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Abstract

Congestion control in the signaling system number 7 is a necessity to fulfil the require-
ments of a telecommunication network that satisfy customers’ requirements on quality
of service. Heavy network load is an important source of customer dissatisfaction as
congested networks result in deteriorated quality of service. With the introduction of a
Congestion Control Mechanism (CCM), that annihilates service sessions with a pre-
dicted completion time greater than the maximum allowed completion time for the ses-
sion, network performance improves dramatically. Annihilation of already delayed
sessions let other sessions benefit and increase the useful overall network throughput.
This report discuss the importance of customer satisfaction and the relation between
congestion in signaling networks and customer dissatisfaction. The advantage of using
network profit as a network performance metric is also addressed in this report.
Network profit and network costs are given a stringent definition with respect to cus-
tomer satisfaction. An expression of the marginal cost for accepting or annihilating ses-
sions is also given.
Finally, the CCM is refined using a decision theoretic approach that bases the decision
of annihilation on the average profit attached to each of the two possible actions, i.e.
annihilate the session or not. The decision theoretic approach use a load dependent
probability distribution for the completion time.
The results in this report indicate that the decision theoretic approach to the CCM
(DCCM) is robust and can handle very high overloads, both transient and focused,
keeping the network profit on a high level.

1. Introduction
In the face of growing competition in the telecommunications industry caused by removals

of monopolies, customers are very concerned about the level of service provided. This means
that, in a situation with rapid changes in telecommunications usage and requirements, there are
solid business reasons for operators and providers to take a profit oriented look at performance
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issues and related matters which previously might have been regarded as purely technical is-
sues. It is clear that there is a connection between performance and service degradation in the
network and customer dissatisfaction caused by e.g. delayed or lost calls.

The introduction of Intelligent Networks (IN) has made changes to signaling patterns and
real time requirements in the signaling network with respect to complexity. This new require-
ments for signaling networks also affects the requirements on overload control, which is a nec-
essary tool to maintain the operability of the signaling network.

The subject of this work is to study new mechanisms for robust load control that use a prof-
it- and network oriented approach to the problem of congested networks. The connection be-
tween customer dissatisfaction and performance degradation is also discussed.

2. Signaling in Telecommunication Networks

2.1 The Common Channel Signaling System #7 (SS7), introduction

In 1972 the first common channel signaling recommendation, CCITT No. 6, was introduced
for international signaling. It was later replaced by CCITT No. 7 in 1980. A common channel
signaling system is characterized by that it uses separate channels for signaling information,
and user data. A common channel signaling network can then be viewed as a packet switched
network with fixed packet size, overlaid on the trunking network. The SS7 is needed for
exchanging messages regarding e.g. call set up, supervision and take down and is essential to
obtain full operability in modern telecommunication networks.

The benefits of SS7 compared to older signaling systems are:

• reduced set up times,

• enhanced signaling capabilities, security and flexibility,

• Intelligent Network capabilities are enabled,

• a worldwide standard is provided.

2.2 The SS7 protocol model

The protocol model used in SS7 has a structure similar to the OSI-model, a simplified
structure is shown i fig. 2.1.
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Figure 2.1: SS7 protocol architecture

The message transfer part (MTP) is the basic building block for reliable connectionless
transport of signaling information within a signaling network. The Signaling Connection Con-
trol Part (SCCP) enhances the function of MTP in the areas of connection oriented services,
connectionless control, routing and management. The upper protocol layers, the user parts,
provides the signaling functions needed to support MTP. The ISDN-user part (ISUP) provides
signaling information to support MTP for switched voice and data. The ISUP also provides all
the functions needed to support advanced IN-services. Prior to the ISUP the Telephone User
Part (TUP) was used to support control of telephone calls. The transaction capabilities (TC)
protocol provides control and transfer of non-circuit related information such as location of
mobile roamers, operation and maintenance, or any kind of service that may require a query/
response type of interaction. The TC consists of the Transaction Capability Application Part
(TCAP) and the Intermediate Services Part (TC-ISP). The IN application protocol (INAP), is a
protocol within the component sublayer of TCAP, and is of primary interest for the operability
of IN services.

2.3 Messages and signaling schemes in SS7

The signaling information is contained in Message Signal Units (MSU), which may be
regarded as packets in a packet switched network. The MSU contains the UP-messages. There
is a large set of predefined message types where each message type performs a specific func-
tion. Typical examples of ISUP-messages are Initial Address Message (IAM) which initiates a
call setup, and Address Complete Message (ACM) which indicate the complete receipt of the
called party address at the final destination exchange. In figure 2.2 an ISUP call setup is shown,

MTP-Levels 1-3

ISUP TUP

SCCP

TC-ISP

TCAP

OSI 1
OSI 2

OSI 3

OSI 4-6

OSI 7



4

Answer message (ANM) indicates that the call has been answered.

Figure 2.2:ISUP call setup example

2.4 The signaling network, a generic model

In the sequel of this report, a generic model of a signaling network withN nodes andM
links is used. All nodes may serve as Signaling Points (nodes) or Signaling Transfer Points
(transit nodes) connected via Signaling Links (links) in a mesh structure where Signaling
Points originate and terminate signaling.

The network supportsS distinct services, each of which has its own, specific signaling
sequence which is executed each time the service is requested. Each such execution is referred
to as a signaling session. The number of signals in each session and the list of nodes invoked
may vary from one service to another (e.g. calling a fixed or mobile subscriber), and also
depend on the outcome of the request (e.g. answer, no answer, and busy).

A service’s maximum time for completion,Ts, is set by timers and system parameters in the
signaling network, or by the customers’ patience, i.e. the call is abandoned if it is delayed. A
service session can not be considered concluded until all signals have successfully reached
their destination within the service’s maximum allowed time for completion. A service session
that exceeds its permitted completion time displeases the customer, increases the network load
and deteriorates network performance. The network model is further described in chapter 9.
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3. An Introduction to Intelligent Networks

3.1 What is Intelligent Networks (IN)?

The term Intelligent Network (IN) was first used in 1984 by Bellcore in order to help the
Regional Bell Operating Companies to become more competitive in the deregulated telecom-
munications environment. The original goal was to provide network operators with the ability
to introduce, control, and manage services more effectively by using a centralized database in a
Service Control Point (SCP).

