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Chapter 1.
Introduction

This thesis addresses the design and performance evaluation in relation to
scalability and congestion control of a core network that can be used in the third
generation mobile network specified by the International Telecommunications
Union (ITU) denoted as the IMT-2000 (International Mobile
Telecommunications 2000) system. This core network is denoted in this thesis
as Broadband Intelligent Network (B-IN) which is an integration of the
Broadband Integrated Services Network (B-ISDN) and Intelligent Network (IN)
concepts.

1.1 Background
Many heterogeneous telecommunication networks that support specific services
have been developed through the years. Unfortunately these networks are
unable to offer a common solution to the entire service spectrum. The first
networks were developed to support voice services, i.e., telephony. These
networks evolved from analogue to digital transmission networks. When the
need for data transfer arose, dedicated data networks were developed. Later on
when the desire for mobility in communications and the companion desire to be
free from physical connections to the communications network arose, the
wireless personal communication networks were developed. In particular, the
use of mobile communications has increased rapidly during the last two
decades. This growth started in 1980, when the first generation analogue
cellular phones were introduced in the business sector. The analogue cellular
phones used cordless or cellular technologies. The cordless systems, e.g., CT
(Cordless Telephony) were originally aimed to provide low mobility, low
power, economical two way wireless voice communications inside buildings
(i.e., the wireless link replaces the cord between a telephone base unit and its
handset). Cellular systems, e.g., NMT (Nordic Mobile Telecommunications),
were developed to support two way voice service to wide-ranging vehicles on
streets and highways by using high power transmitters. The second generation
digital systems have been recently introduced, in which different wireless
networks were developed for specific applications. For example, cordless, e.g.,
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DECT (Digital European Cordless Telecommunications) and cellular, e.g.,
GSM (Global System for Mobile Communications) digital telephone networks
are used to support voice communication. Wide area data networks, e.g.,
ERMES (European Radio MEssage System) are used to support low data rate
digital messages. Wireless local area networks (WLAN’s), e.g., IEEE802.11
and ad-hoc networks, e.g., Bluetooth, are used to support high data rate digital
messages in local areas (i.e., limited coverage). Paging/messaging networks are
used to support one-way messaging over wide areas. Satellite based mobile
networks, e.g., Motorola’s Iridium, are used to provide two-way (or one way)
limited quality voice and/or very limited data rate to very wide areas (i.e., global
coverage). It is expected that these second generation systems will soon reach
their capacity limitations. Therefore, there is a need for a new generation of
mobile telecommunication systems that is able to support all the distinctive
applications provided by the second generation wireless networks as well as
introducing new ones. The International Telecommunications Union (ITU)
specifies such a third generation network denoted as International Mobile
Telecommunications – 2000 (IMT-2000) [ITU-Q1701], [ITU-Q1711].
Moreover, the existing telecommunication networks have differences at various
levels, e.g., packet vs. circuit switching, wired or wireless, difference of several
orders of magnitude for the basic quality of transmission, connection oriented
vs. connectionless operation, difference in bit rate, distinct protocol reference
models and different security requirements. For a small set of such networks,
inter-networking can be applied to interconnect these different
telecommunication networks. But for a much larger set of networks, internetworking is problematic and a general trend is to seek network integration.
However, this network integration will translate into requirements and profits
for consumers, vendors/manufacturers and operators. The consumer would like
to increase her/his ability of using the same service while roaming across
regions, countries and systems. From the point of view of
vendors/manufacturers the integration is attractive due to the fact that research
and development costs related to multiple standards will be reduced. Operators
would want to minimise their investments costs by ensuring a compatible and
smooth evolution from existing infrastructures. This network integration is also
supported by the ITU in the context of the IMT-2000 third generation network.
It is expected that the IMT-2000 networks will evolve from existing wireless
and/or fixed networks by adding the necessary capabilities and principles to
support IMT-2000 services and features. The main key principles of IMT-2000
are (see e.g., [BuFu97]):
• communication anywhere, anytime: ability to provide users small
lightweight communication anywhere and anytime;
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• expanded range of services: support the traditional mobile voice services as
well as a variety of voice and data services that are for example supporting
multimedia capabilities, Internet access, imaging and video conferencing;
• unified seamless architecture: unify different systems existing today such
as paging, cordless, cellular, mobile satellite into a seamless infrastructure
offering a wide range of services;
• integration of mobile and fixed networks: this integration will make
possible the provisioning of fixed network services into the wireless
infrastructure;
• bridge the telecommunications gap: the IMT-2000 infrastructure must
provide cost effective and flexible access to the global telecommunication
networks in underdeveloped and developing countries;
• broadband transport: in order to provide service differentiation from
existing mobile systems many operators believe that the IMT-2000 network
should use broadband transport technologies;
• self-adaptive, re-programmable terminals: a system should be developed
that will send software updates to a terminal in order to correct errors or add
new features. The future terminals should be able to reprogram themselves
as they transfer from one system to another;
• Virtual Home Environment (VHE): the goal of VHE is to provide to users
the same service wherever and whenever they make a call. The user should
not perceive any difference between services, transport capabilities, source
coding, customer service or human-machine interface whenever the call is
made in Asia, North America or Europe.
Currently two main models can fulfil this network integration. One of them (see
e.g., [BoLe01]) is the Internet Protocol (IP) model that is standardised by the
International Engineering Task Force (IETF) [IETF] body. The other model (see
e.g., [NTTDoCoMo], [NTTDoCoMo2]) is a combination of the Broadband
Integrated Services Digital Network (B-ISDN) and Intelligent Network (IN)
concepts standardised by the International Telecommunication Union (ITU)
[ITU] body. The later one is denoted in this thesis as the Broadband Intelligent
Network (B-IN).

1.2 Internet Protocol Network Integration Model
The current Internet mainly supports simple applications like e-mailing and web
browsing. However, the diversity of the current Internet applications starting
from these simple applications and going to future high demanding real time
applications like the IP telephony and multimedia conferencing, has raised the
expectations that both, users and software developers of these applications have
from the Internet. On the other hand, in such a highly competitive environment
as the Internet Service Providers (ISPs) world, satisfying customer needs,
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regardless of whether they are other ISPs or end users is key to their survival.
Therefore the ISPs desire to provide value-added services to their customers is
growing immensely. These demands have led to the evolution of Quality of
Service (QoS) on Internet as a necessity. Enabling QoS on the best effort
Internet model introduces complexity in several aspects, starting from
applications, different networking layers and network architectures but also in
network management and business models. All these aspects have been major
research topics over the past few years. Finding an efficient solution for end-toend QoS over Internet, i.e., the IP networks that will satisfy both ISPs and their
customers, is a tough venture.
It becomes even tougher when one is introducing QoS in an environment of
mobile hosts, wireless networks, and different access technologies, because of
wireless networks dynamically changing topologies and resources. Yet, the
need for QoS mechanisms in this environment is greater due to scarce
resources, unpredictable available bandwidth and variable error rates.
The rapid growth of mobile systems indicates that the future Internet will have
to deal with mobile users that will use the same diversity of applications as
fixed users. Thus, solutions for enabling QoS over IP should take into account
mobility issues also, in order to be able to fulfil these upcoming requirements of
future Internet users. The efforts to enable end-to-end QoS over IP networks
have led to the development of two different architectures, the Integrated
Services architecture and more recently, the Differentiated Services
architecture.

1.2.1

Integrated Services architecture

The Integrated Services (Intserv) architecture [RFC1633] uses an explicit
mechanism to signal per-flow QoS requirements to network elements (hosts,
routers). Network elements, depending on the available resources, implement
one of the defined Intserv services (Guaranteed or Control Load service) based
on which QoS will be delivered in the data transmission path. The RSVP
signalling protocol ([RFC2205], [RFC2210]) was designed as a dynamic
mechanism for explicit reservation of resources in Intserv, although Intserv can
use other mechanisms as well. It is initiated by an application at the beginning
of a communication session. But, even though Intserv is designed to provide
end-to-end QoS it is currently not widely deployed. As it has been emphasised
so many times by now, due to maintenance and control of per-flow states and
classification, reserving resources per-flow introduces severe scalability
problems at the core networks, where the number of processed flows is in the
range of millions. Consequently the usage of the Integrated Services
architecture is limited to small access networks where the number of flows
using reservations is modest.
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The simplified RSVP/Intserv framework is shown in Figure 1-1. Every RSVP
aware router in Intserv is able to perform RSVP signalling, admission control,
policing and scheduling.

Source

- RSVP signaling
- Admission control
- Policing
- Scheduling

Destination

RSVP Signaling
Data packet flow

Figure 1-1: RSVP/Intserv framework

1.2.2

Differentiated Services architecture

The Differentiated Services (Diffserv) architecture ([RFC2475], [RFC2638],
[RFC2998]) was introduced as a result of the efforts to avoid the scalability and
complexity problems of Intserv. Per-flow state is pushed to the edges and the
traffic through Diffserv routers is treated on an aggregate basis. The service
differentiation is achieved by means of the Differentiated Service (DS) field in
the IP header and the Per-Hop Behaviour (PHB) as main building blocks. At
each node packets are handled according to the PHB invoked by the DS byte in
the packet header. The PHB defines the externally observable behaviour at the
node. Two main PHB groups have been defined, the assured forwarding (AF-)
PHB [RFC2597] and the expedited forwarding (EF-) PHB [RFC2598]. The
Diffserv domain will provide to its customer, which is a host or another domain,
the required service by complying fully with the agreed Service Level
Agreement (SLA). A SLA is a bilateral agreement between the boundary
domains negotiated either statically or dynamically. The transit service to be
provided with accompanying parameters like transmission capacity, burst size
and peak rate, is specified in the technical part of the SLA, i.e., the Service
Level Specification (SLS). The Diffserv architecture is certainly promising, but
there are a lot of open issues related to intra-domain resource allocation
mechanisms and inter-domain communication in case of dynamic resource
provisioning that need to be defined and researched. The simplified Diffserv
framework is given in Figure 1-2. The edge routers of the Diffserv domains
perform policing and scheduling while the interior routers are mainly
performing scheduling.
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SLS

SLS

Source

• policing
• scheduling

SLS

Diffserv Domain 1

Diffserv Domain 2

Destination
• scheduling

• policing
• scheduling

Figure 1-2: Differentiated Services framework

1.2.3
Using the Internet model in the IMT-2000 core
network: an example
An example of using the Internet Protocol model in IMT-2000 is the so called
all-IP Universal Mobile Telecommunications System (UMTS) solution (see
e.g., [BoLe01]).
UMTS is a third generation mobile network specified by the 3rd Generation
Partnership Project (3GPP) [3GPP] standardisation body. The specification
work of UMTS is divided into two phases, the Release 1999 (R99) that is the
first phase and the Release 2000 (R00) that is the second phase. The
standardisation of the UMTS R99 was finished around the end of 1999 and the
beginning of 2000 and it is expected to be brought on the commercial market in
2002, while the standardisation of UMTS R00 is expected to finish at the
beginning of 2002 and is expected to be commercially available around 2004.
UMTS introduces three fundamental architectural improvements compared to
the existing second generation mobile systems:
• Wideband access: provisioning of higher bit rates in the radio access.
• Mobile-fixed-Internet convergence: providing the same service on
different mobile, fixed and Internet domains. The UMTS Virtual Home
Environment (VHE) [3GPP-23127] is the concept that provides the service
portability across networks and terminals in the different domains.
• Flexible services architecture: this is achieved by standardising not the
complete services applied in UMTS but the building blocks that are making
up these services.
The UMTS VHE specification introduces some new terminology related to the
Open Service Architecture (OSA) that specifies an open object-oriented
application programming interface (API) between the network and service
(application) layers (see Figure 1-3). VHE introduces two terms, the Service
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Capability Servers (SCSs) and the Service Capability Features (SCFs). SCSs are
servers in the network that support the functionality required to construct a
service. All the functionality that can be provided by SCSs is grouped into
logically coherent software interface classes, denoted SCFs. These SCFs are not
implemented in separate physical elements, but instead they are added as an
additional software layer of interface classes on top of existing network
elements which are then called SCSs. In the R99 3GPP VHE specification
[3GPP-23127] the following SCSs are specified (see Figure 1-3):
• UMTS call control servers: support mechanisms to access basic/call control
capabilities;
• Home Location Register (HLR): intelligent database that contains location
and subscriber information of all subscribers of the network to which it
belongs;
• Mobile Execution Environment server: offers a mobile execution
environment that can be a JAVA virtual machine or a Wireless Application
Protocol (WAP) browser.
• SIM Application Toolkit (SAT): offers additional capabilities to the
communication between Subscriber Identity Module (SIM) card and the
mobile terminal.
• Customised Application for Mobile Networks Enhanced Logic
(CAMEL) server: extends the scope of Intelligent Networks (see Section
1.3.2) service provisioning to the mobile environment. CAMEL supports the
provisioning of certain IN services, e.g., prepaid, to mobile networks
allowing the exchange of information between IN elements, i.e., Service
Switching Point (SSP) located in the Mobile Switching Centre (MSC) or the
Serving GPRS Supporting Node (SGSN) and the SCP located in the
CAMEL Service Environment (CSE).
Service Layer
Application servers

Standardized OSA interface

SCS: Service Capability Server
SCF: Service Capability Feature

Network Layer

SCF
UMTS call
control
servers

SCF
HLR

SCF
CAMEL
server

SCF

SCF

MExE
server

SAT
server

Transport Layer

Figure 1-3: Concept of R99 Virtual Home Environment (VHE)
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The goals of introducing SCFs/SCSs in the VHE are to:
• provide network interfaces to network providers and simplify application
development. SCFs offer via standardised interfaces a generalised view of
the network functionality to third party application developers.
• hide network specific protocols while offering connectivity to both circuit
switched and IP networks
• secure core networks via authentication, authorisation, accounting and
management interfaces toward all the SCFs.
The UMTS R99 is an evolution from the second generation system architecture,
while the UMTS R00 is a complete revolution introducing new features and
concepts. The new features that will be introduced in UMTS Release 2000 are
the following:
• extend the packet-based services with IP multimedia services. Two types of
real-time services are supported by R00, the circuit-switched voice services
and the IP-based multimedia services;
• enable a bearer independent circuit switched network.
• enable IP based transport within the UMTS Terrestrial Radio Access
Network (UTRAN);
• The core network architecture is independent of the transport layer which
can be either Asynchronous Transport Mode (ATM) or IP.
Currently a trend appeared in the 3GPP standardisation on introducing an all-IP
UMTS core network into the R00. In this type of network all circuit-switched
and packet-based data is transported on IP. The requirements for an all-IP core
network are:
• support roaming and handover to second generation mobile networks;
• support third generation circuit-switched terminals that can be used in a full
IP UMTS core network. Furthermore, backward compatibility with R99
terminals has to be provided;
• support existing services, e.g., speech, Short Message Services (SMS),
supplementary Intelligent Network (IN) services as well as new services,
e.g., IP multimedia.
The all-IP UMTS architecture (see e.g., [BoLe01]) contains new network
elements as well as network elements that were already used in UMTS R99 (see
Figure 1-4 and Figure 1-5). The core network elements that were already used
in UMTS Release 1999 are:
• Mobile-services Switching Centre (MSC) is used in a circuit switched
topology and provides an interface between the circuit switched radio system
and the fixed networks, performing all necessary functions in order to handle
the calls to and from the mobile stations.
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• Radio Network Controller (RNC) is an entity located in the UTRAN which
is controlling a number of base stations by managing the radio channels on
the air interface including handovers in the UTRAN. Furthermore, the RNC
is responsible in the UTRAN also for the reservation of the transport
resources;
• Home Location Register (HLR) is an intelligent database that contains
location and subscriber information of all subscribers of the network to
which it belongs;
• Serving GPRS Support Node (SGSN) network entity is mainly responsible
for the communication between the core network and all the users located
within its service area. It supports the mobility, the visitors user profile,
security management (i.e., authentication and ciphering, charging
information), and logical link management for each mobile user that is
roaming in its service area;
• Gateway GPRS Support Node (GGSN) is the gateway towards external
networks that are operated by different network operators. It can translate
data formats, signalling protocols and address information to allow
communication among different networks. Furthermore, the GGSN can
provide dynamic allocation of network addresses.
In UMTS Release 2000 the MSC network entity is split into two entities. A
control part called MSC server and a transport part called Media Gateway
(MG). The proposed 3GPP all-IP UMTS additional network entities are
specified in [3GPP-23821] and are listed below:
• MSC server: is controlling calls coming from circuit-switched mobile
terminals to a circuit-switched terminal;
• Call State Control Function (CSCF): is a Session Initiation Protocol (SIP)
[RFC2543] server that supports and controls multimedia services for packetbased (IP) fixed and mobile terminals;
• MG is an entity that translates user data packets that arrived/transmitted
either from/to the UTRAN side or the Public Switched Telephone Network
(PSTN) side.
• Media Gateway Control Function (MGCF) controls the MGs and translates
the call control signalling between the signalling used in PSTN and the
signalling used in the UMTS multimedia domain, e.g., SIP.
• Home Subscriber Server (HSS) extends the HLR database with profile data
of multimedia subscribers.
Two possible scenarios for providing services in the all-IP based UMTS
architecture are presented in [BoLe01].
The first scenario is denoted as “the SoftSSP Concept” and is depicted in Figure
1-4. In this approach many investments that the UMTS R99 operator had to do
in CAMEL and/or the IN concept can be reused to provide existing and new
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services on a CSCF. Many traditional auxiliary processes such as billing and
data base handling can be reused for the design of the R00 SoftSSP (located
within the CSCF entity) for the packet-based multimedia call control, i.e., SIP.
Both the existing circuit-switched services as well as the new packet-based
multimedia services will be created according to the same IN/CAMEL service
creation environment methods. Furthermore, in this scenario third party service
providers can use the operator’s network via the OSA interfaces only by
contacting first the SCP. Third party service providers are defined as external
operators that need to use the facilities provided by a network managed by
another operator. Three types of interfaces are used, user plane interfaces,
signalling plane interfaces and interfaces to the service environment. User plane
is supporting the transport of end user data, while the signalling plane is
supporting the transport of signalling data, i.e., call control and connection
control data.
The second scenario is denoted in [BoLe01] as “Direct Third Party Call
Control” and is depicted in Figure 1-5. In this scenario the new packet-based
services are not using the CAMEL/IN service creation environment and are
allowing a third party via OSA to create and terminate calls within the
operator’s network. Classical circuit-switched services are still created
according to the IN/CAMEL service creation environment by using the SCP.
Furthermore, this scenario is less interesting for existing UMTS operators due
to the fact that many investments done during the development of the UMTS
R99 in the CAMEL and/or IN concept will not be reused. However, this
scenario does not need a centralised SCP for the service creation of packetbased services and is therefore, very interesting for third party service providers
and new UMTS operators.

