able to compare these stamps, the clocks that gave those 

time values must be synchronized, otherwise the value of the delay probably will be 

wrong. This is the case of methods 1 and 5. Also Method 3 could seem to be 

synchronisation dependant but, as we explained on Chapter 4.1.3, we can arrange the 

equation for it to be independent. Method 4 is independent for the same reason. 

Method 2 does not need synchronization at all because it only uses the time stamps 

generated and assigned at the receiver. Since we are using a single clock we do not need 

to worry about synchronization. 

Finally, Method 6 despite it uses both time stamps at the sender and at the receiver, it 

uses them independently. It calculates the values of the receiver with the time stamps of 

the clock on the receiver and the values of the sender with the time stamps of the clock 

on the sender. Even though it seems to be synchronisation independent, there is the need 

to use the same measuring intervals at sender and receiver (i.e. to perform the 

measurements on the same packets at both sides of the communication). Clock drift 

might be an issue. 

 

4.4.4 Data dependence between sender and receiver 

We say there is data dependence between sender and receiver when the method needs 

data from both sides to perform the calculations. For example, to calculate the delay, to 

have the time stamp at the sender and the time stamp at the receiver is needed. This 

implies that methods 1, 3, 4 and 5 have data dependence between both sides of the data 

transmission. Method 6 has a lighter dependence, we do not need share data in order to 

perform the calculations but we need somehow to compare the results obtained at the 

sender and at the receiver to be able to get conclusions. In contrast to the previous 

methods, Method 2 has data independence because we only use the time stamps at the 

receiver. 

Methods with data dependence, although they can be more accurate in some cases, are 

sensible to data loss. So, these methods can become muted as soon as loss appears. It is 

also true that if methods are completely data-independent, they may miss important 

information that could be useful for analysis. Therefore, to avoid missing that important 

information, we should find a method independent from data, but not completely. 
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4.4.5 Capability to face Packet Loss 

If the definition of DJ is observed, in the most of the cases is “the variation between…”, 

once there is packet loss there is no information to perform the calculations needed. The 

measurements are based in an ordered sequence numbers, so every calculation is related 

to, at least, the previous and the current packet; therefore, if one packet is lost two 

different DJ calculations are missed. 

The conclusion is that there is not a real way to directly face packet los in order to 

calculate the DJ. But maybe there is no need. Since the packet loss is the most important 

indicator of the wrong performance of the network, an interval that suffered both of 

them can be just tagged as “Interval with Packet Loss” which shows the most harmful 

effect affecting the interval. 

Using methods like Method 6 where values obtained at both sides of the communication 

are compared, is it possible to use the result as an indicator the status of the network, 

even if that result has not a valid jitter meaning, because there was packet loss. In this 

case the values given by Method 6 would increase drastically if there were packet loss, 

showing that there is obviously a problem on the network performance. The problem 

described in this point might need to be addressed more deeply in future. 
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5 Conclusions and future work 

The aim of this thesis is to provide the instrumentation to a measurement module for the 

PERIMETER project. This module is to perform end-to-end traffic measurements and 

analyse the obtained results in order to take statistics and store them in a database, so 

that, the decision maker module can use them for taking the proper decisions, and 

trigger Vertical Handover if needed. 

According to that, the chosen method should have low cost of resources to speed up the 

decisions and react on time against the changes on the network performance. Also there 

is no need to give with the results a clear picture of what is exactly happening, but a 

reliable indicator of the status of the network. This is a more useful and faster way to 

detect problems than giving a big amount of unnecessary information. 

This thesis is oriented to facing packet loss, so the less data dependence between sender 

and receiver the better, as in case of loosing information the calculations can still be 

performed.  

As it was deduced during this work, directly facing packet loss is not possible when 

performing delay jitter calculations. In order to handle that problem, the method or the 

system itself must provide a way to, somehow, fill that lack of reliability. This can be 

done finding other special methods oriented for that, or using the results of our method 

as indicator of the network status instead of a pure delay jitter value. 

Referred to the synchronization, the optimal case is the total independence of the sender 

and the receiver, but it is very difficult to provide quality information with no kind of 

synchronization at all. 

After all these considerations, and comparing them with the results obtained the most 

suitable method for our needs is Method 6. The idea is based on studies about a system 

that uses throughput histograms, instead jitter statistics, which are exchanged between 

sender and receiver and compared, to be finally used as a QoS indicator for detecting 

potential bottlenecks [5]. But it does not mean that it is filling easily all the 

requirements, there are some aspects that should be considered about the 

implementation. Some examples are: how to synchronize the measuring intervals at the 

sender and the receiver; and how to share the statistics taken on both sides of the 
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communication, in order to be compared for the decision making. These would be good 

candidate topics of future research. 

This thesis is coordinated with the Master Thesis, Implementation of a measurement 

module for seamless vertical handover, with the aim of implement in the passive 

measurement module with the help of this theoretical research. This module will be 

used in the PERIMETER project with the scope of providing user centric mobility in 

heterogeneous environments. 
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Appendix A: Delay Jitter Methods Summary 

 

 

Method number Method 1 Method 2 Method 3 Method 4 Method 5 Method 6 

Eventual name of the method Maximum jitter Jitter on arrivals 
Delay variation of consecutive 

packets 

Delay variation of 

consecutive packets 

with exponential filter 

1/16 

Difference between 

current and average 

delay 

Standard deviation of the 

arrivals 

Singleton / Sample Metric Sample Singleton Singleton Singleton Sample Sample 

Algorithm � = �789 − �7:6 �� = |∆�;,� − ∆�;,���| �� = | �;,� − �;,���! −  �<,� − �<,���!| �� = 1516 ���� + |∆��|16  �� = |�� − �(| � = - 1� − 1 / ��2 − �� − 1 �+2
∀�

 

Interval / Packet by packet Interval Packet by packet Packet by packet Packet by packet Packet by packet Interval 

Extent the method is capable 

to show what is actually 

happening 

Very bad Good Very good Very good Bad Very bad 

Resource Cost Low High High High Medium Medium 

Need of synchronisation Yes (Time stamps) No No Yes (Time stamps) Yes (Time stamps) Yes (Measuring interval) 

Data dependence between 

sender and receiver 
Yes (Time stamps) No Yes (Time stamps) Yes (Time stamps) Yes (Time stamps) Yes (Statistics) 
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Appendix B: Reordering Methods Summary 

Eventual name of the 

method 
Discontinuity Detection Reordered Packet Ratio Reordering Extent Reordering Late Time Offset 

Gaps Between Reordering 

Discontinuities 

Singleton / Sample 

Metric 
Singleton Sample Sample Sample Sample 

Algorithm 
Check Figure 2. Flow diagram 

of the discontinuity detection 

�� = ���� 

�� ≡ �>?@AB CD BACBEABAE FGHIAJK 

�� ≡ �CJGL M>?@AB CD FGHIAJK 

The maximum distance, in 

packets, from a reordered 

packet to the earliest 

packet received that has a 

larger sequence number. 

The maximum distance, in 

time, from a reordered packet 

to the earliest packet received 

that has a larger sequence 

number. 

A reordering gap is the distance between 

successive reordering 

discontinuities. Can be measured in Time 

or Number of Packets. 

Applicable for packet 

loss 

Yes 

(By adding activating a timer 

when a discontinuity is detected, 

in order to determine the time it 

is possible to wait before 

considering a packet as lost) 

Yes 

(Using the lost packets instead 

reordered) 

No No Yes 

 