The basic idea of IN today is to facilitate provisioning of new services quickly and inde-
pendently from the telecommunications network and equipment vendors. The IN will act as a
distributing and centralizing framework of the telecommunication services where new service
is introduced rapidly and cost effectively.

IN is applicable to a wide variety of networks e.g. public switched telephone networks
(PSTN), mobile networks (GSM and others), or Broadband ISDN (B-ISDN).

3.2 Functional architecture of the IN

The main elements of the IN architecture are:

• Service Switching Point (SSP)

• Signaling Transfer Point (STP)

• Service Control Point (SCP)

• Service Data Point (SDP)

• Service Management System (SMS)

• Service Creation Environment (SCE)

• Intelligent Peripheral (IP)

TheSCP is the core of the IN and contains the service logic that controls the IN-based services,
assisted by theSDP which provides data about the customers and the network. TheIP contains
special functions like announcement machines and is used to communicate with the users of a
service. TheSSP provides the end-user access to the IN-services. It contains trigger points for
detecting service access codes and sending service requests to theSCP. TheSCP andSSP’s
may be interconnected viaSTP’s. TheSMS is used for operation and maintenance tasks, such
as provision of services or collection of statistics. TheSCE contains functions for defining, de-
veloping and testing IN-based services. An overview of the IN is shown in fig 3.1.
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Figure 3.1: Functional Architecture of the IN

3.3 Services in the IN

One of the driving forces behind the introduction of IN is the possibility to invent and intro-
duce new, innovative and advanced services in the network. This evolution will meet the cus-
tomer demands for more advanced services, but will also contribute to higher revenues for the
operator. Typical examples of IN services are:

• Freephone, the called party is charged for the call, whatever the origin or length of
the call. The calling party only need one phone number, regardless of his location,
to become connected to the nearest office of e.g. a nation wide insurance company.
The IN will perform the call distribution to determine the nearest office.

• Premium rate, the called party does business with different types of information-
or entertainment services provided.

• Personal number, the subscription is connected to an individual person and not to
a subscriber’s line. The user may log in to an arbitrary telephone set, linking this
telephone to the personal number. Outgoing calls will be charged to the personal
number.

• Televoting, can be used for elections or opinion calls in e.g. popular TV-shows.
Votes are counted by the local exchange and sequently passed to the management/
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IN database where they are collected and formatted in a suitable form for the cus-
tomer.

One of the basic ideas of IN today is to facilitate provisioning of new services quickly. This
is provided by using a modular architecture with a common platform that contains common
functionality for many services. The unique parts of a particular service are then built on top of
the platform using Service-Independent Building Blocks (SIB). A SIB is the smallest building
block that can be found in an intelligent network, and is reusable and standardized. Typical ex-
amples of SIBs arebasic call process, charge andcompare.

3.4 Signaling in the IN

The use of SS7 is essential to facilitate proper IN functionality. IN has stimulated changes in
the demands for signaling services both with respect to the number of signals in a session and
the timing requirements for a session. For example, the hand over procedure in mobile com-
munications must by definition be extremely fast. A mobile station, crossing cell boundaries at
normal highway speed, has very little time to exchange essential information with the cellular
network and thus perform the switch of base stations. A call setup in a GSM system may con-
sist of up to 40 signals invoking several nodes in the network.

4. Overload control in signaling networks

4.1 Preliminaries

The operability of the signaling network is of prime importance in securing telecommunica-
tion network performance. Congestions or other disturbances in the network therefore can give
rise to unwanted effects like e.g. long delays and lost calls which will lead to displeased cus-
tomers. A typical example of actions that can cause congestion in the network is the mass call-
in scenario within an IN triggered by e.g. a voting event in a popular TV-programme. Exces-
sive traffic to, in this case, one node will cause overload in the network. Lost calls may lead to
repeated attempts, which in turn increase loads further, and a circle of increasing loads is start-
ed which eventually may lead to complete service disruption.

The introduction of new advanced services may change the traffic patterns in the network.
They also represent increases in both communication and processing requirements. Another
major reason for congestion is of course network failures as breakdown of link connections or
signalling processors.

The main bottlenecks in a signaling network, which may be subject to overload, are the link
capacity and the protocol processing capacity. The level of link load and processor load mainly
depends on message intensities and types of messages to be processed.

4.2 Introduction

Traditionally, congestion in the signaling network is considered as an overload problem in a
local node or link. The overload problem is also resolved locally by using some kind of con-
gestion control algorithm, which keeps the load of IN-elements on a level where normal serv-
ice can be provided for longer or shorter periods, regardless of the impact on other parts of the
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network.
A whole range of mechanisms have been proposed to cope with situations of overload in

nodes or links. Most of these have been inherited from general packet switched networks such
as throttling and flow control, or from circuit switched networks such as call gapping. These
methods may work properly in a network architecture with only one central processing entity
to protect [31]. The major drawback with these traditional methods is that they, in more distrib-
uted architectures, may give rise to congestion in other, not congested, parts of the network.
Congestion situations may arise within each individual SS7 level, i.e. in level 2 (link conges-
tion), in level 3 (route set congestion), and in level 4 (User Part congestion).

The main objective of a useful congestion control mechanism is that it must be able to
resolve the overload situation in such a manner that the entire network benefits. The mecha-
nism must avoid resource utilization by unproductive work (like repeated attempts) and maxi-
mize call completion in an overload situation. Further more, it must be able to foresee an
emerging congestion, and to take adequate prophylactic steps in order to normalize the situa-
tion [4].

4.3 Overview

Most existing overload control schemes in public switches derive from pure telephone
switch applications. These schemes are normally not well suited to cope with signaling traffic.
The requirements to be put on load control in signaling networks are defined as [25,31]:

• Efficiency, the message flow should be unaffected during normal conditions and adjusted
to the right level during periods of overload.