1.3 The Broadband Intelligent Network (B-IN) Integration
Model
This network model is denoted in this thesis as Broadband Intelligent Network
(B-IN) core network which is capable of providing services to both fixed and
mobile users and can be seen as an integration of the Broadband Integrated
Services Network (B-ISDN) and the Intelligent Network (IN) concepts.

1.3.1

B-ISDN

A first achievement in the wired network integration came with the
development of the Narrow-band ISDN (N-ISDN) (see e.g., [ITU-I120], [ITUG702], [ITU-G703]), which is capable of integrating voice, data and low-grade
video (64 kb/s to 2 Mb/s). The main limitation of N-ISDN is that it can’t
support faster services, such as Broadband Video on Demand and Broadband
Video Conferencing. The need for a faster and more flexible network arose.
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B-ISDN is such a network (see e.g., [Pry89], [Fis88], [Pry93], [Sta95]). B-ISDN
was intended as a future wired telecommunication network that is service
independent and is based on the Asynchronous Transfer Mode (ATM)
switching concept able to adapt itself to changing or new needs, e.g., changing
bandwidth requirements, efficient in the use of the available resources, i.e., an
optimum statistical sharing of the resources between all supported services.
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Service
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Figure 1-4: Mapping of SCFs to the Release 2000 network architecture;
SoftSSP (located within CSCF) Concept
The B-ISDN architecture, depicted in Figure 1-6, is composed of physical
entities such as the Local Exchange (LE) and the Transit eXchange (TX) that
are mainly performing service control and service switching.
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Figure 1-5: Mapping of SCFs to the Release 2000 network architecture;
Direct
The Fixed Terminal (FT) represents the end user terminal. Each of these
physical entities is composed of several interacting functional entities. The
Signalling System 7 (SS7) [MoSk90] is used to control the flow of information
among the network functional entities in order to establish, maintain and release
a user connection, also called as user plane connection.
Signalling
System 7

FT

LE

TX
User plane
Signalling plane

Figure 1-6: B-ISDN architecture
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1.3.2

Intelligent networks

Because of the expansive growth of the available capabilities in
telecommunications it is expected that many services that today are provided by
other media, e.g., video films, will be taken over by telecommunication
networks. This will imply a lot of requirements that will have to be fulfilled by
these networks. To achieve this, a quite new approach to building, maintaining,
changing and providing services is needed. A solution to fulfil these
requirements is intelligent networks (see e.g., [Tho94]), a concept that was
introduced in the 80’s, mainly for fixed communication networks, and is widely
used in the 90’s.
The IN infrastructure allows the rapid and cost effective deployment of new
services by separating the service control and service switching currently
located in switches. Consequently, the main physical entities constituting an IN
architecture (see Figure 1-7) are the Service Switching Point (SSP) and the
Service Control Point (SCP). The Intelligent Peripheral (IP) provides the
specialised resources that are required for the execution of IN provided services,
in particular multimedia user interaction, while the FT represents the end user
terminal. Each physical entity is composed of interactive functional entities. The
SS7 is used to control the flow of information between the interactive network
functional entities to establish, maintain and release an IN service request.
SCP

Signalling

SCP

System 7

FT

SSP

SSP

IP
User plane
Signalling plane

Figure 1-7: IN architecture

1.3.3

Broadband Intelligent Network (B-IN)

The Broadband Intelligent Network (B-IN) is a third generation mobile network
that is specified by two European ACTS projects [ACTS95], the INSIGNIA
(Integration of IN and B-ISDN on ATM platforms) [Insignia] and the EXODUS
(Experiments On the Deployment of UMTS) [Exodus]. B-IN is intended to
provide services to fixed and mobile users and can be seen as an integration of
the Broadband Integrated Services Network (B-ISDN) and the Intelligent
Network (IN).
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The European ACTS project INSIGNIA ([VeHu98], [Insig1101]) specified and
implemented the integration between the B-ISDN and IN which can support
classical narrow-band applications as well as broadband multimedia
applications. Moreover, the ACTS EXODUS [Exod1103] specified a third
generation mobile system by enhancing the network elements developed by the
INSIGNIA project with mobility support.
The EXODUS project denoted this network as UMTS (Universal Mobile
Telecommunications System). However, in order to avoid naming confusions
with the system defined by the 3GPP standardisation body, also called UMTS,
in this thesis we define this integrated network as Broadband Intelligent
Network (B-IN).
The B-IN network (see [KaNi00]) consists of two main parts. The first part is
the access network that is responsible for most of the radio related functions. It
includes base stations and other equipment enabling interworking between the
mobile unit and the fixed network platform. The access network, that is
typically denoted as Radio Access Network (RAN), provides functions like
segmentation/reassembling,
transmission/reception,
splitting/combining,
multiplexing/de-multiplexing. The second part is the core network that can be
split into two parts, the core part and the network intelligence part. The core
part provides switching and transmission functions and is based on ATM
technology. The B-ISDN signalling is enhanced such that the mobility features,
e.g., handover, are supported. The network intelligence provides service and
control logic not included in the core part. The network intelligence part takes
care of mobile specific functionality such as location management.
The core network depicted in Figure 1-8 consists of the Broadband Service
Switching Point (B-SSP) that provides the service switching, the Broadband
Service Control Point (B-SCP) that provides the service control and the
Broadband Service Data Point (B-SDP) that provides the data storage of service
profiles and subscriber information. Moreover, the Broadband Intelligent
Peripheral (B-IP) provides the specialised resources that are required for the
execution of IN provided broadband services, in particular multimedia (mobile
and fixed) user interaction. The Signalling System 7 (SS7) is used to control the
flow of information between the interactive network functional entities to
establish, maintain and release an IN service request, initiated by either a mobile
or fixed user.
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Figure 1-8: Overview of the basic integrated B-IN architecture

1.4 Critical Issues in a Third Generation Mobile System
Any of the models described in the previous section can fulfil the network
integration required by the IMT-2000 system. However, due to this integration
many network management and control research issues arise. Some of these
issues are described in [Bui95], [Nor94], [Mar96], [Monet100], [KaKa96],
[Sch95], [KaBe97], [KaNi00] and are related to either mobility features such as
location management and handover, or are related to common wired and
mobility features such as transport interworking, transcoding, scalability and
congestion control. The first four issues are described in this subsection, while
the last two issues are described in Section 1.5.

1.4.1

Location management

Mobile users can roam in the entire third generation (3G) service area. This
service area is partitioned into a number of Location Areas (LA). The
structuring of these LA’s is dynamic and they can be overlapping. Each LA
consists of a group of cells and each mobile user (terminal) reports its location
to the 3G core network whenever it enters an LA. This procedure is called
Location Update. When the network receives an incoming call it locates the
terminal by simultaneous polling all cells within the LA. This polling procedure
is called paging. The development of efficient and fast location management
procedures has been extensively studied in the literature, where mainly six
principle types of location management methods can be identified:
• fixed location area based ([ThGi88], [LiPo95]), where a mobile user initiates
a location update when it moves from one LA to another;
• fixed reporting centre strategy based [BaKe93], where a group of cells are
chosen as reporting centres. A mobile user updates its location only upon
entering a reporting centre;
• intelligent paging strategy [Tab93] that is based on the observation that most
mobile users have a repeatable mobility behaviour. The basic idea is to
identify the most probable location areas (known as a mobile’s home region)
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in different periods and store this data in a user’s profile. As long as the
mobile user is inside its home region, no location update is required. When
the network pages a mobile user, the location areas in the home region are
paged one by one;
• movement based [Aky96] (or distance-based [BaKe94]) location area
strategy, where a mobile user updates its location when it has completed a
predefined number of cell boundary crossings;
• timer based ([Bau94], [Yeu95]) where the user updates the location
periodically within a given average time.
Currently the 3GPP standardisation body in combination with the IETF
standardisation body specified efficient location management mechanisms (see
e.g., [3GPP-23012], [RFC2002]), that can be efficiently used in a third
generation mobile network.

1.4.2

Handover

The handover can be described as the algorithm that automatically transfers a
transaction in progress, i.e., the MT connection, to each new base station when
the MT by roaming changes radio channels and/or connections with the old
base station. The handover issue for second generation mobile systems has been
extensively studied and presented in several papers such as [Huss94],
[CoWi96], [Brem95], [SeEv95], [Whin95]. In third generation systems, the
handover procedure becomes more complex, due to the fact that high speed
advanced multiparty and multimedia services will have to be supported by these
systems. Therefore more efficient handover algorithms will have to be
developed. In [VeKa95] a handover algorithm, called “Homing Algorithm”, is
provided for a wireless ATM that is able to support multimedia PCS
applications. This algorithm is able to deliver the ATM cells to the MT’s in
their proper FIFO sequence. A different handover algorithm is presented in
[CoPa96]. This algorithm is a distributed handover protocol, and proves that it
avoids loss of packets and preserves order of transmission as long as the mobile
stays in one region. In [Toh97] the problems associated with handovers of
multicast ATM connections are highlighted and a methodology is revealed to
support both sender and receiver handovers of multicast connections. In
[Monet107] and [KaLi98] two handover algorithms that can be used in an ATM
network are presented. The first handover algorithm is relatively easy and it
does not use any difficult ATM multicasting and re-synchronisation in the
network. It assumes that there is sufficient time available such that all data and
history information of the old path can be transferred to the Mobile Terminal
(MT) before the actual handover to the new path takes place. This first
algorithm is called "handover synchronised switching". It is possible that the
time between a handover decision and the actual handover is too short to end
the transmission on the old path gracefully (e.g., ending the interleaving matrix,
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ending transcoder functions, emptying intermediate buffers). A possible
solution for this problem is given by the second handover algorithm where
multicast connections are used in the core network. This algorithm is called
"handover with multicast support".
Currently the 3GPP standardisation body in combination with the IETF
standardisation body defined efficient handover mechanisms (see e.g.,
[RFC2002], [3GPP-23009]) that can be efficiently used in a 3G system.

1.4.3

Transport interworking

The different protocol stacks used during network integration require
interworking functions that extract information from one protocol stack and
reformat it for onward transmission via a different protocol stack.
When the Internet Protocol network integration model is used then the transport
interworking is quite easily performed since the networks to be integrated must
use the same network layer protocol, i.e., IP. When the B-IN network
integration model is used then this interworking is more complex. This type of
interworking might be defined at different levels in the protocol stack.
In the European RACE MONET project three different options for interworking
have been identified, for a detailed discussion see [Monet107], [Mar96]. Below
a short explanation of the options is given.
• Interworking at source (application) level: This interworking type (see
Figure 1-9) is service dependent [ImRo95], detailed knowledge and
requirements of the data source must be known to control any interworking.
The UAL (UMTS (MONET) Adaptation Layer), in the RAN, must interwork
with a suitable AAL (ATM Adaptation Layer), in the RAN, this AAL
corresponds to the AAL used by the other end user (FT).
• Interworking at AAL level: This interworking type (see Figure 1-10) is
service independent , i.e., it does not need source information to control the
interworking. AAL packets are transported transparently to the mobile
terminal (MT). The interworking could be achieved in the following way.
The MT service application (APPL) encapsulates AAL packets in UAL
packets, and the FT service application (APPL) encapsulates UAL packets in
AAL packets. At the RAN the interworking from the MT to the FT is
performed by extracting the AAL packets from the UAL packets. In the
opposite direction the RAN provides interworking by extracting the UAL
packets from the AAL packets. The transport interworking function is
provided by using the information carried by the AAL headers.
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Figure 1-9: Protocol stacks for source based interworking
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Figure 1-10: Protocol stacks for AAL interworking
• Interworking at ATM level: This interworking type (see Figure 1-11) is also
service independent (see also [ImRo95]), where ATM cells are transported
transparently through the air interface. The RAN provides interworking
between the UAL and the ATM layer. Therefore, the AAL layer is not used
in the RAN. The interworking could be achieved in the following way. The
MT APPL first encapsulates AAL packets into ATM cells, and subsequently
the ATM cells are encapsulated in UAL packets. The FT APPL encapsulates
UAL packets into AAL packets. At the RAN the interworking from the MT
to the FT is performed by extracting the ATM cells from the UAL packets.
In the opposite direction the RAN provides interworking by extracting first
the AAL packets from the ATM cells and subsequently by extracting the
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UAL packets. The ATM cell header is used to control the transport
interworking function.
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Figure 1-11: Protocol stacks for ATM cell level interworking

1.4.4

Transcoding

Transcoding is an interworking function that changes the source coding format
of the user data transported through several links during an end-to-end
connection.
In present networks such as N-ISDN and GSM (Global System for Mobile
Communications) [MoBe92] transcoding occurs only on network boundaries,
since within one network exactly one coding scheme is used for a specific
service (i.e., telephony). The advantage of this scenario is that the network
knows whether transcoding is required before the call is routed to the
destination terminal. In this way the network is able to select a route in which a
transcoder is permanently physically connected, such that no additional
switching capacity is required and no call set-up delay occurs.
With the development of multimedia applications an increase of the number of
audio and video coding schemes is foreseen. Therefore, in the future integrated
third generation system, a generic control function for transcoders can be
foreseen that is able to insert transcoders where necessary, in a fashion
transparent to the user.
In the Internet Protocol network integration model the transcoding function can
be introduced in the Media Gateway (see e.g., [3GPP-23821]).
In the B-IN network integration scenario the transcoding function can be
implemented as a Specialised Resource Function [ITU-Q1214]. A disadvantage
of such a transcoding scheme, however, is an increased overhead in the network
for establishing calls and, correspondingly, an increased call set-up delay time.
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1.5 Issues Addressed in this Thesis
Although all issues described in Section 1.4 are significant and important for
the success of the 3G network integration, we limit ourselves in this thesis to
the issues of scalability and congestion control. These issues have been
identified as critical for the success of the integration of B-ISDN and IN in the
ACTS project INSIGNIA [Insignia] in the context of which we did our research.
Therefore, we also limit this study to the B-IN network integration model.
However, the results of this study related to scalability and congestion control
can be also applied to the Internet Protocol network integration model.
The services considered in this thesis are Mobile Telephony, that incorporates
call handling, location update and handover procedures, and B-VPN, that
incorporates call handling procedures.