• Robustness, the load control should be able to handle various grades of overload as well
as changes in the load.

• Fairness, the probability that, e.g. a call is received service from an SCP is the same re-
gardless of which SSP it passed. It means that if load control is introduced in SSPs, all
calls should be equally treated.

• Stability, the probability that a call passes the flow control should not fluctuate randomly
too much.

• Simplicity, the mechanism may be easily implemented.

To fulfil the requirements on congestion control there exists a spectrum of congestion con-
trol mechanisms in the literature. The most important ones are presented below [23]:

• Message dropping, signals may be dropped, e.g. at buffer overflow, without any notifi-
cation to the originator. It will be efficient during short periods of overload, otherwise re-
peated requests will cause an even worse situation.

• Message throttling, the flow of requests between e.g. the SSP and the SCP is throttled,
i.e. some of the incoming requests are rejected, either by thewindow method, i.e. the
number of outstanding requests between the SSP and the SCP is limited, or therandom
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method, only a certain percentage of all calls between the SSP and the SCP is accepted
[25], orcall gapping, a limited number of calls may be accepted per time unit.

• Prioritization , messages of certain types may be prioritized to make sure they are proc-
essed.

• Routing, new calls may be routed such that the congested area is bypassed.

• Redundancy, at least two different alternative paths are available between two nodes,
messages may be directed to the alternative path if the ordinary path is congested or dam-
aged.

These methods may also be combined to achieve optimal control, depending on the overload
cause.

In the literature, few examples of congestion control mechanisms that operate in a network
oriented way are given. A typical example is described in [32] where end-to-end congestion
control using the window method is described for e.g. the ARPANET.

4.4 Current research on congestion control in Intelligent Networks.

Current research on congestion control in the IN are focused on protecting the SCP from
overload and several papers have been published on this issue. Kihl and Nyberg studied fair
and efficient throttling in [31]. The importance of load control communication between SCP
and SSP is studied by Nyberg and Olin in [25]. The efficiency of the congestion control mech-
anisms in SS7, during severe overload e.g. mass call-in situations, is studied by Rumsewicz in
[15]. The use of congestion control in distributed multi-processor systems is studied by Ahl-
fors in [33]. In both [31] and [33], the efficiency of the PID-controller as a control mechanism
for message throttling is investigated.

The ease with which new services are made and introduced in a network is reflected in the
signaling network. New signaling traffic scenarios are expected and so are an overall increase
of signaling network load. Studies in this field are presented by Zepf and Rufa in [4].

4.5 A network- and profit oriented approach to congestion control in sign-
aling networks.

In the sequel of this report a service oriented approach to congestion control is proposed.
This means that the control mechanisms focus on performance as measured by operator profits
and hence indirectly by customer satisfaction. The approach differs from traditional ones in
that we recognise that:

• Single signals has little or no value on their own since customers neither accept nor pay
for anything but actually delivered services i.e. successfully terminated, complete signal-
ing sessions.

• Signaling sessions may differ in value depending on the service they support, for exam-
ple handovers are more important than new connections in cellular systems.

This concept focus on service requests, or rather the associated sequence of signals, and the
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likely result of each decision whether to accept, delay or reject a request. The goal is to make
sure that resources are spent wisely i.e. that processing- and transmission resources are spent
so that all accepted service requests are completed and that important ones are given priority.

5. A network approach to load control using a control mecha-
nism based on network delays.

5.1 Introduction

Assuming that only successful sessions generate revenues for the operator, it is immediately
observed that the unsuccessful ones represent a double nuisance: Not only do they fail to
generate income, but the fact that they consume processing- and transmission resources while
in the network, means that they actively contribute to delaying other sessions and thus further
increase the number of unsuccessful ones. A useful method for congestion control should then
resolve overload situations in a way that the whole network benefits by eliminating
unsuccessful sessions from the network at an early stage. The method should also focus on
optimizing network profit, not on network throughput, to fulfil the user requirements in a
competitive environment.

5.2 Annihilation of sessions, a mechanism for overload control.

It is immediately seen that the only way to completely eliminate unsuccessful sessions, is to
expand network resources or in some other way remove the overload. This is also the natural
option for repeated or permanent overloads. However, for unexpected and exceptional
occurrences of overload, current equipment and load conditions set the limits and the best one
can do is to maximise the number of successful sessions. To do so, network resources should be
spent on useful work, i.e. successful sessions, while unsuccessful ones should be removed from
the network. This is also the fundament of this congestion control mechanism: to predict the
outcome of a session and prematurely annihilate the ones which are predicted to eventually
becoming unsuccessful.

The completion time of the session is a metric revealing the state of the network. Comple-
tion times of recently completed sessions contain valuable information for nodes in order to
detect any indications of congestion. Signaling traffic essentially consists of a large number of
more or less predictable sequences, a feature which is exclusive to signaling traffic as com-
pared to general data traffic.

If the completion time and the length of a session was obtained prior to the launch, it would
then be possible to prevent sessions, which are expected to be delayed, from getting started at
all. The load in the congested part of the network is thereby reduced, increasing the probability
for other sessions to become successful. The customer would not be aware of the difference
between a delayed or an annihilated session, both will result in a failed session e.g. a lost call.
It is, however, desirable that the operator informs the customer by a message that the session
was annihilated. It is shown in chapter 6.3, that the customer is more tolerant against network
delays if one or more announcements are present, which implies that announcements will re-
duce badwill costs (chapter 7.4).
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5.3 The state machine

To estimate the completion time for a session a model using a state machine has been intro-
duced [6, 10, 26]. As shown in [26], the round trip time of the most recent signal on a link is a
good estimate of the round trip time for the next few signals to traverse that link, though the
quality of the estimate drops with time. A measure of the overall network load  from the
perspective of an originating nodeo from which thekth signal is about to be sent is given by

(5.1)

where  is the present prediction of the signal round trip time between nodeso and

d calculated from  as shown below, and  is the smallest signal

round trip time betweeno and d measured up to event . Note that
 and not identical to the conventional notation of load as system utili-

sation.
The information of round trip times given from previous signals may be molded together in

to a state machine to produce predictions of signal session completion times. The idea is to
deliver a prediction before the first signal of the session has left the originating node. There is
one such state machine per origination-destination (OD-) pair, and it consists of three states
and three transitions, figure 5.1. The states and transitions may be described as follows:

Figure 5.1: The state machine with its states and transitions.

State 1: The link has been idle for such a long time that the most recent signal round trip
time is no longer valid as a prediction for the round trip time of the next signal. The
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prediction is then set to .

Transition 1: A signal is sent from nodeo to noded.

State 2: The signal causing Transition 1 has not yet returned too. The prediction is then set

to , where  is the time so far

consumed by thekth signal.

Transition 2: The signal causing Transition 1 has returned to nodeo.

State 3: The time consumed by thekth signal is a recent signal completion time, ,

which can be used as a prediction for the next signal. Here we set .

Note that  is updated for every new round trip completion.

Transition 3: Too long time has elapsed since thekth signaling event. This happens when
, where  is the time elapsed since signaling eventk

betweeno andd.

Note that the signaling event counterk is unique to each state machine, hence , but
these subscripts are omitted for convenience.

6. The end-user approach to congested networks.

6.1 Introduction

Many years ago, surveys of customer opinion of traffic performance may have taken second
place to the problems of merely getting the network to work properly and be available to all
customers. In the deregulated telecommunications market of today, it is obvious that when a
customer can choose among different operators, customer care is the key to retain market
shares. If a customer become dissatisfied with the service provided, it is possible to switch to
another operator and enjoy lower rates and even better service.

Customer dissatisfaction may be explained by the lack of network capacity. Some of the
capacity problems are related to the signaling network, which provides a reason to continue the
research for improved congestion control algorithms. Improved performance is used by several
operators to advertise their products and to achieve a marketing advantage over their competi-
tors.

6.2 Customer satisfaction

Customer satisfaction is determined both by the expectation of the customer and by the
experience of the customer with regards to the expectation [14]. The customer can normally
put up with problems if using new services in mobile telephony and IN, but will soon loose his
patience if 5 of 10 calls in the PSTN fails. Moreover, as the novelty of advanced services grad-
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ually fades, experienced users tend to rise their expectations, and new, often less experienced
and less forgiving users are attracted to the services.

It is very difficult to measure and monitor customer satisfaction and dissatisfaction. The
level of customer satisfaction could be measured in two ways:

• The preventive method; ask the customer if the actual service delivered match his
expectations using e.g. questionnaires.

• The reactive method; measure the number of complaints to the customer support
centre, or in the worst case, measure the number of lost customers.

Using the reactive method on a highly competitive market, as telecommunications is, is
very hazardous for the operator. Rumours about operators with deficient services and quality
will soon affect the incoming rate of new customers.

The cost of customer dissatisfaction and the revenue for customer satisfaction is very diffi-
cult to calculate. Values for the bad will costs (see chapter 7.3 and 7.4) of a failed service, rang-
ing from 1.5 to 20 times the revenue for a successful service, are used in this report. It is
subject to further studies to verify these costs.

6.3 Delays in Telecommunications Networks

Several studies [16,17, 27, 28] have been performed to investigate the impact delays in tele-
communication networks have on customer behaviour. The impact post-dialling delays (PDD)
has on customer impatience is discussed in a study performed at the Bell-Northern Research
(BNR), Canada [17]. The results in this BNR-study show that delays in the intelligent network
dissatisfy the customer and will result in failed services i.e. the call is abandoned by the cus-
tomer. The study also shows that the user perception is more tolerant when the user knows that
the call involves some extra processing, e.g. cellular versus local calls, when new services are
introduced, or when delays are expected e.g. during international calls. The BNR-study is fur-
ther discussed in the next chapter.

A similar study [16], shows that the customer is more tolerant against network delays if one
or more announcements are present. The idea of context affecting impatience is discussed in
[27, 28] e.g. a study in [28] shows that business users are more eager to abandon calls then res-
idential users, a result which should be of special interest when studying mobile telephone
users.

If a failure in the call set-up procedure has occurred, the calling party must decide whether
to permanently abandon the call or to try again later. A study on retrials is performed in [28],
where it is shown that the retrial probability and time to retry are completely determined by the
calling customer behaviour under the influence of the various network indications for failure to
complete. As discussed in chapter 4, repetitive retrials is a reason for overload in signaling net-
works.

6.4 The BNR-study

Deployment of new services will result in increased PDD as the number of queries to an SCP
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increases. The BNR-study [17] shows a strong correlation between the PDD, the users impa-
tience and the likelihood of abandoning the call. The study shows that this strong relationship
was also independent of the type of call performed (i.e. local, toll, or cellular). The user impa-
tience as a function of time is modelled as log-normal distribution in the study.

The range of delays can be divided into three regions, called the ‘green’, ‘yellow’ and ‘red’
regions. For services in the ‘green’ region further improvements of network performance will
not improve satisfaction and may not be noticed at all. The ‘green’ zone should be the engi-
neering target. If services are in the ‘red’ zone, a majority of the customers are contemplating
abandonment. In the ‘yellow’ zone customers beginning to think about abandoning the call,
but very few are really upset. Services in the ‘yellow’ zone are thus very sensitive to competi-
tors.

Figure 6.1: The three zones for customer impatience shown in the BNR-study.

The time limits for the breakpoints in figure 6.1 range from 5.0 to 8.0 seconds for the
‘green’-to-’yellow’ breakpoint and from 10.5 to 17.0 seconds for the ‘yellow’-to-’red’ break-
point, depending on the type of call tested.

7. Profit as a network performance metric.

7.1 Introduction

Some aspects on the use of network loss and network profit as a metric, have already been
investigated in [7] and [13]. In this chapter a thorough and stringent definition of the network
profit idea is made.