1.5.1

Scalability

Scalability (see also [Gau96], [Lin94], [MaOt96], [Sah95], [GhLa95]) is one of
the most important factors in the design of a distributed multimedia system. The
system must be able to sustain a large number of users and a varying amount of
data without any problems regarding the availability of resources and the
system performance. The wide implementation potential and the flexibility
offered by the distributed multimedia systems have raised the user’s interest and
contributed to their rapid spread. Today, many companies use multimedia
applications and are rapidly becoming dependent on them to manage their
business operations. Therefore, the network must be properly designed to
support the offered services at the required quality. Network scalability
[KaBe97], [KaNi98], [KaNi00] can be defined as the ability to increase the
“size” of the network, in some sense, while maintaining Quality of Service and
network performance criteria. The “size” of the network may relate to one of the
following:
• the number of users that can be supported by a network node: increasing the
number of users that can be supported by a certain physical entity can cause
serious performance problems because of limitations such as processing
capacity, memory space and addressing space.
• the number of network nodes and links: the growth of number of nodes and
links may cause an increase of the offered load on a given physical entity,
since the physical entity will have to manage the communication between the
additional nodes in a more complex topology.
• the geographical area covered by the network: increasing the geographical
area that is covered by a network while keeping the number of nodes and
links constant will cause an increase of the message propagation and
transmission delays since these delays are proportional to the length or
number of the physical communication links.
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• number of services provided by the network: increasing the number of
services that a network provides will cause an increase in the offered load
and its variability on a given physical entity, since the physical entity will
have to support the additional services of different requirements.
Regarding the scalability issue (see [KaBe97], [KaNi00]) we focus on the
impact of increasing: a) the number of (mobile and fixed) users supported by a
network node, b) the number of nodes and links in the network, on the quality
of service and on the performance of the integrated B-IN system.

1.5.2

Congestion control

In the situation that the third generation core network has to process an
incoming load larger than its capacity, the performance (for example
throughput) of the system degrades and eventually the users will experience
long delays or a high percentage of service refusals (blocked calls). This state of
the system is called congestion. Congestion problems and associated
performance degradation can be solved by using appropriate congestion control
mechanisms.
In a third generation core network the mobility features, such as handover, may
have a considerable effect on the B-SCP processing. It has been estimated
[MeAl93] that the additional signalling load generated by handovers will be 4 11 times greater for cellular networks, e.g., GSM, than for N-ISDN services and
3 - 4 times greater for personal communications, e.g., 3G, than for the second
generation cellular networks. In the situation that the B-SCP has to support
service requests which are initiated from both types of users, i.e., fixed and
mobile, it is likely that the B-SCP will reach a congestion state sooner, when
compared to a situation in which only the service requests initiated by fixed
users are considered. When congestion in the B-SCP occurs, and thus the
congestion control mechanism is active, the mechanism has to ensure that each
source gets a predefined fair share of the B-SCP processing capacity.
Congestion control algorithms are used to protect the B-SCP during overload
situations and to ensure continuous and fair processing of requests from
different sources. Existing algorithms do not operate optimally with respect to
important performance criteria related to their responsiveness, efficiency and
fairness (to be precisely defined later in Chapter 6). In this regard, we aim to
identify the shortcomings of existing congestion control algorithms and to
develop new ones that can effectively remove (or lessen) these shortcomings.
Two novel congestion control algorithms are proposed, namely the Enhanced
adaptive Automatic Call Gapping (EACG) and the Enhanced Adaptive Token
Bank (EATB). The proposed algorithms give the possibility to the
communication network operator to provide adaptive robust and fair admission
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policies to different user request types by simultaneously achieving high session
(or call) throughput while protecting the network from overloads.

1.6 Outline of the Thesis
This thesis is organised as follows:
• Chapter 2 entitled “Network Architecture” describes the B-IN network
architecture, the physical and functional entities used in this architecture.
• Chapter 3 entitled “Overview of Transport and Signalling Protocols”
describes the transport (user part) and control (signalling part)
communication protocols in the B-IN network.
• Chapter 4 entitled “Performance Models” discusses the performance
evaluation methodology used to setup and interpret the simulation
experiments included in this thesis. The services that are considered in these
simulation experiments are the mobile and fixed versions of telephony and
B-VPN (Broadband Virtual Private Networks). The investigated mobile
procedures are the location update and handover.
• Chapter 5 entitled “Scalability” describes a number of scalability issues and
their proposed solutions. These solutions are evaluated through performance
analysis experiments.
• Chapter 6 entitled “Congestion Control” includes a taxonomy and overview
of existing congestion control algorithms and the criteria for their evaluation.
• Chapter 7 entitled “Novel Congestion Control Algorithms for B-IN”
presents novel congestion control algorithms that overcome the
shortcomings of existing ones. In the same chapter, extensive performance
experiments for the evaluation and comparison of these algorithms are also
carried out and discussed.
• Chapter 8 entitled “Conclusions and Future Work” summarises the results
and findings presented in this thesis and gives directions for further research.
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Chapter 2.
Network Architecture

The growing demand for mobility, will be fulfilled in the near future by the
third generation mobile systems. Several third generation mobile network
architectures have been specified independently by different standardisation
bodies and European projects. The International Telecommunications Union
(ITU) standardisation body specified the International Mobile
Telecommunications 2000 (IMT-2000) system. A possible version of the IMT –
2000 system can be provided by the latest version of the Universal Mobile
Telecommunications System (UMTS) that has been specified by the 3GPP
standardisation body. However, the specification of the UMTS started at the
beginning of 1990’s by the European RACE project MONET (MObile
NETworks). Several other European ACTS projects, such as RAINBOW and
EXODUS/INSIGNIA, used these specifications for the design and
implementation of an experimental UMTS configuration. In this thesis we focus
on the UMTS version specified and designed in the ACTS projects EXODUS
and INSIGNIA. However, in order to avoid naming confusions with the system
defined by the 3GPP standardisation body, also called UMTS, in this thesis we
denote this integrated network as Broadband Intelligent Network (B-IN).
This chapter is organised as follows. Section 2.1 presents the B-IN design
method, Section 2.2 presents the B-IN functional architecture and Section 2.3
presents the B-IN network architecture.

2.1 B-IN Design Method
The B-IN design method followed in the EXODUS project can be identified as
a stepwise method. It starts with user and functional requirements and finally
results in an overall physical architecture: a blueprint of possible realisations of
the B-IN system. It is mainly based on the ITU-T IN Conceptual Model [ITU]
that is a reference model suitable for the engineering process of IN. The IN Conceptual Model analyses the IN design process from four different points of
view, called planes. Each of these planes can abstract the process in a different
way. The IN design trajectory starts from the service point of view and ends at
the physical point of view. The four planes are viewed in Figure 2-1 and address
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service functionality, global functionality, distributed functionality and physical
aspects.
The service plane describes services from the user point of view, where any
kind of implementation aspects are hidden. Each service can be decomposed
into basic Service Features (SFs).
In the global functional plane the network is modelled from a global
perspective, hiding the details related to the distribution of functional entities.
This plane defines the way of composing the Service Independent Building
Blocks (SIBs) to provide a specific service feature (component), identifying in
this manner the Global Service Logic (GSL).
The distributed functional planes defines the functionality of the B-IN system,
in terms of Functional Entities (FEs) being able to realise any IN service. Each
FE may perform different Functional Entity Actions (FEAs). The FEAs may not
be distributed across different functional entities, but each FEA may be
performed within different functional entities. Moreover, the service
components specified in the GLS can be mapped onto sequences of particular
FEAs performed in the functional entities. Some particular FEAs could result in
Information Flows (IF) between functional entities.
The physical plane models the physical aspects of the B-IN network. Moreover,
this plane defines the detailed design of the Physical Entities (PEs) and
communication protocols.
Service Plane

Global Functional
Plane

Distributed
Functional Plane

Physical Plane

Figure 2-1: The planes of IN- conceptual model

2.2 B-IN Functional Architecture
The B-IN functional architecture specified in the EXODUS (see [Exod1103])
and depicted in Figure 2-2 is defined in the distributed functional plane and
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consists of interconnected functional entities. For each FE the following
definition is given.
Mobile Broadband Service Control Function (MB-SCF) has a similar
functionality to the Service Control Function (SCF) defined in the [ITUQ1214], but additionally it supports mobility management in a broadband
environment. The MB-SCF (see Figure 2-2) is split in two functional entities:
• SCFsl that controls the user initiated services, e.g., control/allocation of
logical/physical resources for multimedia;
• SCFmm that controls the mobility management, e.g., location management
and paging.
Mobile Broadband Service Data Function (MB-SDF) is mainly handling the
storage and access of data from the MB-SCF and provides consistency check on
data. The MB-SDF is separated in two functional entities:
• SDFsl that handles the storage of service related data, e.g., service profile,
multimedia services provider capabilities;
• SDFmm that handles the storage of mobility management data.
The MB-SCF and MB-SDF FE’s (see Figure 2-2) are located in the MB-SCP
physical entity.
Broadband Call Control Function (B-CCF) mainly provides the call and
connection processing control. It mainly establishes, maintains and releases call
and connection control.
(M)B-SDF

= physical entity
SDFm

SDFsl

= functional entity
(M)B-SCP

SCFmm

RAN

(M)B-SCF

SCFsl

MSF

MCF

(M)B-SSP

M-CUSF

B-SSF
CCAF

TACAF

B-CCF

CRACF

Figure 2-2: B-IN functional architecture and mapping to physical entities
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Broadband Service Switching Function (B-SSF) mainly provides the
functionality required for the interaction between the B-CCF and the MB-SCF,
such as the modification of the call and connection processing functions (in the
B-CCF) required for the processing of the IN requests, under the control of the
MB-SCF.
Mobile Call Unrelated Service Function (M-CUSF) mainly provides the
invocation of the call unrelated events (e.g., location management) in the MBSCF.
Call Related Access Control Function (CRACF) is mainly used for
maintenance of call and connection information related to active calls, paging
and intra-switch handover of calls and connections.
The B-CCF, B-SSF, MBCUSF and CRACF (see Figure 2-2) are located in the
B-SSP physical entity.
Mobile Storage Function (MSF) is a data storage function at the terminal side
for both terminal and user information. In addition to the subscription or service
related parameters it stores location information and terminal capabilities.
Mobile Control Function (MCF) mainly provides the service logic and service
related processing at the terminal side. It supports all mobile specific functions,
e.g., location management and authentication.
Call Control Access Function (CCAF) is an agent between the user and the
network call control functions and it mainly provides call control procedures
required to interface with the core network.
Terminal Access Control Function (TACAF) mainly provides paging
detection and response to and from the CRACF.
The MSF, MCF, CCAF and TACAF are located (see Figure 2-2) in the Radio
Access Network (RAN).

2.3 B-IN Network Architecture
The European ACTS project INSIGNIA ([Insignia], [Insig1101]) specified and
implemented the integration of B-ISDN and IN concepts by developing network
elements capable of providing a mix of basic wired services, e.g., telephony,
and advanced wired services, e.g., Broadband Video Conferencing. The ACTS
project EXODUS [Exod1103] demonstrated the ability of the IN concept to
introduce and integrate mobility in the network elements developed by the
INSIGNIA project.
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The main advantages of integrating mobility into the B-IN core network are:
reducing costs and enlarging the possibilities to satisfy the user's needs.
Integration could, for instance, be done by specifying B-IN mobile functionality
as integral part of the capabilities of B-ISDN. In this way, the mobility features
of such integrated systems could benefit from the flexible service combining
capabilities of IN and the advanced multi-party multimedia call and bearer
control facilities offered by B-ISDN.
User part
Signalling

MT

RAN

Signalling
(M)B-SCP

System 7

(M)B-SSP

(M)B-SCP

(M)B-SSP

B-IP
FT

Figure 2-3: Overview of the B-IN network architecture
The main physical entities constituting such a basic B-IN architecture (see
Figure 2-3) are the Broadband Service Switching Point ((M)B-SSP), that mainly
implements service switching and IN interaction and the Broadband Service
Control Point ((M)B-SCP), that mainly implements the service control logic to
provide intelligent network services (this includes mobility specific control
logic). The Broadband Intelligent Peripheral (B-IP) provides the specialised
resources that are required for the provision of IN broadband services, in
particular multimedia user interaction.
The Fixed Terminal (FT) represents the end fixed user, while the Mobile
Terminal (MT) represents the end mobile user. A mobile terminal has access to
the backbone B-ISDN network via a Radio Access Network (RAN). Note that
in EXODUS project the RAN is denoted as Radio Access System (RAS). Due
to the fact that this thesis focuses only on the B-IN core network performance,
the RAN will be seen as one physical entity. This assumption has been applied
also by the EXODUS project. In reality the RAN is composed of a huge number
of physical entities, see e.g., [3GPP-25401].
The mapping of the functional entities into physical entities is depicted in
Figure 2-2.
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Chapter 3.
Overview of Transport and
Signalling Protocols

For the communication between the physical entities in the B-IN network, a set
of protocol stacks have been defined. Each protocol stack is able to separate the
user plane and signalling planes, where the first one is supporting the transport
of end user data and the second one is supporting the transport of signalling
data, i.e., call control and connection control data.
This chapter describes the user and signalling protocols used in this thesis and it
is organised as follows. Section 3.1 explains the signalling plane protocols and
Section 3.2 presents the user plane protocols.

3.1 Signalling Protocols
This section describes the protocols used in the B-IN signalling communication
plane specified in the ACTS projects INSIGNIA and EXODUS. The radio
access technology applied in the EXODUS project is the DECT (Digital
Enhanced Cordless Telecommunications) technology. The interoperation
between this radio access technology and the B-IN core network is
accomplished using an Interworking Unit (IWU). Figure 3-1 shows the protocol
stacks and the B-IN/DECT IWU applied between the DECT radio technology
and the B-IN radio access network.
The protocol stack applied between the RAN and the (M)B-SSP is defined as BIN UNI (User Network Interface) and is depicted in Figure 3-2. Figure 3-3
views the NNI (Network Node Interface) protocol stack, while Figure 3-4
depicts the IN (Intelligent Network) interface.
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Figure 3-1: B-IN/DECT protocol stack

3.1.1

DECT protocol layers

The DECT protocol layers are depicted in Figure 3-1 and are the following:
DECT R-PHY
The DECT R-PHY (see [ETS300 175-2]) depicted in Figure 3-1 represents the
radio physical layer and its purpose is mainly to divide the assigned radio
spectrum into physical channels. The available DECT frequency band (i.e.,
1880 MHz to 1900 MHz) is divided in 10 carrier frequencies. Moreover, each
carrier is subdivided into 24 time slots, where the first 12 time slots are used for
downlink transmission (i.e., from the fixed part of the access network to the
mobile terminal) and the last 12 slots are used for the uplink transmission (i.e.,
from the mobile terminal to the fixed part of the access network). For data
services, e.g., DECT A/B.2 Data Service Profile [ETS 300 701], variable data
rates from 24 Kb/s up to 552 Kb/s are supported.
DECT MAC (Multiple Access)
The DECT MAC (Multiple Access) layer (see [ETS300 175-3]) viewed in
Figure 3-1 is able to select physical channels and to establish and release
connections on these channels. Furthermore, this layer multiplexes control
information with higher layer information and error control information, into
slot-sized packets. Moreover, the MAC layer is able to divide each data packet
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sent by the DECT R-PHY into a A-field used to transport control information
and a B-field that is used to transport user data.
DECT DLC-C (Data Link Control-C plane)
The DECT DLC-C (Data Link Control-C plane) layer (see [ETS300 175-4])
depicted in Figure 3-1 is mainly used to provide reliable C-plane data links.
Moreover, this layer performs segmentation and re-assembly.
DECT NWK (Network)
The DECT NWK (Network) layer (see [ETS300 175-5]) depicted in Figure 3-1
provides several signalling procedures, such as:
• Call Control: provides a set of procedures that allow the establishment,
maintenance and release of circuit switched services;
• Supplementary services: provide additional capabilities to be used with main
services, i.e., bearer services. Such services can be “negotiation of account
details” and “charge confirmation”;
• Connection Oriented Message Service: offers a point-to-point connection
oriented packet service;
• Connectionless Message Service: offers a connectionless point-to-point or
point-to-multipoint service;
• Mobility Management: handles functions that are associated to mobility and
are necessary for the secure provisioning of DECT services. Such functions
are location management and authentication procedures;
• Link Control Entity: it provides several functions used to supervise lower
layer states. Such functions can be downlink routing and uplink routing.

3.1.2

B-IN protocol layers

The B-IN signalling protocol layers used in the RAN are depicted in Figure 3-1.
Figure 3-2 and Figure 3-3 depict the B-IN signalling protocol layers used at the
User Network Interface (UNI) and Node to Network Interface (NNI),
respectively. The B-IN signalling protocol layers used at the IN interface are
depicted in Figure 3-4. The B-IN signalling protocol layers are the following:
B-IN (Exodus-UMTS) signalling applications
The B-IN (Exodus-UMTS) signalling applications [Exod4213] viewed in
Figure 3-1 are: “Call Control Access Function at the terminal” that performs
call control procedures, “Mobility Management Control Function at the
terminal” that performs handover and location management procedures and
“Terminal Access Control Function” that performs paging.
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PHY (Physical)
The PHY (Physical) layer shown in Figure 3-1, Figure 3-2, Figure 3-3 and
Figure 3-4 represents the physical layer. It mainly consists of the physical
medium-dependent functions and is responsible for transmitting/receiving a
continuous flow of bits with associated timing information to synchronise
transmission and reception.
ATM (Asynchronous Transfer Mode)
The ATM (Asynchronous Transfer Mode) [ITU-I361] layer shown in Figure
3-1, Figure 3-2, Figure 3-3 and Figure 3-4 results from the merging of packet
switching and time division multiplexing (TDM) concepts. The main
characteristics of the ATM layer are:
• No error control (on the data field) nor flow control on the links inside
the ATM network.
• Connection oriented at the lowest level. A virtual circuit assigned for the
complete duration of the connection is used to transfer the information.
• Packets have a fixed and small length. The size of a cell is set to 53 bytes,
the header being 5 bytes and the information field being 48 bytes.
• Limited functionality in the header of the cells. The supported
functionalities are the identification and characterisation of the virtual
circuits, error detection and correction on the virtual circuit identifiers.
• No time relation is maintained inside the network.
SAAL (Signalling ATM Adaptation Layer)
The Signalling ATM Adaptation Layer (SAAL) [ITU-Q2100] mainly provides
the mapping of the higher signalling layer information into the information field
of the ATM cell and vice versa. The functionality of the SAAL used at the UNI
(see Figure 3-1 and Figure 3-2) and NNI (see Figure 3-3 and Figure 3-4) is
different. In the ITU standards the SAAL is defined as the combination of the
AAL (ATM Adaptation Layer), SSCOP (Service Specific Connection Oriented
Peer) and SCCF (Service Specific Co-ordination Function ) layers.
ATM Adaptation Layer
The ATM Adaptation Layer [ITU-I363] consists of two sublayers:
• the segmentation and reassembly sublayer that is responsible for the
mapping of the higher layer information (user, control or management data)
into the information field of the ATM cell and vice versa.
• the convergence sublayer defines the services that AAL provides to the
higher layers.
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SSCOP (Service Specific Connection Oriented Peer to peer)
The Service Specific Connection Oriented Peer to peer (SSCOP) [ITU-Q2110]
is used to transfer variable length packets between SSCOP users and it provides
error recovery functionalities. The SCCOP is common for both UNI and NNI.
SCCF (Service Specific Co-ordination Function)
The Service Specific Co-ordination Function (SCCF) ([ITU-Q2130], [ITUQ2140]) performs a co-ordination between the service required by the higher
layers and the service provided by the SSCOP protocol. The SCCF is not
identical at the UNI and NNI since the higher layers used in these interfaces are
different (see Figure 3-2 and Figure 3-3).
ATMF (ATM Forum UNI)
The ATM Forum UNI signalling standards ([ATMF3.1], [ATMF4.0]) or the
ITU signalling standard [ITU-Q2931] depicted in Figure 3-1 and Figure 3-2 are
existing standards for the basic call handling at the Broadband - UNI. In the
situation that full (i.e., terminal and personal) mobility has to be supported at
the UNI then the existing signalling standards have to be enhanced, e.g.,
ATMF3.1+. The required enhancements have been specified in the MONET
[Monet113] and EXODUS [Exod1206] projects. The signalling standard
Q.2932 CL-BI (see [ITU-Q2932]) viewed in Figure 3-1 and Figure 3-2 is
mainly used to support the call unrelated signalling procedures for mobility
management.
IWU (InterWorking Unit)
The interworking unit (IWU) shown in Figure 3-1 (see [Exod4213]) realises the
interworking for Exodus-UMTS call control, mobility management and paging
procedures. These are specified in terms of the ATMF3.1+/Q.2932 CL-BI
messages and the corresponding DECT network messages.
MTP3 (Message Transfer Part 3)
The functions of the Message Transfer Part 3 (MTP3) [ITU-Q701] (see Figure
3-3 and Figure 3-4) perform Signalling Messaging functions that are
responsible for message routing, discrimination and distribution and Signalling
Network Management functions that are responsible for the reconfiguration of
the signalling network in case of signalling link or signalling end-point failure.

34
UMTS UNI

Signalling Application
ATMF3.1+

Signalling Application

Q2932 CL-BI

ATMF3.1+

Q2932 CL-BI

SAAL (UNI)

SAAL (UNI)

ATM

ATM

PHY

PHY

RAN

(M)B-SSP

Figure 3-2: UNI protocol stacks

B-ISUP (B-ISDN User Part)
The B-ISDN User Part (B-ISUP) [ITU-Q2761] layer performs the establishing,
maintaining, and clearing of network connections at the NNI (see Figure 3-3).
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Figure 3-3: NNI protocol stacks
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SCCP (Signalling Connection Control Part)
The Signalling Connection Control Part (SCCP) ([ITU-Q711], [ITU-Q715])
viewed in Figure 3-4 provides the SCCP user with the ability to transfer
signalling messages via the signalling network on a connectionless or
connection oriented transmission. It is composed of four functions:
• SCCP connection oriented control function (SCOC) that controls the
establishment and release of signalling connections and provides data
transfer on signalling connections;
• SCCP connectionless control (SCLC) function provides connectionless
transfer of data units.
• SCCP management (SCMG) function handles congestion or failure of
SCCP, SCCP users or the signalling route to the SCCP/SCCP user;
• SCCP routing control (SCRC) function provides the routing of a message
from the MTP or from other SCCP functional blocks towards its destination
(MTP or other SCCP functional blocks).
TCAP (Transaction Capabilities Application Protocol)
The Transaction Capabilities Application Protocol (TCAP) ([ITU-Q771], [ITUQ775]) depicted in Figure 3-4 provides a set of tools in a connectionless
environment that can be used by a signalling application at one node to invoke
execution of a procedure to another node and exchange the result of such
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invocation. It refers to the set of protocols and functions used by a set of widely
distributed applications in a network to communicate with one other.
B-INAP (Broadband Intelligent Network Application Part)
The Broadband Intelligent Network Application Part (B-INAP) protocol layer
viewed in Figure 3-4 is an advanced version (specific for broadband
applications) of the INAP [ITU-Q1218] protocol layer (specific for narrowband
applications). The B-INAP is a signalling application protocol that has been
developed by the ACTS INSIGNIA project [Insig1201] and it supports the
intercommunication between:
• the Broadband Service Switching Function (B-SSF) functional entity located
in the (M)B-SSP and the Broadband Service Control Function (B-SCF)
functional entity located in the (M)B-SCP;
• the B-SCF functional entity located in the (M)B-SCP and the Broadband
Specialised Resource Function (B-SRF) functional entity located in the
(M)B-IP;
• the B-SCF functional entity located in the (M)B-SCP and the Broadband
Service Data Function (B-SDF) functional entity located in the (M)B-SDP.
M-INAP (Mobile Intelligent Network Application Part)
The Mobile Intelligent Network Application Part (M-INAP) viewed in Figure
3-4 is a signalling application protocol that supports the handling of mobility
management between the (M)B-SSP (M-CUSF) and the (M)B-SCP (SCFmm).
M-INAP* (Mobile Intelligent Network Application Part modified)
The Mobile Intelligent Network Application Part modified (M-INAP*) protocol
is similar to the M-INAP protocol, with the difference that it mainly supports
the handling of mobility management between two (M)B-SCPs.

3.2 Transport Protocols
The user plane communication can take place between different types of
terminals, e.g., between mobile terminals or between mobile and fixed
terminals. Figure 3-5 shows the protocol stacks that are involved in the user
plane communication between a mobile terminal and a fixed terminal
[Exod4213].
The UNI radio access incorporates the protocol layers: DECT Radio Physical
layer (R-PHY) [ETS300 175-2], the DECT MAC layer [ETS300 175-3] uses the
B-field (see DECT-MAC paragraph in Section 3.1) for the transport of user
plane data. The DECT Data Link Control User part layer (DLC-U) has a similar
functionality with the DECT DLC-C described in Section 3.1. The difference is
that the DLC-U layer can only transport user data.
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The UNI fixed access incorporates the protocol layers: Physical layer (PHY),
ATM and ATM Adaptation Layer 5 (AAL5). At application level the UMTS
service application layer (UAPPL) is specified.
The different Radio Access Network and B-ISDN protocol stacks require
interworking functions that extract information from one protocol stack and
reformat it for onward transmission via a different protocol stack.
In the EXODUS project [Exod4213] the user plane interworking function is
provided at the AAL level. The IWU is located in the RAN (see Figure 3-5) and
is accomplishing the mapping process of the DECT A/B.2 Data profile frames
(DLC-U) to/from AAL frames.
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Figure 3-5: Protocol stacks for user plane communication
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Chapter 4.
Performance Models

Performance evaluation is an important step in the design, development,
configuration and tuning of a system. By performance evaluation one can get
insight and predict the influence of architectural or implementation changes on
system performance. There are many books that provide a detailed treatment of
performance evaluation methodologies (see, e.g., [Jain91]).
In this thesis performance evaluation is used to investigate scalability and
congestion control issues related to the signalling system in a third generation
mobile communication system.
Appropriate queuing network models are developed and analysed to investigate
and characterise the performance of the signalling system used within B-IN. To
be able to use realistic models of different alternatives under a variety of
workloads and environments, simulation is chosen as a performance evaluation
method. The parameters used in the simulation of the queuing network models
are obtained from actual measurements performed on the IN network elements
developed in the INSIGNIA project [Insignia].
The main services considered in our investigations are the mobile and fixed
versions of telephony and B-VPN (Broadband Virtual Private Networks)
services. The mobility management procedures are the location update and
handover procedures. The main procedures used in the telephony and B-VPN
services were specified in the ACTS/INSIGNIA project. The mobility
management procedures were specified in the ACTS/EXODUS project
[Exodus].
This chapter describes the performance models, i.e., user workload model and
network model used in the simulation experiments. Section 4.1 describes the
network topologies used in each set of simulation experiments. Section 4.2
views the signalling information flows among the different entities in the B-IN
network on behalf of call setup, location update and handover requests. The
user workload model is described in Section 4.3. Finally, Section 4.4 describes
the queuing network models that represent the flow and processing of messages
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through the B-IN network on behalf of user call requests and mobility
management procedures.

4.1 Network Topologies
The basic B-IN network topology and the physical entities used in this network
are described in Chapter 2. Due to the fact that each set of simulation
experiments has a different goal, different network topologies have been used.
The network topology used for the scalability experiments is described in
Section 4.1.1. Section 4.1.2 describes the network topology used for the
congestion control experiments.

4.1.1

Network topologies in scalability experiments

The network topology used in the scalability experiments is emulating the
access networks (i.e., B-IN islands) that have been originally used in the
INSIGNIA prototype. In the INSIGNIA prototype, each of these access
networks consists of one B-SSP that is communicating with one B-SCP and one
B-IP. However, in the scalability experiments we have considered a more
realistic configuration where only one B-SCP provides service control
functionalities to four B-SSPs.
In the first set of experiments, we investigate the ability of an B-IN island to
support an increasing number of users. The network topology used in this set of
the scalability experiments involves one B-IN island and is depicted in Figure
4-1; it consists of four B-SSPs and one B-SCP (B-IP is not included, since it is
not required for the B-VPN or Mobile Telephony services that are considered
here). Each B-SSP is connected with a varying number of fixed and mobile
users. The mobile users are connected with the B-IN network via Radio Access
Networks (RANs). Since this thesis focuses only on the B-IN core and
intelligent network performance, it is considered that the number of RANs is
not significantly influencing the performance behaviour of this network, and
therefore, only two RANs are considered in the simulation experiments. The
Fixed Terminal (FT) represents the fixed end user, while the Mobile Terminal
(MT) represents the mobile end user. The network topology used in the first set
of scalability experiments is denoted as a B-IN island.
In the second set of scalability experiments we increase the network size and
complexity. In these experiments (see Figure 4-2) more than one B-IN islands
are considered. Two or more B-SSPs belonging to the same island or to
different islands can inter-communicate. For a well configured B-IN network, it
can be assumed that, in average, the incoming requests are well balanced over
the B-SSPs in the B-IN network. Therefore, in the experiments performed in
this thesis we assume that all requests (i.e., mobile and fixed call setups,
location updates and handovers) are routed equally to all B-SSPs. Moreover,
since the paging mobility procedure is used only when the called users are
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mobile, in the simulation experiments this procedure is included in the mobile
call setup procedure, and it is invoked only for called mobile users.
In all scalability experiments we focus on the impact of mobility management
procedures on the signalling performance of the B-IN core and intelligent
network parts. Therefore, we take into account the access delays due to the
RAN without considering its detailed internal functionality, i.e., we view the
RAN as a set of mobile users.
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Figure 4-1: One B-IN island used in scalability experiments
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The network topology used in the congestion control experiments involves one
B-IN island (similar to the topology used in the scalability experiments) and is
depicted in Figure 4-3. In these experiments it is needed to severely overload
the B-SCP, without overloading a B-SSP. Therefore, the B-IN island used in
these experiments consists of one B-SCP providing service control to six BSSPs (instead of four B-SSPs in the scalability experiments).