The main advantage of using network profit as a metric is that other aspects than through-
put, i.e. the number of signal sessions passing through the network within a specific time, are
considered. Some signaling sessions are more valuable and profitable than others, both for the
operator and for the user, and should definitely be allowed to pass through the network unaf-
fected by network delays. This could be managed if less valuable and profitable sessions are
annihilated, which is the main reason for using network profit as a metric. Network profit is
also an important metric to achieve improved customer satisfaction as certain sessions are
more valuable to the user than others. An example to this is that it may be more annoying to
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lose an ongoing call during a handover then having a call set up failure.
The most important issue for network profit is as a part of the gain function used in the deci-

sion theoretic approach (chapter 8.5), where the network profit controls the decision of annihi-
lation.

7.2 The profit for a successful session

A service session, e.g. the set up of a GSM-call, is successful if the session is completed
within its stipulated time limit. The service session then generates a revenueIs, i.e. the charge
for the call, to the operator. The service session gives rise to costs in the network, which in this
model are defined as a fixed processing cost,Cp, and a variable transport cost ,

wherets is the completion time for the signaling session. The transport cost per time unit con-
sists of a transmission cost,Ct, and a costCo, that describes the influence one session has to
other sessions (see also chapter 7.4). The profit for the successful service session is then
defined as:

Ps = (7.1)

7.3 The profit for an annihilated session

A service session is unsuccessful either if it is delayed or annihilated. An annihilated serv-
ice session does not generate any revenue to the operator. The cost for an annihilated service
session is divided into two parts, a fixed processing cost,Cp, and a bad will cost,Cba. The bad
will cost is the measure of customer dissatisfaction of e.g. losing a call, and could be defined as
e.g. marketing costs, discounts, or costs for redesigning the network to increase performance.
The profit for an annihilated service session is negative and is defined as:

Pa = (7.2)

7.4 The profit for a delayed session

A delayed service session results in a failed service event and does not generate any revenue
to the operator. The cost for a delayed service session consists of a processing cost,Cp, a bad

will cost, Cbd, and a variable transport cost . The profit for a delayed service ses-

sion is also negative and is defined as:

Pd = (7.3)

Comparing (7.2) and (7.3) shows that the advantage of annihilating the session if it is pre-
dicted to be delayed, is that transport costs are removed. The costCo is essential because it
describes the marginal cost that arises if one session traversing the network consumes network

Ct Co+( ) ts⋅

Is Cp Ct Co+( ) ts⋅––

Cp– Cba–

Ct Co+( ) ts⋅

Cp– Cbd– Ct Co+( ) ts⋅–
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resources and thereby delays other sessions. On the other hand  describes the gain other
sessions enjoys when a single session is annihilated. A preliminary approach how to calculate
Co is described in chapter 8.4.

It is possible to limit the bad will costs for an annihilated session if the user is immediately
informed, e.g. by some kind of announcement or message, that the service initiated will fail
due to temporary overload. The customer will probably feel less dissatisfaction if he gets such
a message, rather than having to wait in vain. The discussion in chapter 6.3 - 6.4 indicates that
the bad will cost for a delayed session may be higher then the bad will cost for an annihilated
session.

8. A decision theoretic approach

8.1 Introduction

As discussed in 5.2, a decision has to be made whether to annihilate a session or not. If the
network costs and revenues, as described in chapter 7, should affect the decision, a more dis-
tinct theory has to be introduced. This is the foundation of the decision theoretic approach to
the annihilating congestion control mechanism (DCCM).

The decision theoretic approach, introduced in [8], uses the uncertainty in the estimated ses-
sion completion time combined with a gain function to determine the most profitable decision
of whether to annihilate or not. The gain function describes the gain obtained if the service suc-
ceeds or not. The most profitable decision is to take the actionj that maximizes the expected
value of the gain function

(8.1)

wherea is the actions to be taken,  represents the states which may be regarded as the out-

come of the decision,  is the probability distribution associated with each state  and

 is the gain function defined for state  and actionaj.

8.2 The probability distribution

The discrete probability distribution  for the random variable

describes the probability associated with each state  of the system. Two states are defined:

• = The session will be completed within the time for services,

• = The session will not be completed within the time for services,

The investigations in [5, 26] assume a straight-line relationship and a strong correlation

Co–

E w Θ aj,( )[ ] w θi aj,( ) gΘ θi( )⋅
i∀

∑=

θ
gΘ θi( ) θi

w θi aj,( ) θi

gΘ θi( ) P Θ θi=( )= Θ

θi

θ1 ts o d k, ,( ) Ts≤

θ2 ts o d k, ,( ) Ts>
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between , the actual completion time for the services, and the estimated value

, which in the sequel of this chapter may be regarded as homogenous stochastic var-

iables written  and  respectively.

Analysing the estimation error and the difference  indicates that they both can

assumed to be Gaussian. The difference  is then proved to be Gaussian with expected

value and variance  using the relation:

(8.2)

In [13] a linear probability distribution was introduced. The slope of the straight line
depends on the standard deviationσ , which in this case was fixed, and obtained from measure-
ments on a network. However, we also found that we have to use a load-dependent standard
deviation to avoid over-annihilation at a network load less then 0.7, a phenomenon which was
observed in [13].

Given that  is gaussian, the probability

can be written:

(8.3)

using formula (8.3) and assuming , then (8.3) is written:

(8.4)

where

(8.5)

Finally assume that we have an observation  of  and an observation  of

 which gives that (8.4) can be written:

(8.6)

A theoretical discussion of how to obtain the estimate , which can be calculated in real

time, is provided in Chapter 8.3.
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8.3 Calculation of the estimate s2 of the variance.

8.3.1 Introduction

From formula (8.5) we have  where

(8.7)

where the variance for each signal is summed over all OD-pairs that constitutes the session.
We assume the completion times between the signals to be independent.

To derive an explicit expression for  which can be applied in real time, explicit expres-
sions are needed for the first two moments of  and . The first and second moments for  are
derived using the state machine described in [10, 26] after some simplifications has been made
(see 8.3.2). The first and second moments for  is calculated, modelling the nodes in the net-
work as M/G/1-models. (see 8.3.5, 8.3.6).