4.2 Signalling Information Flows
The signalling information flows (message sequence charts) used in both
experiments (i.e., scalability and congestion control) define the flow and routing
of signalling messages among the different entities in the B-IN network on
behalf of call setup, location update and handover requests. For each fixed
service or mobility management procedure supported by the network, a specific
signalling information flow scenario is specified. The services considered in
this thesis are Mobile Telephony, that incorporates call handling, location
update and handover procedures, and B-VPN call handling procedures. The BVPN service [Insig1101] realises a logical sub-network of a B-ISDN which
appears to a specific group of users as a private broadband network, for voice,
video or data communication.
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4.2.1

B-VPN signalling

The B-VPN message sequence charts are given in Figure 4-4 and Figure 4-5.
Note that the interface between users and a B-SSP is called User to Network
Interface (UNI), the interface between different B-SSPs is called Node to Node
Interface (NNI) and the interface between a B-SSP and a B-SCP is called
Intelligent Network Interface (INI), whose signalling messages are described in
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[Insig1201] and [Insig1103]. The signalling messages used at UNI and NNI are
standardised Q.2931 [ITU-Q2931] and B-ISUP [ITU-Q2761] messages.
In Figure 4-4 the B-VPN message sequence chart depicts the situation where
the calling user (i.e., the user that initiates the service) can communicate with
the called user (i.e., the user that is invoked in the service but is not the initiator
of this service) via one single B-SSP and a B-SCP. In Figure 4-5 the calling
user can communicate with the called user via two (or more) B-SSPs and one BSCP. The calling user communicates directly with the originating B-SSP. The
originating B-SSP communicates directly with the B-SCP and the terminating
B-SSP. Note that one or more intermediate B-SSPs can be used between the
originating and terminating B-SSP. Subsequently the terminating B-SSP is
directly communicating with the called user.
The B-VPN setup phase realises the establishment of the connections between
the calling user, B-SSP(s), B-SCP and called user. These connections are
released during the B-VPN release phase.
One originating and terminating B-SSP (Figure 4-4)
During the B-VPN setup phase the following messages are exchanged between
the B-IN entities:
• SETUP message (from Calling user to B-SSP): the calling user initiates the
B-VPN setup phase. The SETUP message specifies the service type and the
identification number of the called user;
• Service Request (ServiceRequest) message (from B-SSP to B-SCP): the BSSP will recognise that the requested service is a B-IN service and it will
therefore communicate with the B-SCP via the ServiceRequest message.
• 3xRequest Report SSM Change (3xReqReportSSMChange) messages (from
B-SCP to B-SSP): the B-SCP after receiving the ServiceRequest message
will activate the service logic associated with this service and it will instruct
the
B-SSP,
via
three
Request
Report
SSM
Change
(3xReqReportSSMChange) messages, to establish a call with the called user.
• Report SSM Change (ReportSSMChange) message (from B-SSP to B-SCP):
the B-SSP informs the B-SCP that the call establishment to the called user
will be prepared;
• Continue message (from B-SCP to B-SSP): a Continue message is sent by
the B-SCP to instruct the B-SSP to continue with the setup phase;
• Call Proceeding (CALL_PROC) message (from B-SSP to Calling user): after
a predefined time the B-SSP, by sending the CALL_PROC message, informs
the calling user that the service call is being processed;
• SETUP message (from B-SSP to Called user): the B-SSP informs the called
user that a call has to be established by sending a SETUP message;
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• Call Proceeding (CALL_PROC) message (from Called user to B-SSP):
sending a CALL_PROC message, the called user will inform the B-SSP that
the call is being processed;
• Connect (CONNECT) message (from Called user to B-SSP): if this service
call is admitted then the called user will inform the B-SSP by sending a
Connect (CONNECT) message;
• Report SSM Change (ReportSSMChange) message (from B-SSP to B-SCP):
subsequently, the B-SSP will notify the success of this connection to the BSCP, via a Report SSM Change (ReportSSMChange) message;
• Connect Acknowledgement (CONNECT_ACK) message (from B-SSP to
Called user): the B-SSP informs the called user that it successfully received
the CONNECT message by sending a Connect Acknowledgement
(CONNECT_ACK) message.
• CONNECT message (from B-SSP to Calling user): additionally, the B-SSP
notifies the calling user that the service call is admitted by sending a
CONNECT message.
• Connect Acknowledgement (CONNECT_ACK) message (from Calling user
to B-SSP): subsequently, the calling user informs the B-SSP that it
successfully received this message by sending a CONNECT_ACK message;
The B-VPN release phase can be initiated by one of the users involved in the
connection. In Figure 4-4 the initiation of the B-VPN release phase is done by
the calling user.
During the B-VPN release phase the following messages are exchanged
between the B-IN entities:
• Release (RELEASE) message (from Calling user to B-SSP): the initiation of
the B-VPN release phase is done by the calling user, which sends a Release
(RELEASE) message to the B-SSP;
• Release (RELEASE) message (from B-SSP to Called user): the B-SSP
instructs the called user to release the connection, by sending a RELEASE
message;
• Release Complete (RELEASE_COMPL) message (from Called user to BSSP): the called user informs the successful release of the connection by
sending a RELEASE_COMPL message;
• Report SSM Change (ReportSSMChange) message (from B-SSP to B-SCP):
the B-SSP reports the B-SCP about the release of this service session by
sending a ReportSSMChange message;
• Release Session (ReleaseSession) message (from B-SCP to B-SSP): the BSCP informs the B-SSP that the service logic associated to this particular
service session is released;
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Release Complete (RELEASE_COMPL) message (from B-SSP to Calling
user): the B-SSP notifies the successful release of the connection to the calling
user by sending a RELEASE_COMPL message.
Different originating and terminating B-SSPs (Figure 4-5)
The B-VPN setup and release phases depicted in Figure 4-5 are similar to the
ones depicted in Figure 4-4. The main difference is the fact that the calling user
cannot communicate with the called user via a single B-SSP, but it has to
communicate via two (or more) B-SSPs. Therefore, the B-VPN message
sequence charts depicted in Figure 4-5 differs from the ones depicted in Figure
4-4 only on the communication flow between the two B-SSPs. Therefore, only
the communication flow between two B-SSPs will be discussed.
During the B-VPN setup phase the communication flow between the originating
and terminating B-SSPs is as follows:
• IAM message (from Originating B-SSP to terminating B-SSP): the
Originating B-SSP after receives the Continue message from the B-SCP it
informs the Terminating B-SSP that a connection has to take place, by
sending a IAM message. If the called user is connected directly to the
terminating B-SSP, a setup procedure will be started by the Terminating BSSP towards the called user.
• IAA message (from Terminating B-SSP to Originating B-SSP): the
terminating B-SSP notifies the successfully reception of the IAM message,
by sending an IAA message back to the originating B-SSP.
• ANM message (from Terminating B-SSP to Originating B-SSP): If the setup
procedure towards the called user is successful then the terminating B-SSP
will report it to the Originating B-SSP, by sending an ANM message.
Subsequently, the originating B-SSP will report the successful connection to
the B-SCP and the calling user.
During the B-VPN release phase the communication flow between the
originating and terminating B-SSPs is as follows:
• REL message (from Originating B-SSP to terminating B-SSP): the
Originating B-SSP after it receives the RELEASE message from the calling
user it sends a ReportSSMChange message to the B-SCP and a REL
message to the terminating B-SSP;
• RLC message (from Terminating B-SSP to Originating B-SSP): the
terminating B-SSP releases its connection with the called user, by sending a
RELEASE message. Moreover, it notifies the Originating B-SSP that the
release procedure is completed, by sending a RLC message.
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Figure 4-4: B-VPN message sequence chart (one originating and
terminating B-SSP)

4.2.2
Mobile Telephony signalling for call handling (call
setup and release)
The Mobile Telephony call handling (call setup and release) message sequence
chart is depicted in Figure 4-6 and Figure 4-7. In these message sequence charts
the called user is considered to be a mobile user, while the calling user can be
considered either as a mobile or as a fixed user. If the called user would be a
fixed user then all messages at the (terminating) B-SSP are standardised Q.2931
messages (i.e., INI and paging messages in Figure 4-6 and Figure 4-7 are not
used).
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Figure 4-6 depicts the situation where the calling user (i.e., the user that initiates
the service) can communicate with the called user (i.e., the user that is invoked
in the service but is not the initiator of this service) via one single B-SSP and a
B-SCP. In Figure 4-7 the calling user can communicate with the called user via
two B-SSPs and one B-SCP.
The main difference of these two message sequence charts compared to the BVPN message sequence charts depicted in Figure 4-4 and Figure 4-5 is related
to the fact the B-IN network does not know the exact location of the mobile
users and therefore a paging procedure is needed.
One originating and terminating B-SSP (Figure 4-6)
This message sequence chart is similar to the one depicted in Figure 4-4. The
main difference between these two charts is the paging procedure that is used to
locate roaming users.
• Paging request (Paging.req) message (from B-SCP to Called user via the BSSP): during the paging procedure the (terminating) B-SSP locates the
terminal by polling all cells within the location area, i.e., broadcasting a
Paging.req message to all RANs that support the location area.
• Paging response (Paging.resp) messsage (from Called user to B-SCP via the
B-SSP): if the paged terminal is reached, then it sends a response
Paging.resp message to the (terminating) B-SSP.
The remaining parts of the message sequence charts used in Figure 4-6 are
similar to the message sequence charts depicted in Figure 4-4.
Different originating and terminating B-SSPs (Figure 4-7)
This message sequence chart is similar to the one depicted in Figure 4-5. The
main difference between these two charts is the paging procedure that is used to
locate roaming users. This paging procedure is identical to the one used in
Figure 4-6.

4.2.3

Mobile Telephony signalling for location update

Figure 4-8 depicts the message sequence chart used during the location update
procedure. The location update procedure is activated each time a mobile user
roams into a different location area, i.e., an area wherein the mobility
management is provided by e.g., a different B-SSP. When the mobile user
roams into an other location area it initiates a location update request indication
(Location Update req.ind) message. Using this message the mobile user is
requesting from the B-IN network to register its location. This message arrives
to the B-SSP via the RAN. The B-SSP forwards this message to the B-SCP,
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which will register in its database the new location, i.e., location area, of this
particular mobile user. Afterwards, the B-SCP confirms that the registration
succeeded by sending the Location Update report confirmation (Location
Update rep.conf) message to the mobile user via the B-SSP and RAN.

4.2.4

Mobile Telephony signalling for handover

When a mobile user changes its point of attachment to the network, a handover
procedure takes place. During this handover procedure the network establishes
a connection with the mobile user via the new point of attachment and releases
the old connection through the old point of attachment.
Depending on the impact on the network, the handover procedures can be
classified in different groups:
• Intra-cell handover - occurs within one cell;
• Inter-cell handover - occurs among two cells that are belonging to one RAN;
• Intra-switch handover - occurs among cells that are supported by the same
B-SSP, but are belonging to different RANs.
• Inter-switch handover - occurs among cells that are supported by different BSSPs;
• Inter-network handover - occurs among cells that are supported by different
B-IN networks.
The first two types of handovers are managed by the wireless access network,
while the other types of handovers are managed by one or several B-SSPs.
Due to the fact within the EXODUS project only one platform provides wireless
access, inter-switch and inter-network handover is not possible. Moreover, the
intra-cell and inter-cell handovers are specifically performed by the used DECT
wireless technology. Therefore, the only handover procedure that has been
specified by the EXODUS project is the intra-switch (i.e., intra-B-SSP)
handover [Exod1206].
Therefore, in our studies we consider only the intra-B-SSP handover procedure.
The message sequence chart used in this procedure is depicted in Figure 4-9.
During the handover procedure, the mobile user for a short time will be able to
receive and send signalling messages through two RANs, the Old RAN and
New RAN.
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The following handover messages are processed internally within the mobile
user, but due to their functional and performance importance they are depicted
in the message sequence chart:
• Handover request indication (Handover.req.ind) message: the call control
access function (CCAF) that controls the communication through the New
RAN is informed that a handover will take place;
• Handover Proceeding request indication (Handover_Proc.req.ind) message:
the CCAF function that controls the communication with the Old RAN is
informed that the B-SSP is processing the handover request;
• Handover Proceeding response confirm (Handover_Proc_resp_conf)
message: the CCAF function that controls the communication through the
Old RAN confirms the reception of the Handover_Proc.req.ind message.
• Handover response confirm (Handover_resp.conf) message: the CCAF
function that controls the communication through the Old RAN is informed
that the connection through the New RAN is successfully fulfilled.
In the following description (related to Figure 4-9), only the communication
between the mobile user and the B-IN network is described, without describing
the flow of the above listed messages.
• Handover Setup (HO-SETUP) message: when a mobile user moves from one
RAN (i.e., Old RAN), to another RAN (i.e., New RAN), it sends a Handover
Setup (HO-SETUP) message via the New RAN to the B-SSP. Using this
message the mobile user informs the B-SSP that a handover procedure will
take place.
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• Call proceeding (CALL_PROC) message: the B-SSP, sends the
CALL_PROC message to the mobile user, via the New RAN, informing it
that the handover procedure is in progress.
• Handover Confirm (HO-CONFIRM) message: the mobile user confirms the
reception of the CALL_PROC message, by sending a Handover Confirm
(HO-CONFIRM) message.
• CONNECT message: Subsequently, the B-SSP establishes a connection with
the mobile user via the New RAN, by sending a CONNECT message.
• RELEASE message: when the mobile user receives this message it realises
that a new connection, via the New RAN, is established and therefore, it
releases the old connection via the Old RAN, by sending a RELEASE
message.
• RELEASE_COMPL message: the B-SSP releases this connection and
informs the mobile user about it, by sending a RELEASE_COMPL message
through the Old RAN.
All messages used in these mobility management procedures are described in
more detail in [Exod1206].

4.3 Fixed and Mobile User Workload Model
In both scalability and congestion control experiments we consider a traffic mix
of Mobile Telephony and B-VPN calls. The traffic mix used in the scalability
and congestion control experiments differ; they are described in Section 4.3.1
and Section 4.3.2, respectively.
In telecommunication services, the arrival process of requests is often
approximated by a Poissonian process. Furthermore, in some studies it is
assumed that the service duration has an exponential distribution, see, e.g.,
[KoSk94]. However, Bolotin [Bol94] shows that the exponential distribution
does not adequately describe the duration of a service call. He proposes a mix of
two log normal distributions to characterise the call duration.
Both B-VPN and Mobile Telephony services are telephony services and
therefore, in all experiments it is assumed that the Mobile Telephony and BVPN call duration densities are identical. However, in reality the call duration
densities of the B-VPN and Mobile Telephony services might be different but
this difference is not significant for the purpose of our studies.
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The call duration densities follow a probabilistic mixture of two normal
densities on logarithmic time scale [Bol94] with a mixing probability
a (0 < a <1):
f (t ) = af 1 (t ) + (1 − a ) f 2 (t ) ,

−∞ < t < ∞,

with
−
1
f i (t ) =
e
σ i 2π

( t − µi ) 2
2σ i2

,

−∞ < t < ∞,

i = 1, 2.

Therefore, if τ ( − ∞ < τ < ∞ ) is a drawing from f(t), then the corresponding
sample of call duration is equal to 10τ (greater than zero). The values for the
parameters of the above distribution (see [Bol94]) are assumed to be as follows:
a = 0.4, µ1 = 1.31, σ1 = 0.33, µ2 = 2.11, σ2 = 0.5.
For the Mobile Telephony service it is assumed that the calling and the called
terminals are mobile or fixed with equal probabilities. Furthermore, assuming
that the B-IN network is well configured, the incoming B-VPN and Mobile
Telephony requests are well balanced over all B-SSPs in the B-IN network.
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Therefore, we consider an equal number of users connected to each B-SSP in
the B-IN network. Assuming that the total traffic (due to mobile and fixed
services) per user is fixed, the load per network node can be varied by varying
the number of users per node.

4.3.1

Workload models used in scalability experiments

In the scalability experiments we assume that mobile services will have a higher
rate of growth; therefore they will constitute the majority of the B-IN traffic. In
particular, we assume that mobility management procedures account for 2/3
(i.e., 66.66%) of the B-IN load, while B-VPN calls account for the remaining BIN load (i.e., 33.33%). Furthermore, we assume that the traffic due to Mobile
Telephony services is a mix of call setup, location update and handover
procedures. The percentage of each procedure in the mobility traffic mix is
calculated using the information provided in [Monet79] and [Monet81]
regarding the mobility traffic in a metropolitan environment (i.e., centre of
major cities that are characterised by the highest urbanisation level, having a
high level of business, commercial and financial activity). These percentages
are 3.5% handover, 21% mobile call setup and 75.5% location update. The
arrival of all types of B-IN signalling requests (i.e., B-VPN, Mobile Telephony
call setups, location updates and handovers) to each B-SSP are modelled as
Poisson processes. For further details on the workload models used in
scalability experiments we refer to Section 5.2.

4.3.2
Workload models used in congestion control
experiments
The congestion control experiments are mainly used to observe the congestion
control reaction time, robustness and fairness as defined in Section 6.1. This is
accomplished by observing the transient (i.e., dynamic) behaviour of the system
in response to sudden overload. The basic idea is to subject the system to
overload conditions for some period of time and observe the congestion control
reaction time, robustness and fairness. Moreover, in order to observe the
fairness of the congestion control mechanisms, the workload traffic mix is not
fixed (as in the scalability experiments) but it is different depending on the
congestion control experiment. For further details on the workload models used
in congestion control experiments we refer to Section 7.3.2.

4.4 Network Models
In order to perform the planned scalability and congestion control simulation
experiments, we must fully characterise the network model and its parameters.
In this section we give the queuing models used for performance evaluation.
The routing of messages through this queuing model is determined from the
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message sequence charts of Section 4.2. The scheduling of user requests and
signalling messages at the physical entities is also characterised. Finally, we
give other queuing model parameters, such as message processing times.

4.4.1

Queuing models

Queuing network models are used to represent the processing and flow of
signalling messages through the B-IN network. Each physical entity in the B-IN
network is assumed to have one Central Processing Unit which processes all
signalling messages directed to it. Moreover, it is assumed that the size of the
buffers is large enough such that the number of lost signalling messages is
insignificant. Therefore, each physical entity in the B-IN network (i.e., B-SSP
and B-SCP) is modelled by a single server queue with an infinite message
buffer. The investigations performed in this thesis focus on the performance of
the B-IN network, excluding the performance of the RAN and the behaviour of
mobile and fixed users. Accordingly, the RANs, mobile and fixed users are
modelled as infinite servers (delay servers).
Similar to the INSIGNIA network, for signalling the B-IN network uses
unidirectional 2 Mbit/s transmission links to connect the B-SSPs with each
other and with the B-SCP in the same island. From signalling message length
estimations it is concluded that, in average, each message can be transported by
two ATM cells (i.e., 2 ∗ 53 bytes). Therefore, the 2 Mbit/s transmission link is
modelled as a single server queue with an infinite buffer and a constant service
time (0.424 ms) per message.
For scalability experiments, the queuing model depicted in Figure 4-10
represent the B-IN island shown in Figure 4-1. The network topology in Figure
4-2 could also be easily represented in a similar way by extending the queuing
network model depicted in Figure 4-10.
In congestion control experiments, the used queuing model is depicted in Figure
4-11 and is similar to that used in scalability experiments, but with six (rather
than four) B-SSPs connected to one B-SCP.
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Figure 4-10: Queuing model of one B-IN island used in scalability
experiments
Figure 4-11 depicts the queuing model used to represent the B-IN topology
shown in Figure 4-3.
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Figure 4-11: Queuing network model of one B-IN island used in congestion
control experiments
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4.4.2

Message routing

The flowing and routing of messages through the queuing network models on
behalf of a user request are defined by the signalling information flows. This
means that the routing behaviour of the queuing models is different for each
service and/or procedure handled by the network. For the B-VPN service, the
message routing through the queuing model is provided by the signalling
information flows depicted in Figure 4-4 and Figure 4-5. When the Mobile
Telephony service is used, then the message routing through the queuing model
is provided by the signalling information flows depicted in Figure 4-6 to Figure
4-9.
Section 4.4.5 describes in more detail an example of how the network topology,
signalling information flows and the performance models are tied together.

4.4.3

Time-Based priority scheduling

An important characteristic of the network model is the priority scheduling used
at the physical entities to serve the user requests, mobility management
procedures and the associated subsequent signalling messages. A new
scheduling discipline is introduced, which we refer to as Time-Based priority
scheduling.
Using this priority scheduling, new and cycled messages belonging to the same
B-IN request (i.e., a B-VPN call setup or a mobility management procedure) get
the same (non-pre-emptive) priority, which is assigned based on the arrival time
of that B-IN request. In other words, earlier B-IN requests and their messages
are assigned higher priorities than those assigned to later B-IN requests and
their messages. The priority assignment to B-IN requests (and their messages)
that arrive to the B-IN network is determined as follows. Let B-IN requests be
ordered according to their arrival times to the B-IN core network. Then the m-th
B-IN request and all messages on its behalf are assigned priority P(m):
MAXIMUM , m = 1,
P(m ) = 
 P(m − 1) − 1, m > 1,

where MAXIMUM is the highest possible priority that a message can get. For
example, suppose that a request message m1 arrives at the B-SSP at time step t1
and it gets a priority P1. This message will be served by the B-SSP and then sent
to the B-SCP. Now suppose that a new request message m2 arrive at the B-SSP
at time step t2 (t2 > t1). This request message will get the priority P2 (P2 < P1).
The message m2 waits to be served by the B-SSP. Before this message is
processed, message m1 comes back to the B-SSP. The message m1 will be
served before m2 at the B-SSP queue, since it has a higher priority. After m1
departs from the B-SSP, the message m2 can proceed with its requested service
at the B- SSP.
It has been shown experimentally (see [Insig1106]) that the Time-Based priority
scheduling discipline performs better than other disciplines, such as FIFO.
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Therefore, in all simulation experiments performed and presented in this thesis,
the Time-Based priority scheduling discipline is used at all servers representing
physical entities in the B-IN network.
Furthermore, in our performance studies, Time-Based scheduling is also used
within each of two strict priority classes of B-IN requests. The first class
corresponds to handover requests which are assigned higher (non-pre-emptive)
priority than the second class corresponding to all other B-IN requests (i.e., BVPN and Mobile Telephony call setups and location update procedures). In
other words, no other requests/messages may begin processing at a physical
entity as long as a handover request/message is queued at the same entity. This
is a practical and realistic scheduling policy in order to provide a seamless
handover, which is critical for the continuity of mobile calls in progress. The
Time-Based scheduling is used among B-IN requests of the same class.

4.4.4

Model parameters

Model parameters, such as message processing times (at the B-IN physical
entities) associated with the B-VPN service, have been obtained experimentally
from the prototype platform used in the INSIGNIA project. Due to
confidentiality reasons, the exact measured values can not be disclosed. Instead,
we use a scaled set of the measured parameter values. Unfortunately, no
measurements are available regarding the Mobile Telephony call setup requests
and the other mobility management procedures. Therefore, we had to make
assumptions regarding the message processing times associated with the Mobile
Telephony service. Based on the outcomes of the performance measurements
within the INSIGNIA project, the message processing times tend to be normally
distributed on a logarithmic scale. Therefore, the distribution of all measured
and assigned message processing times is assumed to be Normal on logarithmic
scale (similar to that of the call duration described in Section 4.3). The mean
and standard deviations of the processing time for all messages considered in
the performance models are given in Table A 1 to Table A 4 of the Appendix of
this thesis.

4.4.5

Example scenario

This section describes an example to illustrate how the network topology,
signalling information flows and the performance models are tied together.
Figure 4-12 represents the network topology and Figure 4-13 depicts the
message sequence chart of the B-VPN release procedure, which is considered
here as an example. The sequence of messages is as follows:
• message (1): represents the RELEASE message that is initiated by the
calling user and is sent to the B-SSP;
• message (2): represents a RELEASE message sent by the B-SSP to the called
user;
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• message (3) represents a ReportSSMChange message that is sent by the BSSP to the B-SCP. The B-SCP will then start the release of the service logic.
• message (4): represents a RELEASE_COMPL message that is sent by the
called user to the B-SSP. This message informs the B-SSP that the release
procedure at the called user is completed;
• message (5): represents a ReleaseSession message that is sent by the B-SCP
to the B-SSP.
• message (6): represents a RELEASE_COMPL message that is sent by the BSSP to the calling user; it notifies that the B-SSP completed the release
procedure.
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Figure 4-12: One B-IN island used in scalability experiments
The network topology depicted in Figure 4-12 and the message sequence chart
viewed in Figure 4-13 are incorporated in the queuing network model depicted
in Figure 4-14. Note that the B-SSP and B-SCP are modelled as single server
queues.
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Figure 4-13: B-VPN release message sequence chart
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Chapter 5.
Scalability

Third generation mobile communication systems, such as the one considered in
this thesis, is expected to provide an increasing number of fixed and mobile
advanced services to a rapidly growing number of users. Therefore, it is crucial
to consider scalability issues relating to the operation of these networks in
commercial and public environments.
B-IN will have to support a large number of users and various types of services
with different traffic characteristics and Quality of Service (QoS) requirements.
During the design of such a system one of the important questions that has to be
answered is: “How much can the “size” of this network be increased, while
maintaining the required QoS and network performance?”. The size of the
network may relate to one of the following:
• number of users that can be supported by a network node: increasing the
number of users that must be supported by a certain physical network entity
can cause serious performance problems due to processing capacity and
memory limitations. The question of how many customers a given node (e.g.,
B-SCP) can handle depends on the supported protocols and on the capacity
required to process B-IN customer requests. Scalability in this sense of ‘size’
refers to the ability of the node (e.g., B-SCP) to handle an increasing number
of customer requests.
• number of network nodes and links: the growth of the number of nodes and
links may cause an increase in the load offered to a given physical entity,
since the physical entity will have to manage the communication between a
large number of nodes in a more complex topology. For example, routing
protocols which involve the exchange of information between B-SSPs may
be a limiting factor in network growth. Other issues which depend upon the
number of nodes and links are searches that may be required for specific
services in the network, and messages between B-SSPs and B-SCPs for the
purpose of traffic control and detecting outages. In addition, there are
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storage issues which can also limit the growth of a network. For example, if
the design requires that information on all the B-SCPs be kept in the network
at all the B-SSPs, then the number of B-SCPs and the amount of information
that need to be stored becomes a limiting factor in the growth of the network.
When increasing the number of nodes, the B-IN protocols require larger
routing tables, increased size and more complex organisation of database
accessible to the B-SCP. Increasing the size and/or the distribution of the
database accessible to the B-SCPs influences storage, retrieval and
processing on behalf of signalling, and therefore makes data search, access,
and management more complex requiring more processing power and time.
Moreover, as the number of links and nodes in a network grows, one can
expect that the (multiplexed) user traffic handled by nodes in the network
will also grow. In this case, some nodes will be loaded a great deal more
than other nodes, depending upon their physical location in the network and
upon the particular services available through that node and perhaps also
upon the time of day.
• geographical area covered by the network: increasing the geographical area
that is covered by a network while keeping the number of nodes fixed will
cause an increase of the message propagation and transmission delays since
these delays are proportional to the length and number of the physical
communication links. Thus a world-wide network with nodes in different
continents has larger propagation and transmission delays, than a local
network.
A B-IN network is considered to be scalable with respect to covered
geographical area if the underlying protocols perform in a world-wide
network as well as in a local network.
• number of services provided by the network: increasing the number of
services that a network provides will cause an increase in the offered load
(and its variability) to a given physical entity, since this entity will have to
support various services with different requirements. Moreover, when the
number of services that a B-IN network provides is increased, the different
physical entities in the B-IN network will have to store and maintain more
information related to the handling of each service.
Scalability is the ability of the network to increase in size, where size relates to
any of the aspects discussed above, while maintaining QoS (see, e.g., [Gau96],
[RFC2475], [KaBe97], [KaNi98], [KaNi00]).
This chapter is organised as follows: The performance measures used for the
evaluation of scalability are introduced in Section 5.1, and the experimental
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settings are described in Section 5.2. Section 5.3 presents the experimental
results and Section 5.4 concludes.

5.1 Performance Measures
A performance measure is a variable that quantitatively characterises a system
with respect to a certain aspect of its operation, and by doing so it provides
information on how well suited the system is for the tasks to be performed. In
the scalability experiments the following performance measures are used to
assess the signalling performance of the B-IN network:
• utilisation (U): the fraction of time that a processor or a physical entity (in a
network) is processing on behalf of service requests (a subscript indicates
the physical entity, e.g., USCP);
• delay of a signalling procedure (D): the time between the instant when the
signalling request arrives until it is completed, excluding any user response
times;
• throughput (λ): the long-term average number of processed service requests
(or signalling procedures) per second.
Balancing the network: A performance bottleneck is caused by one or more
physical entities approaching their maximum processing capacity and, therefore,
limiting the overall performance of the B-IN network. Note that the B-SCP,
being a centralised control entity, is typically the performance bottleneck. In
order to maximise the network throughput, this bottleneck is removed by
balancing the processing speed of the B-IN network physical entities, such that
the utilisations USCP, USSP, of the B-SCP and each B-SSP, respectively, are
approximately equal. The maximum network throughput achieved in an
unbalanced network is less than the network throughput achieved in a balanced
network. Therefore, it is reasonable to assume that a network provider will
optimally configure its network, i.e., balance it. In a real network, this can be
done either by replacing a bottleneck processor with a faster processor, or by
using more processors in parallel. A balanced network is considered in the
actual scalability experiments.

5.2 Experimental Settings
The impact of increasing the “geographical area covered by the network” and
the “number of services provided by the network” on the overall performance, is
expected to be insignificant compared to the impact of increasing either the
“number of users” or the “number of nodes and links”.
Therefore, in this chapter we investigate the impact of the latter two parameters
on the performance of the integrated B-IN system.
We provide a method and perform simulation experiments for evaluating the
scalability due to an increased number of users or nodes in the B-IN network.
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The B-SSPs and B-SCPs are clustered into B-IN islands, each consisting of 4 BSSP’s and one B-SCP. The main reason of choosing this type of clustering is
explained in Section 4.1.1 and is related to the network topology used in the
ACTS/INSIGNIA project.
In the first set of experiments, we investigate the ability of an B-IN island to
support an increasing number of users. We fix the network (i.e., the physical
entities: B-SSPs and B-SCPs) utilisation at a typical maximum level for
telecommunication networks (say, 0.8). Note that, if the network utilisation
goes beyond this level, then the network performance degrades very fast. By
increasing the number of users, the network utilisation will increase above 0.8.
In order to bring the network utilisation down to its typical level (0.8), we
increase the speed of the B-IN physical entities.
It is of interest to determine how the network load (throughput) increases with
the processing speed (of the physical entities) while maintaining the same
(typical) level of utilisation. A linear relation implies a high degree of
scalability.
In the second set of experiments we investigate the scalability when the number
of network nodes and links in the B-IN network is increased, i.e., by increasing
the number of B-IN islands (N). Note that, increasing the number of B-IN
islands, the size and/or the distribution of the database accessible to the B-SCPs
will be increased, influencing storage, retrieval and processing on behalf of
signalling. Consequently, data search, access, and management becomes more
complex requiring more processing power and time. Therefore, we assume that
the B-SCP database access delay depends on the number of the B-IN islands (N)
in the network. Let d(N) be the B-SCP mean database access delay when the
number of B-IN islands is N. We consider three types of dependencies:
• constant (i.e., independent of N), for example when a centralised B-SCP
database is used in a fully connected network and, therefore, the access delay
is assumed to be independent of the number of B-IN islands. This
dependency can be expressed as d(N) = a, N ≥ 1, where a is the B-SCP
database access delay, that is equal to the processing time of the message
being processed by the B-SCP. Note that a includes waiting times that the
request message may incur due to possible locking and unlocking of
database records on behalf of concurrency control procedures. The
processing time values of the messages that are processed by the B-SCP are
listed in Table A 1 and Table A 3 of the Appendix.
• logarithmic in N, for example when the B-SCP database is distributed in a
tree-like network topology (whose size depends on N) and therefore, the
access delay is assumed to be proportional to the natural logarithm of N.
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This dependency can be expressed as d(N) = a+b∗ln(N), N ≥ 1, where b is a
constant that is set to 1/3.
• linear in N, for example when the B-SCP database is distributed in a ringlike network topology, so that the access delay is assumed to be linearly
proportional to the number of B-IN islands. This dependency can be
expressed as d(N) = a′+b∗N, N ≥ 1, where a′= a-b and b is set to 1/3.
An interesting scalability issue is the impact of increasing the number of B-IN
islands on the network throughput and on the B-SCP access delay, given that
the network utilisation is maintained at a fixed (typical) level of 0.8.
In these experiments, two services are assumed to be supported by the B-IN
network; namely, a fixed Broadband Virtual Private Network (B-VPN) service
and a Mobile Telephony service (see Chapter 4). We use the network
architecture specified in the ACTS/INSIGNIA and ACTS/EXODUS projects
and presented in Chapter 2 and Chapter 4. As performance measures, we
consider the throughput, utilisation and delay of different signalling procedures
(as defined in Section 5.1). These signalling procedures are the B-VPN call
setup and Mobile Telephony call setup, location update and handover
procedures.

5.3 Experimental Results
The network topology, signalling information flows, performance models, i.e.,
user workload models and network models, used in the scalability experiments
are described in Sections 4.1, 4.2, 4.3 and 4.4, respectively.
Once the network model has been constructed and fully characterised, it can be
used to evaluate the performance measures of interest. The experimental
simulation studies in this section are carried out using the queuing network
analysis package QNAP [VeSe85] to evaluate the queuing models of the B-IN
network configurations. To obtain independent observations, the method of
batch means is used (see e.g., [Jain91]); thus making it possible to provide
confidence intervals associated with estimates of the performance measures.
Two sets of experiments are performed. First, the ability of a B-IN island to
support an increasing number of users is investigated. Second, the network
scalability is evaluated for an increasing number of B-IN islands. We will
discuss each of them in Sections 5.3.1 and 5.3.2, respectively.