8.3.2 A simplified state machine

The mechanism for predicting thekth signal completion time for the origin-desti-
nation (OD) pair {o,d} is fully described in chapter 5.3, n.b. the signal completion time is de-
fined as the round-trip fromo to d and back too again. To calculate the expected value and
variance of , some simplifications are needed.

Transformation of the three-state model described in 5.3 to a two-state model (figure 8.1) can
be made without major impairments in the accuracy of the model.

Figure 8.1: The new two-state model

Where state 1’ corresponds to state 1 in the three-state model and state 2’ corresponds to state
2 and 3. Transition 1’ corresponds to transition 1 in the three-state model and transition 2’ cor-
responds to transition 3. The new model is valid as we know that the ratio between the station-

σ2
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∑= =
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t t̃ t̃

t

t̃ o d k, ,( )

t̃ o d k, ,( )

1´ 2´

Transition 1´
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ary state probabilitiesP2/P3 in the three-state model is small.

8.3.3 The stationary state probabilities.

The stationary state probabilitiesP1´ andP2  ́are derived using the relationships described in
figure 8.2.

Figure 8.2: Time-diagram describing the signals causing the state transitions

• The condition for transition 1’ is: A signal is sent from nodeo to noded at time
, the actual signal completion time is .

• The condition for transition 2’ is , where

 is the elapsed time between completion of the signal ,

starting at timeτk+1, and the launch of the signal .

The time limit  is defined as

, (8.8)

whereN is the number of possible destination nodes, is the present prediction of

the signal completion time and  describes the smallest measured signal com-

pletion time between nodeo and node d. The expression fortmin is a measure of the distance
between o andd.
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The average cycle is derived from a sum of interarrival times

, where  in figure 8.3. We assume the

distribution for  to be homogeneous within each cycle with , which

gives that  whereν is the number of signals sent until the

stop condition is performed, i.e. transition 2’ is performed. Walds equation [11], then gives

(8.9)

where . The expected value, , can be calculated by conditioning on

ν = l signals sent before transition 2’, giving

(8.10)

where

, (8.11)

are the expected values for  and  respectively. In (8.10) the cdf

(8.12)

may be regarded as the probability that the stop condition is not performed within thelth inter-
val and

(8.13)

may be regarded as the stop condition is performed in the last interval. The expression for the
cdf  is then derived from (8.12) and (8.8) given

, (8.14)

where the expected value of the sum of the estimated values form nodeo to noded is defined
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as

. (8.15)

Finally the sum of the smallest measured signal completion times from nodeo to noded is
defined as

. (8.16)

Evaluating (8.9), (8.10) and (8.14) gives

(8.17)

Deriving the stationary probabilitiesP1  ́ and P2  ́ from (8.17) using
according to the theory for residual life [12] gives

(8.18)

(8.19)

8.3.4 Calculating the first and second moments of the estimated signal comple-
tion time

To calculate the variance of the estimated signal completion time, the first and second

moments of  are needed. The calculation of the first moment

is made using the formula for the estimated completion time in state 1’
as described in chapter 5.3:

(8.20)
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and for state 2’:

. (8.21)
By unconditioning on whether being in state 1´ or in state 2´, the first moment is then written

. (8.22)

Evaluating (8.22) using (8.15), (8.16), (8.18) and (8.19) yields

. (8.23)

The second order moment is written

(8.24)

which can be simplified to

(8.25)

Finally the expected value of the product  (used in formula 8.35) is
written
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(8.26)

which can be simplified to

(8.27)

8.3.5 Calculating the expected value of the actual signal completion time.

The expected value of the actual signal completion time is calculated by modelling
the transition for a signal from an originating nodeo to the destination noded as passing
through a queuing network consisting ofn M/G/1-queues as shown in fig. 8.3.

Figure 8.3:Queuing model with n M/G/1 queues.

In Figure 8.3 two different sorts of M/G/1-queues are introduced. The input-queue (I) mod-
els the MTP-layers of the OSI-model and the work-queue (W) is modelling the UP-layers. This
model is further described in chapter 9.2. In the figure, theith queue has an arrival rateλi and a
service distributionBi(t) consisting of a sum of a constant value and an exponentially distri-
buted value.
The total time in the system for a M/G/1 queue is [12]:
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(8.28)

whereb1 andb2 are the first and second moments of the service distribution. The signal com-

pletion time for a signal traversing  input-queues and 2 work-queues on its
way from the originating node to the destination node and back again is then:

. (8.29)

8.3.6 Calculating the variance of the actual signal completion time.

To calculate the variance of the actual signal the same model is used as in
8.3.5. The variance of the actual signal completion time in an M/G/1-queue is [12]:

(8.30)

whereb1, b2 andb3 are the first, second and third moments of the service time distribution.
To calculate the total variance for a signal passingn queues as shown in figure 8.3, some

simplifications are made regarding the covariance.
The variance of a sum ofK dependent sequential stochastic variablesXi is defined as:

(8.31)

whereC[Xi Xj] is the covariance between a pair of variables. It is assumed that the dependence
between a pair of variables declines as the distancei - j between two variables in a pair in-
creases. The sum of covariances in (8.31) between the completion-times for signals in a ses-
sion traversing  nodes, is in this model then approximated by the sum of the variance for
each node passed.

(8.32)

This approximation agrees with results from simulations and finally yields using (8.30),
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(8.31), and (8.32)

. (8.33)

8.3.7 Calculating the variance of the difference between the estimated and
actual completion times.

From (8.7) we know an expression for the variance. Writing this expression using the first
and second moments of the predicted and actual times, and the first moment of the product
gives

(8.34)

which is written as

(8.35)

using (8.22), (8.24), (8.26) and (8.34). Finallyσ2 is given from (8.5), (8.7) and (8.35)

(8.36)

which can be simplified to

(8.37)
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(8.38)

assuming the variance for the individual signals are independent.

8.4 A preliminary model for the marginal cost Co

It is essential for the operability of the congestion control algorithm to get a model for how
to calculate the marginal cost per time unit , introduced in chapter 7.4. This preliminary

model will describe the influence a single signal has to an arbitrary network, and how this in-
fluence depends on the network load, the network size and the parameters in the gain function.