5.3.1

Increasing the number of users per node

In this set of experiments the number of nodes is fixed while the number of
users connected to a B-SSP node is increased. We consider one B-IN island
with topology and network model depicted in Figure 4-1 and Figure 4-10,
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respectively. As explained in Section 5.2, it is assumed that the total load on the
B-IN island is balanced and, therefore, equally divided among the four B-SSP’s.
To investigate the impact of increasing the number of users connected to one BIN island, we increase the network load (calls/sec) proportionally. We also
increase the processing speed of the network physical entities (i.e., B-SSPs and
B-SCPs) so as to maintain the utilisation at a fixed level of 0.8. For a scalable
network, the processing speed (to maintain the same utilisation) should increase
linearly with the network load.
We perform the experiment as follows: starting with the processing speeds (see
Section 4.4.4) and with a balanced network (see Section 5.1), we increase the
processing speed by a factor of α = 1, 2, …, 10. For each value of α we adjust
the network load (calls/sec) until the utilisations of all the B-SSPs and B-SCP is
(approximately) equal to 0.8. We record this network load as the throughput
corresponding to this given value of α. (Note that the throughput is identical to
the network load corresponding to α, since we are experimenting with a stable
network at utilisation 0.8.)
The obtained estimates and their 95% confidence intervals are listed in Table
5-1. In Figure 5-1 the processing speed factor, α, required to maintain a network
utilisation of 0.8 is plotted for different values of the total network load. In
Figure 5-2 the mean delays of all procedures, at the given network utilisation of
0.8, are plotted for different values of the total network load. Note that the
processing speed increases with the load to maintain a fixed utilisation.
Next, for a given value of the speed factor (α = 10), the mean delays for all
procedures are estimated for a varying B-IN network load. These estimates and
their 95% confidence intervals are listed in Table 5-2. For all procedures, Figure
5-3 depicts the mean delays as a function of the total B-IN network load. In
Figure 5-3 the network utilisation is also plotted versus the network load.
From Figure 5-1, Figure 5-2, Figure 5-3, Table 5-1 and Table 5-2 we conclude
that: for a traffic mix of 33.35% B-VPN and 66.65% Mobile Telephony (see
Section 4.3), after balancing the network, the throughputs (λ) of all procedures
(i.e., B-VPN and Mobile Telephony call setup, location update, and handover)
increase linearly with the processing speed α required to maintain the same
utilisation level. In practice, however, there are physical and cost limitations on
the speed which also limits the scalability of the network. The mean delays of
all procedures decrease when the processing speed is increased. From Figure
5-3 it can be seen that the mean delays of the B-VPN and Mobile Telephony
call setup and location update procedures exhibit a typical delay vs. load
characteristic, i.e., the mean delays increase sharply for high utilisation.
However, the delay of the handover procedure is much less sensitive to the
increase of the total B-IN network load. This is because the handover requests
are assigned a higher priority than all other B-IN (fixed and mobile) requests.
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Table 5-1 Network throughputs and mean delays (at utilisation 0.8) as
α)
functions of the processing speed factor (α
α
B-VPN mean setup delay
(ms)
B-VPN throughput (calls/s)

1
96.37
±3.735
45.12

2
49.24
±1.89
90.6

3
30.77
±1.174
136.48

4
22.41
±0.856
182.64

6
15.74
±0.251
275.86

8
12.59
±0.433
368.66

10
10.05
±0.163
462.96

Mobile Teleph. mean setup delay
(ms)
Mobile Telephony throughput
(calls/s)

111.1
±4.013
18.94

56.14
±2.244
38.052

35.39
±1.033
57.32

27.82
±1.033
76.7

18.65
±0.71
115.86

13.78
±0.118
154.82

11.19
±0.427
194.4

Location update delay
(ms)
Location
update
throughput
(calls/s)

58.38
±2.296
68.12

29.2
±1.143
136.8

19.14
±0.746
206.08

11.11
±0.420
275.6

8.595
±0.325
416.4

6.475
±0.257
556.66

4.782
±0.175
699.06

Handover delay
(ms)
Handover throughput (calls/s)

17.38
±0.398
3.14

8.644
±0.119
6.34

5.754
±0.04
9.54

4.293
±0.092
12.78

2.895
±0.02
19.3

2.174
±0.021
25.8

1.744
±0.013
32.4

Processing speed
factor a

network utilisation = 0.8
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Figure 5-1: Processing speed (α
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Figure 5-2: Mean delay as function of total network load at network
utilisation 0.8

Table 5-2 Mean delays as functions of the total network load
Network load
(calls/s)

150.3

301.2

463.09

867.04

1001.65

1165.03

1298.7

1388.88

1542.3

B-VPN mean setup
delay (ms)

5.638
±0.041
5.867
±0.134
2.135
±0.012
1.181
±0.03

5.765
±0.046
6.172
±0.118
2.199
±0.015
1.267
±0.008

6.054
±0.014
6.487
±0.093
2.318
±0.041
1.347
±0.033

6.805
±0.015
7.318
±0.032
2.753
±0.087
1.538
±0.058

7.327
±0.138
7.874
±0.146
2.998
±0.092
1.594
±0.014

8.222
±0.144
9.137
±0.318
3.682
±0.126
1.63
±0.02

9.201
±0.327
10.14
±0.278
4.427
±0.172
1.723
±0.017

10.05
±0.163
11.19
±0.427
4.782
±0.175
1.744
±0.013

12.35
±0.480
16.3
±0.606
10.93
±0.437
1.786
±0.011

Mobile Teleph. mean
setup delay (ms)
Location update
delay (ms)
Handover delay
(ms)
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Figure 5-3 Mean delays and network utilisation as functions of the total
load

5.3.2

Increasing the number of nodes

In this set of experiments we consider a network with more than one
interconnected B-IN islands. The network topology is given in Figure 4-2. The
processing speed factor α is set to 1, and as explained in Section 5.1 it is
assumed that the total load on all the B-IN islands is balanced and, therefore,
equally divided among all B-IN islands. The experiments were performed for an
increasing number of islands N, from 1 to 8. Note that initially a fixed total
network load of 135,32 calls/sec is offered to each island. This total network
load may change from one experiment to another in order to keep the network
utilisation at the specified value of 0.8. For each value of N, the throughput at
network utilisation 0.8 and the corresponding mean delays of B-VPN and
Mobile Telephony call setup, location update, and handover are estimated.
The B-SCP database access delay is assumed to depend on the number of the BIN islands in the network. Let d(N) be the B-SCP database access delay when
the number of B-IN islands is N. We consider three types of dependencies:
constant, logarithmic and linear that are described in Section 5.2.
The obtained estimates (with their 95% confidence intervals) for B-VPN and
Mobile Telephony call setup, location update and handover throughputs and
mean delays are listed in Table 5-3 to Table 5-6, respectively. In Figure 5-4,
Figure 5-6, Figure 5-8 and Figure 5-10, the throughputs at the given network

utilisation

18
15
12
9
6
3
0
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utilisation (i.e., 0.8) are plotted for an increasing number of B-IN islands N and
for the three types of B-SCP access delay dependencies. In Figure 5-5, Figure
5-7, Figure 5-9 and Figure 5-11, the corresponding mean delays at the given
network utilisation (i.e., 0.8) are plotted for an increasing N and for the three
types of dependencies.
Table 5-3 B-VPN setup throughput and mean delay as functions of N
N
Constant:
Mean delay (ms)
Throughput (calls/s)
Logarithmic:
Mean delay (ms)
Throughput (calls/s)
Linear:
Mean delay (ms)

B-VPN throughput
[calls/s]

Throughput (calls/s)

1

2

4

6

8

96.37
±3.739
45.12

108.8
±4.327
87.91

110.2
±4.382
173.7

106
±4.213
259.74

104.5
±3.545
343.7

96.37
±3.739
45.12

91.52
±2.974
80.84

83.22
±2.41
147.5

82.19
±1.253
210.6

82.92
±0.783
270.04

96.37
±3.739
45.12

85.61
±3.141
77.44

77.04
±2.73
121.5

77.7
±2.277
150

79.29
±1.389
168.9
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Figure 5-4 B-VPN throughput as a function of the number of islands N
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Figure 5-5 B-VPN mean setup delay as a function of the number of
islands N

Table 5-4 Mobile Telephony setup throughput and mean delay as
functions of N
N
Constant:
Mean delay (ms)
Throughput
(calls/s)
Logarithmic:
Mean delay (ms)
Throughput
(calls/s)
Linear:
Mean delay (ms)
Throughput
(calls/s)

1

2

4

6

8

111.1
±4.013
18.94

120.6
±3.934
36.92

118.8
±4.017
72.94

118.1
±2.354
109.08

119.9
±4.154
144.36

111.1
±4.013
18.94

100.9
±3.598
33.94

95.71
±2.29
61.94

91.38
±2.630
88.44

89.87
±2.491
113.4

111.1
±4.013
18.94

95.04
±3.014
32.52

85.27
±2.964
51.02

86.7
±1.829
63

90.4
±1.161
70.92

Mobile Telephony setup
throughput [calls/s]
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Figure 5-6 Mobile Telephony setup throughput as a function of the number
of islands N
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Figure 5-7 Mobile Telephony mean setup delay as a function of the number
of islands N
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Table 5-5 Location update throughput and mean delay as functions of N
N
Constant:
Mean delay (ms)
Throughput (calls/s)
Logarithmic:
Mean delay (ms)
Throughput (calls/s)
Linear:
Mean delay (ms)
Throughput (calls/s)

2

4

6

8

58.38
±2.296
68.12

62.35
±2.485
132.74

59.35
±2.208
262.28

60.21
±2.407
392.2

59.59
±2.346
519

58.38
±2.296
68.12

46.65
±1.82
122.06

41.08
±1.607
222.72

41.37
±1.586
318

41.9
±1.582
407.76

58.38
±2.296
68.12

45.25
±1.691
116.92

39.35
±1.472
183.46

40.73
±1.624
226.5

40.1
±1.416
255.02
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Figure 5-8 Location update throughput as a function of the number of
islands N
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Figure 5-9 Location update mean delay as a function of the number of
islands N

Table 5-6 Handover throughput and mean delay as functions of N
N
Constant:
Mean delay (ms)
Throughput (calls/s)
Logarithmic:
Mean delay (ms)
Throughput (calls/s)
Linear:
Mean delay (ms)
Throughput (calls/s)

1

2

4

6

8

17.38
±0.398
3.14

17.09
±0.214
6.14

17.18
±0.031
12.14

17.07
±0.151
18.18

17.34
±0.09
24.06

17.38
±0.398
3.14

16.77
±0.049
5.64

16.55
±0.308
10.32

16.51
±0.250
14.7

16.05
±0.331
18.9

17.38
±0.398
3.14

16.56
±0.273
5.42

15.6
±0.232
8.5

14.8
±0.141
10.5

14.06
±0.143
11.82

Handover throughput
[calls/s]
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Figure 5-10 Handover throughput as a function of the number of islands N
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Figure 5-11 Handover mean delay as a function of the number of islands N

From Figure 5-4 to Figure 5-11, we conclude the following: when the B-SCP
database access delay is a constant (independent of N), the throughputs of all
procedures (i.e., B-VPN and Mobile Telephony call setup, location update and
handover) increase linearly with the number of B-IN islands. When the B-SCP
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database access delay is proportional to N, the throughputs of all procedures
exhibit a sub-linear (i.e., less than linear) relation with the number of B-IN
islands. This is due to the fact that increasing the B-SCP database access delay
limits the throughput of the B-SCP. As expected, the throughputs for a
logarithmic dependency fall between those for the constant and linear
dependencies. By increasing the number of B-IN islands, the mean delays of all
procedures either remain almost constant (when the B-SCP database access
delay is independent of N) or decrease slightly (for linear and logarithmic
dependencies on N). This may be explained by the fact that the input load on
each island has to be slightly reduced (in order to keep the network utilisation at
0.8) when N is increased, thus causing slightly lower delays. Note that the mean
delay curves are not ideally smooth (see Figure 5-4 to Figure 5-11 for N = 2).
This is because, for each value of N, the network utilisation is experimentally
adjusted close, but not exactly identical, to 0.8.

5.4 Conclusions
Scalability is an important aspect in the design of broadband intelligent and
mobile network. The system must be able to sustain a large number of users and
a varying amount of data while maintaining high availability of resources and
acceptable performance. Therefore, the network must be properly configured to
support the offered services at the required quality. Network scalability is
defined as the ability to increase the “size” of the network, in some sense, while
maintaining quality of service and network performance criteria. In this chapter
a method for evaluating the B-IN scalability is presented, as the number of users
supported by the network increases.
In particular, we have considered the impact of increasing: a) the number of
(mobile and fixed) users supported by a network node and b) the number of
nodes and links in the network, on the quality of service and on the performance
of the integrated B-IN system. The B-IN signalling system developed in the
INSIGNIA and EXODUS projects is considered in these investigations.
The experiments are accomplished in several steps. First, the bottleneck is
removed by balancing the processing speed of the B-IN network physical
entities (i.e., B-SSP and B-SCP) such that their utilisations are approximately
equal. The balanced network is then used to perform two sets of scalability
experiments.
In the first set of experiments we investigated the ability of an B-IN island to
support an increasing network load while increasing the processing speed. From
this set of experiments we conclude that the throughput of all procedures (i.e.,
B-VPN and Mobile Telephony call setup, location update, and handover)
increases linearly with the processing speed so as to maintain approximately the
same utilisation at the physical entities. The corresponding mean delay of all
procedures decreases by increasing the processing speed. This implies that the
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network is scalable, with the only limit being the processing speed which, of
course, due to physical or practical limitations cannot increase indefinitely.
Such a practical limitation could be the occurrence of new bottlenecks in the
network.
In the second set of experiments we have investigated the scalability when the
number of B-IN islands in the network (N) is increased. The B-SCP database
access delay is assumed to depend on the number of B-IN islands in the
network. We experiment with three types of dependencies, namely, constant
(i.e., independent of N), logarithmic in N, and linear in N. The experiments
show that, for a constant B-SCP database access delay, the throughput of all
procedures (i.e., B-VPN and Mobile Telephony call setup, location update and
handover) increases linearly with N. For a logarithmic (respectively linear)
dependency, the throughput of all procedures exhibits a slower (respectively
much slower) than linear increase with N; this is due to a corresponding
decrease in the B-SCP throughput. The mean delay of all procedures either
remains almost constant or decreases slightly by increasing the number of B-IN
islands; this slight decrease is caused by reducing the B-IN network load so as
to maintain approximately the same utilisations. This implies that the network is
most scalable when the B-SCP access delay is independent of N. However, this
requires either a centralised database in a fully connected network, or the
complete database replicated at each B-SCP. Any of these two solutions may
not be practically feasible. However, in practical situations, the dependency of
the B-SCP database access delay could be made logarithmic in N, e.g., by
distributing the B-SCP database in a tree-like network topology.
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Chapter 6.
Congestion Control

The B-IN core network is configured such that a desired number of service
requests can be satisfactorily supported. Due to the fact that the B-SCP physical
entity is used in the B-IN core network to provide service control in a
centralised way, it is expected that this physical entity can limit the maximum
throughput of the B-IN network. There are cases where the B-IN core network
has to process an incoming load of service requests larger than its capacity, i.e.,
the B-SCP capacity. This will result in a situation of congestion, where the BSCP physical entity will become overloaded and may introduce a severe
performance degradation that will be experienced by the users of the
communication network in terms of large delays or a high percentage of
refusals. By using efficient congestion control algorithms the B-SCP physical
entity can be protected from becoming overloaded. However, such a congestion
control algorithm will also lead to request refusals. By using load balancing
mechanisms this can be alleviated. In this way refused user requests can be redirected to a neighbouring centralised control entity which has spare capacity.
By combining congestion control and load balancing the B-SCP physical entity
will be protected from becoming overloaded and the user request refusals will
be minimised.
In this chapter a taxonomy and overview of existing congestion control
algorithms and the criteria for their evaluation are provided.
This chapter is organised as follows. Section 6.1 describes the requirements that
have to be fulfilled by the congestion control algorithms. Section 6.2 provides a
taxonomy of existing congestion control algorithms. Section 6.3 describes
known congestion control algorithms and Section 6.4 concludes.