We study thekth session, which is prepared for launch. This session has an estimated com-

pletion time, . During the time ,M sessions with completion times , will re-

side in the network, which is assumed to have a constant capacity during this period.

The sum of the completion times for these sessions is . If sessionk is annihilated, the

sum of the completion times is then reduced to , where  is the actual process-

ing time for sessionk. The time  is the fraction of the network resources consumed by ses-

sionk during its transition through the network giving .

It can be assumed that each of theM sessions in the network, on average, reduce their com-

pletion times with  time units giving a new completion time for theith session:

. (8.39)

If the completion time for a single session is reduced, the probability for that session being
successful is increased. A transfer for a session from the category delayed to the category suc-

cessful is valid if the completion time  is within the range . The probability

for this event,  is then written
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(8.40)

using (8.3) and considering the mean and standard deviation being service dependent.
The reduced completion time facilitates that more signals succeed, i.e. will be completed

within the stipulated time. The profit gained by theith signal, which is transferred from de-
layed to successful is defined as:

(8.41)

The marginal cost  for thekth session during the interval  is then defined as the ex-

pected value of  for theM sessions in the network:

(8.42)

In this first approach and also with respect to computing purposes, (8.42) may be simplified.
Investigations reveal that a reasonable approximation for (8.40) may be:

(8.43)

if the relations  and  are valid. Finally (8.42) and (8.43) then gives

. (8.44)
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8.5 The gain function

As described in [13], two actions are defined:

• a1 = annihilate a session.

• a2 = do not annihilate a session.

The gain function should give a definition of the gain attached to each combination of actionaj

and state . In [13] a loss-function with constant values  for each combination of

 is introduced. A loss function is by definition a negative gain function, and the use of

a gain function in this paper will better harmonize with the theory introduced in Chapter 7 and
formulae (7.1 - 7.3). Using formulae (7.1 - 7.3) the gain-function is then defined as:

(8.45)

(8.46)

(8.47)

(8.48)

whereb11 andb21 corresponds to from (7.2),b12 corresponds to

from (7.1) andb22 corresponds to from (7.3). Finallyk corresponds to the variable

transport cost . Calculating the expected value for the actionsa1 anda2 according

to (8.1) gives:

(8.49)

(8.50)

The decision is then defined as the actionai, which yields the highest expected value.

9. Applications

9.1 A simple network model

The performance of the algorithm during different conditions such as focused overloads and
transients, are studied in a simulated network model. A comparison between the CCM using a
decision theoretic approach (DCCM) and a simple CCM, is made for different parameter sets.
For the simple CCM, the decision of annihilation is based upon the comparison:
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• If  annihilate the session.

• If  do not annihilate the session.

The network model has a non-symmetrical topology with up to 40 nodes. The network is
generated by first interconnecting the nodes in such a way that all nodes have two links and the
network is fully interconnected, after which a number of extra links were added between two,
not previously directly interconnected, nodes chosen at random. Four different values were
tried for the number of extra links added.

9.2 The service execution model

The nodes in the network model comprise both Signaling Point and Signaling Transfer
Point functions as previously discussed in chapter 2.4, in the sense that all nodes may initiate
or terminate service sessions and they can all transfer incoming signals towards their final des-
tinations.

Let o andd denote any two distinct nodes . Requests for

services of class  are received from users at nodeo at random according to a
Poisson process of rateλs,o. Service execution is modelled as follows: A request for an s -serv-
ice ato results in at mostLssignals being sent to arbitrary nodes from the originating node. The

probability of thelth signal, , being sent to node d is, where

we for simplicity have used . A receiver of a signal will always

respond back to the originating node, and we may thus speak of signal pairs. The nodes have
two parallel and independent processors: One for the MTP protocol and lower layers, and one
for the UP protocols and higher layers. For convenience, they are referred
as the MTP and UP processors respectively. All incoming signals are processed by the MTP
processor to handle the transmission and switching protocols. It can then pass the signal on to
either the UP processor of the same node, or the MTP processor of another node, depending on
the destination of the signal. The former case applies to signals terminating at the current node,
in which case the UP processor handles the service protocols including further signaling, and
the latter to signals which are bound for another node, in which case the next MTP-processor is
obtained by the fixed routing protocol deployed, (figure 9.1).

t̃s Ts>

t̃s Ts≤

o d : o d 1 … N,{ , } o d≠∧∈,,
s : s 1 … S, ,{ }∈

l : l 1 … Ls, ,{ }∈ α l s o d, , ,( )

α l s o d, , ,( ) 1
N 1–( )

-------------------=
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Figure 9.1: A nonsymmetric network with N=20 nodes, and the corresponding node-model.

Both processors have infinite buffers and the processing times are assumed to consist of two
components, a constant one and one which is drawn from an independent negative exponential
distribution. The averages of the two components are equal. The ratioη between MTP- and
UP-processing is 1:1. Note that no explicit assumptions are made about transmission times, but
these can be considered as included in the MTP processing times. To reflect a properly dimen-
sioned network, the capacities of the servers were set to yield equal loads.

Fixed routing has been employed in such a manner that all signals traversing the network
from nodeo to noded use the same route, while signals from noded to o may use another
route.

9.3 The service class model

The signaling traffic may be divided into classes with respect to the kind of service each
session is initiating, typical examples of a service class is call setup or handover in a mobile
communication network. Each service class is characterized by the requirements on comple-
tion time and by the cost parameters as described in chapter 8.5.

The model is useful for describing realistic service conditions in the network where the
parameter settings may reflect not only service costs and revenues but can also model e.g. pri-
orities between services.

9.4 Transient behaviour

Transient phenomena means that the network is exposed to sudden, temporary increases in
offered load. If the offered load exceeds what the network can handle, a decrease in the grade
of service is inevitable. The purpose of an overload control mechanism is then to ensure that
network throughput is kept at its maximum level during this period, i.e. that the grade of service

MTP-
processor

Next node

UP-
processor
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is kept as high as the resources permit, and that the network immediately returns to normal
operation when the overload disappears, i.e. that the grade of service goes up to normal levels
rather than staying low for some time after the offered load has returned to normal. The network
is subject to consecutive pulses where the offered load in each pulse is increased up to a
maximum value of 2.0. The duration of the pulse is long enough to let the network enter a new
steady state. An offered load of 0.25 is resumed after each pulse.

9.5 Focused overload

Typical situations of overload are often related to certain services or geographical areas. This
means usually that the overload is restricted to one or a few SCP/SDP/IPs, while the rest of the
network might be operating normally. This situation is referred to as focused overload, and is
modelled by using the transient model from chapter 9.4. The model is modified in such a way
that 50% of the generated sessions are originated from the same node.

9.6 Numeric values

The service class attribute model introduced in [7, 13] and discussed in chapter 9.3 is used
to generate realistic signaling patterns. When observing an annihilated session, no information
can be obtained of whether it would have been completed within the stipulated time or not. It is
then necessary to treat the two states  and , as discussed in chapter 8.5, equally with

respect to actiona1. By defining a constant  (8.49) is the written:

(9.1)

The analysis is performed with three classes of service sessions and three sets of attributes
as described in tables 9.1 - 9.3. A network with 40 nodes is studied.

Table 9.1: Parameter set 1.

attrib. Class 1 Class 2 Class 3

b -10 -5 -10

b12 5 2 10

b22 -100 -10 -30

Ts 2 4 5

Session length 10 signals 20 signals 40 signals

Fract. of traffic 50% 30% 20%

θ1 θ2

b b11 b21≡ ≡

E w Θ a1,( )[ ] b=
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Table 9.2: Parameter set 2.

Table 9.3: Parameter set 3.

9.7 Evaluation of network profit

The parameters in tables 9.1 - 9.3 is also used when evaluating the gain of the DCCM, as
shown in figures 9.2 - 9.7, giving the following formula for the network profitPn:

(9.2)

wherens, nd, andna are the number of successful, delayed and annihilated sessions observed
during a given interval. The transport costs from formulae (7.1) - (7.3) are ignored in the eval-
uation.

attrib. Class 1 Class 2 Class 3

b -3 -4 -5

b12 7 10 5

b22 -30 -15 -20

Ts 4 2 5

Session length 20 signals 10 signals 40 signals

Fract. of traffic 30% 40% 30%

attrib. Class 1 Class 2 Class 3

b -5 -15 -10

b12 5 5 5

b22 -10 -30 -50

Ts 3 5 6

Session length 15 signals 25 signals 30 signals

Fract. of traffic 30% 35% 35%

Pn b12 ns⋅ b22 nd⋅ b na⋅+ +=
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9.8 Results

The performance of the DCCM is studied for both transient and focused overloads and the
results are reviewed in figures 9.2 to 9.7, for three different networks and for the three different
parameter sets.

Figure 9.2:Network profit during transient overload, comparing a network with DCCM
and a network with CCM. The overload period is from 10 to 70. Parameter set 1 is used.

Figure 9.3:Network profit during transient overload, comparing a network with DCCM
and a network with CCM. The overload period is from 10 to 70. Parameter set 2 is used.

Figure 9.4:Network profit during transient overload, comparing a network with DCCM
and a network with CCM. The overload period is from 10 to 70. Parameter set 3 is used.
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Figures 9.2 to 9.4 depicts network profit as a function of time when a temporary overload is
applied uniformly over all nodes to each of the three sample networks. Both congestion control
mechanisms suffer from an initial dip when the overload is applied, after which they recover
quickly. The means during the pulse is significantly higher for the DCCM than for the CCM for
all networks and for all three parameter sets. It is obvious that the yield of the DCCM depends
on the parameter set used, not on the topology of the network, i.e the robustness of the DCCM
is proved.

It is also obvious that without congestion control, losses will gradually approach offered
traffics times the costs for unsuccessful requests as network buffers fill up [30].

Figure 9.5:Network profit during focused overload, comparing a network with DCCM
and a network with CCM. The overload period is from 10 to 70. Parameter set 1
is used.

Figure 9.6:Network profit during focused overload, comparing a network with DCCM
and a network with CCM. The overload period is from 10 to 70. Parameter set 2
is used.
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Figure 9.7:Network profit during focused overload, comparing a network with DCCM
and a network with CCM. The overload period is from 10 to 70. Parameter set 3
is used.

Focused overload are studied in figure 9.5 - 9.7 and shows the same behaviour as for the
transient analysis. A larger difference between the curves is noticed for network 2 and 3 com-
pared to network 1, it may be explained by that the exposed node is more frequently operated
for network 2 and 3.

10. Conclusions
Current development in telecommunication technologies and markets point at increasing

demands on INs and signaling networks. These demands can be translated to requirements on
system engineers to design robust control mechanisms that maximise a possibly weighted
throughput of service requests under real time considerations.

This report discusses the importance of customer satisfaction and the relation between con-
gestion in signaling networks and customer dissatisfaction. Network profit and network costs
are given a stringent definition with respect to customer satisfaction. An expression is given for
the marginal costs for accepting or annihilating sessions.

This report finally demonstrates the possibility of using a decision theoretic approach with a
load dependent probability distribution as the annihilating mechanism in a congested network.
The decision of annihilation is based upon the average profit attached to each of the two possi-
ble actions, i.e. annihilate the session or not.

Applying the DCCM to a network shows significant improvements compared to a simple
CCM, for both focused and transient loads. The DCCM can handle very high overloads, keep-
ing the network profit on a high level.

11. Further work
Further work is currently directed towards improved tuning of the predictor. Other topics of

interest include interaction with other control mechanisms e.g. within nodes, extensions to
“soft" real time requirements where the degree of success of a signal session is a smooth func-
tion of its completion time, and the implications of the results with respect to routing, resource
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allocation and distribution, etc. The field of customer satisfaction/dissatisfaction and how it is
related to bad will costs is still an open issue and has to be further investigated.
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