6.1 Congestion Control Requirements
This section presents the requirements that have to be fulfilled by congestion
control algorithms. In the literature (see e.g., [TsAb92], [Smi95]) two main
requirements are used to compare congestion control algorithms, these are
robustness and fairness. In addition to these two requirements we also use a
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third one, namely, reaction time (or settling time), which is commonly used in
feedback control systems, see e.g., [HoLa85].
In order to explain these requirements, consider a system loaded by step-inputlike traffic and that the congestion control algorithm is reacting as shown in
Figure 6-1, where we plot the applied load and throughput as functions of time.
Note that typically in control theory, see e.g., [HoLa85], the step input function
is used to characterise the behaviour of a system.
These requirements are used as criteria in the performance comparisons
presented in Section 7.3 and are:
• Reaction time (or settling time): if the B-SCP becomes overloaded, then the
congestion control algorithm must quickly adjust the load in order to reach
and remain within some specified percentage of the reference (desired) BSCP's throughput (see Figure 6-1). This means that in overload condition the
congestion control algorithm should quickly determine the amount of traffic
that has to be dropped to match the B-SCP's reference throughput.
Reaction time is defined as the time between the onset of the overload until
the throughput reaches and remains within a fixed percentage of a specified
reference value (λref in Figure 6-1). Note that the controlled throughput may
oscillate within a stable range around its reference value (see Figure 6-1).
• Robustness: for maximum efficiency and stable performance, the controlled
throughput must be as close as possible to its reference level. This means
that the amplitude of the throughput oscillations around its reference value
should be as small as possible (see Figure 6-1).
Robustness is defined as the ability of the congestion control algorithm to
keep the controlled throughput within a tight range of its reference value
(see Figure 6-1).
• Fairness: conforming sources (that send traffic within their allocated B-SCP
capacity) should not be penalised (throttled) during overload periods. Note
that, typically, a network provider assigns a B-SCP capacity threshold to
each source type. The sources that send traffic within their allocated B-SCP
capacity are denoted in this thesis as conforming sources, while the ones that
exceed their allocated B-SCP capacity are denoted in this thesis as nonconforming sources.
Therefore, if necessary, the congestion control algorithm must be able to
throttle only the sources that are exceeding their allocated capacity. Note that
the overall reference throughput may not be exceeded while some sources
are actually non-conforming; to maximise network efficiency, congestion
control need not be activated, in such cases.
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Fairness is defined as the ability of the congestion control algorithm to
throttle only non-conforming sources (exceeding their allocated capacity)
while maximising network efficiency; i.e., only at the extend necessary to
keep the overall throughput as high as possible below its reference value
(see Figure 6-1).
Amplitude of
overshoot

Reaction time

λin(t)

applied load (λin)
&
throughput (λout)
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λout(t)

0

t

Figure 6-1: Step overload and congestion control reaction

6.2 Classification of Congestion Control Algorithms
The congestion control issue has been considered as being an important topic in
research and development of computer networks. In [YaRe95] an interesting
taxonomy of congestion control algorithms is provided. This section briefly
presents a classification of congestion control algorithms. In this classification
the congestion control algorithms used in a computer network are seen as a
control system for the purpose of ideally maintaining the overall traffic load in
the network at the highest level while satisfying the quality of service requested
by the users. The entire network is seen as a system with inputs and outputs
from/to different users. For the purpose of congestion control, the state of the
network can be monitored via, e.g., the queue lengths, delays, utilisations at
individual servers, such as routers, B-SCP, end hosts. There are feedback
signals that can be obtained comparing the current state of the network with
different thresholds in, e.g., delays, queue lengths, utilisation. The feedback
signals can be used by the sources that generate the traffic to adjust their rate in
order to achieve better performance for the entire network.
The categories used in this classification are listed in Figure 6-2 and are
described in the following sections.

84

6.2.1

Open loop congestion control

The open loop congestion control mechanisms are providing a preventive
admission control mechanism to stabilise the traffic arrival process without
using any sort of feedback. This type of algorithms can be further classified as
control algorithms which exhibit control at either the sources or the destination
of the traffic.
Open loop with source control
This type of congestion control algorithms are open loop algorithms that are
applied at the entities that are generating the traffic. Some examples of open
loop with source control algorithms are given below:
• Service-based control (e.g., [GeLe89]) is mainly specified for ATM based
networks, and is applied to prioritise certain services in favour of others in
case of congestion situations.
• Schedule-based control (e.g., [Muk86]) is applied on systems that divide
channel bandwidth into equal time frames where each frame has a fixed
number of slots assigned to individual users. By using this algorithm a data
packet can be sent using a user’s own slot or using a slot whose designated
user has no data packet to send at that moment.
• Virtual clock control (e.g., [Zha90]); a virtual clock is associated to each
data session that is activated every time a data packet departs. The algorithm
checks the difference between the virtual clock time of a session and the real
time. If this is beyond a predefined threshold then the rate is reduced.
• Window based control (e.g., [DoNg88]); during the call setup time, the
protocol reserves a number of buffers for the entire window size per virtual
circuit. The call setup control limits the created number of virtual circuits.
Implicit priority is given to delay-sensitive data frames.
Open loop with destination control
This type of congestion control algorithms are open loop algorithms that are
applied at the entities that are receiving the traffic. Some examples of open loop
with destination control algorithms are given below:
• Tagging-based control (e.g., [GrBo91]); this algorithm is mainly used in
ATM networks, where two types of services are sent by a source, wherein
the data packets associated to one of the services are tagged. In case of
congestion the tagged data packets can be selectively discarded by the
destination.
• Packet discarding control (e.g., [Tan81]); when the available buffers at the
destination are fully occupied, arriving data packets are discarded.

85

6.2.2

Closed loop congestion control

The closed loop congestion control algorithms make their control decisions
based on the received feedback information. Depending on how the feedback
information is sent to a source, the closed loop congestion control algorithms
can be explicit or implicit. In the explicit feedback congestion control
algorithms the feedback is sent explicitly in, e.g., messages to the source. In the
implicit feedback congestion control algorithms the feedback information is not
sent explicitly, but is made available to the source by other means, e.g., time
delays of acknowledgements.
The explicit feedback congestion control algorithms can be further classified in
persistent and responsive. In the persistent feedback congestion control
algorithms the feedback is available at all times, while in the responsive
feedback congestion control algorithms the feedback is triggered only under
predefined conditions, e.g., the traffic exceeds a threshold. Furthermore, the
explicit feedback congestion control algorithms can be classified in global and
local. Local means that the feedback is sent to a source by neighbouring
devices, while global means that the feedback is sent to a source by the
destination, e.g., the Transmission Control Protocol (TCP) congestion control
algorithm [Jac88].
Closed loop control with implicit feedback
This type of algorithm is a closed loop congestion control algorithm, wherein
the source does not receive explicitly the feedback information, but it can
deduce this implicitly. Some examples are given below:
• Adaptive window control (e.g., [ChRe89]); in case the destination receives
out of sequence data frames, it sends a REJECT message to the sender. The
sender is using a window that can change its size adaptively. When the
sender receives a REJECT message, the window size is decreased. The size
of the window is increased when a number of data frames are received
successfully by the destination.
• Slow start control (e.g., [Jac88]); the round trip delay is used in this
algorithm as implicit feedback. The source uses a window that can change its
size according to the round trip time value. If the round trip time is within
certain predefined thresholds, then the window size is increased by 1 (up to a
certain limit). Otherwise the window size is decreased multiplicatively, e.g.,
it is halved.
• Warp control (e.g., [Par93]); a time-based measure, called Warp, which
represents the time delay of data packets between the source and the
destination is used to monitor the network utilisation. The Warp is sent to the
source, that adjusts its rate accordingly.
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Figure 6-2: Classification of existing congestion control algorithms
Closed loop control with persistent global feedback
This type of algorithms is a closed loop congestion control algorithm, wherein
the source receives continuously and explicitly the feedback information from
the destination. Some examples are given below:
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• Binary feedback control (e.g., [RaJa90]); each data packet contains a
congestion bit that is set to “1” if a node detects that it is in congestive state.
Subsequently, the destination that receives a data packet that contains a
congestion bit set to “1’ sends back the congestion bit to the source that
adjust its window size accordingly.
• Adaptive admission control (e.g., [Haa91]); special sampling packets are
sent from source to destination to calculate the data packet delay. The
obtained delay information is sent periodically to the sender. The sender uses
this information to enforce an adaptive admission rate control for each data
session entering the network.
Closed loop control with persistent local feedback
In this type of algorithm the source receives explicitly and continuously the
feedback information from a neighbouring device. An example is:
• Hop by hop control (e.g., [MiKa92]); the feedback information consists of
the buffer occupancy. Each switching node monitors the buffer occupancy
on each outgoing link, which is sent to each neighbouring upstream
switching node. The source adapts the service rate of its data sessions
according to the feedback information.
Closed loop control with responsive global feedback
In this type of algorithm the destination generates the feedback information in
response to the traffic conditions in the network, and it sends this feedback
information to the source explicitly. Some examples are given below:
• Dynamic time windows (e.g., [MuLa92]); the feedback information is
included in special fields of data packets. At the sender, each ongoing data
session uses a time window that is specified at setup time and its size can be
varied. When existing users leave the network or new ones join the network,
feedback information is sent to the source to adjust its window size.
• Rate based control (e.g., [Bel92], [Smi95], [BeCh97], [NoSm98],
[KoPo98]); the sources monitor the traffic sent to each destination. Each
destination is monitoring its capacity, e.g., buffer length, delay. If a
predefined threshold is exceeded then rate control messages are sent to the
sender. The sender adjusts the transmission rate by decreasing or increasing
the inter-packet gap for data sessions that experiences congestion.
Closed loop control with responsive local feedback
This type of algorithms is a closed loop congestion control algorithm, wherein a
device neighbouring a source, generates the feedback information in response to
the traffic conditions in the network, and it sends this feedback information to
the source explicitly. An example is:
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• Source quench control (e.g., [Tan81]); when the buffer located at a
neighbouring node is filling up, further incoming traffic will be dropped and
a source quench message is sent to the sender for every discarded data
packet. When the source receives such source quench messages, it will
reduce its transmission rate. If for a certain period of time no such source
quench messages are received then the source restores gradually its
transmission rate.

6.3 Known Congestion Control Algorithms for Intelligent
Networks
Congestion control is typically used to protect a certain network entity from
becoming overloaded. Several congestion control algorithms are proposed to
accomplish this functionality (see Section 6.2). SCP overload controls [Bel88],
[Bel92], [Bel93], [Bel94] use a rate based congestion control mechanism which
is a closed loop control with responsive global feedback (see Section 6.2.2).
Due to its characteristics, this type of congestion control algorithm is typically
considered to be the most efficient (in terms of robustness) type algorithm for
Intelligent Networks. Each source monitors the traffic sent to the SCP. The SCP
is monitoring its processing capacity, e.g., buffer length, delay. If a predefined
threshold is exceeded then rate control messages are sent to the sender. The
sender adjusts the transmission rate by decreasing or increasing the inter-packet
gap for data sessions that experiences congestion. The allocation of processing
capacity takes place at each successive and predefined measurement period
(time interval), and the rate control message depends on measures that have
been observed during the previous measurement period.

6.3.1

Automatic Call Gapping (ACG)

A commonly used congestion control mechanism in IN communication
networks is the Automatic Call Gapping (ACG) mechanism. The main idea of
the automatic call gapping algorithm is to reduce the call attempt rate (i.e., the
number of call attempts sent from the SSP to the SCP per time interval) by
allowing only one call attempt per gap interval (g). This reduction only takes
place when the mechanism has been activated due to congestion and lasts for a
gap duration (D). Figure 6-3 gives an illustration of the mechanism.
Assume that the gap interval time g is 4 time units and the gap duration time D
is 15. On indication of the SCP, the ACG mechanism is activated by starting a
gap duration timer. This timer measures the gap duration and it stops when the
measured time is equal to D = 15. When the first call attempt arrives at the SSP
it is sent to the SCP, and simultaneously a gap interval timer is started. This
timer measures the gap interval and it stops when the measured time is equal to
g = 4. The incoming call attempts that arrive while the gap interval timer is less
than g will not be passed to the SCP. When the gap interval timer equals g the
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SSP waits until the next call attempt arrives, which is passed to the SCP and a
new gap interval is restarted. When the gap duration timer expires (hence
equals D), the SSP returns to normal operation mode until the SCP sends a new
message to start the ACG mechanism.
D
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Call Attempts
from SSP
ACG Response
from SCP
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time

accepted call
initiation of ACG
blocked call

Figure 6-3: An example of Automatic Call Gapping (g=4, D=15)
Apart from the property that the SCP initiates the activation of the ACG
mechanism by sending a message, the SCP may also control the mechanism by
providing information about the level of congestion or overload, so that the SSP
can set appropriate values for both the gap duration (D) and the gap interval
(g). Two ACG mechanisms are discussed in the following two subsections, the
table driven ACG and the adaptive ACG.

6.3.1.1

Table driven ACG

This type of ACG is often used in commercial SCPs (see, e.g., [Smi95],
[Bel93]). In this scheme each SSP maintains a view of the congestion level of
the SCP, which is sent by the SCP to each individual SSP. A typical way to do
this is by sending an integer value which directly reflects the congestion level.
Within the SSP a table is stored which associates a gap duration (D) and gap
interval (g) with each congestion level. Given the congestion level, the
parameters for the congestion control mechanism can be looked up from a table
with predefined values. A congestion control table stored in the SSP is
described in [Bel92] and is given in Table 6-1 for illustration.
In [NoSm98] table driven ACG’s are studied by using simulation experiments
and some guidelines are derived to provide high call throughput while
protecting the network from overloads.
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Table 6-1: Example table of predefined ACG values (from [Bel92])
congestion level

gap duration (D)

gap interval (g)

0

0

0

1

32

3

2

32

4

3

32

6

4

32

8

5

32

11

6

32

16

7

32

22

8

32

30

9

84

42

10

118

58

Table 6-2: Example table of predefined ACG values (from [NoSm98])
congestion level

gap duration (D)

gap interval (g)

0

0

0

1

32

0.1

2

32

0.25

3

32

0.5

4

32

1.0

5

32

2.0

6

32

3.0

7

32

4.0

8

32

6.0

9

32

8.0

10

32

11.0

The measures used to determine overload are:
(1) the average response time or delay;
(2) the dropped (or blocked) message count;
(3) the incoming (or offered) message rate.
(4) Overall utilisation, i.e., the fraction of time the SCP is not idle;
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(5) Subsystem utilisation, i.e., the fraction of time the SCP is executing sections
of code that are subsystem specific. A subsystem is defined in [NoSm98] as
a SCP application process that handles distinct service classes. The
separation of distinct service classes into different IN subsystems gives the
possibility of specifying a modular SCP architecture.
The SCPs must monitor regularly their overall and subsystem congestion status.
This is accomplished by using congestion levels. A congestion level is
determined by an overload rule which uses a given set of measurements.
Different congestion level counters are maintained for the overall SCP and for
each individual subsystem of the SCP.
The overload rules that are used to determine the overall SCP and subsystem
congestion levels are shown in the following pseudo-code.
Algorithm for overall utilisation rule:
if (overall_utilisation > upper_threshold)
{overall_congestion_level = overall_congestion_level + 1}
else if (overall_utilisation < lower_threshold)
{overall_congestion_level = overall_congestion_level – 1}
Algorithm for subsystem utilisation rule:
if ((subsystem_utilisation > subsystem_threshold) AND
(overall_utilisation > upper_thershold))
{subsystem_congestion_level = subsystem_congestion_level + 1}
else if (overall_utilisation < lower_threshold)
{ subsystem_congestion_level = subsystem_congestion_level - 1}
The main guidelines derived from simulation experiments and given in
[NoSm98] are:
• processor utilisation measurements should be used to detect congestion;
• the measurement periods should be as short as possible;
• assign utilisation thresholds per each type of sources. In this way when a
source of some type offers a load greater than its threshold then only the
traffic generated by this type of sources will be throttled. The SCP will serve
all the traffic from other (conforming) type of sources.
The practical and commercial gap interval (g) and gap duration (D) values
listed in Table 6-1 can be changed into the values given in Table 6-2.
Advantage: this solution and in particular the one described in [NoSm98]
provides the network operators with the possibility to specify a maximum usage
(threshold) for each source type. If the source type exceeds its threshold, then
only the traffic generated by this type of sources will be throttled.
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Disadvantages:
• a non-conforming source of a certain type may lead to throttle all sources of
the same type;
• this congestion control algorithm is not adaptive and therefore the values of
the congestion control parameters have to be predefined. In [Smi95] it is
shown that the adaptive congestion control algorithm performs better than
the table driven ACG with regard to the reaction time, robustness and
fairness (as defined in Section 6.1).

6.3.1.2

Adaptive ACG

A much more efficient way of implementing ACG is the adaptive ACG
described in [Smi95], where the duration interval (D) is not used and the value
of the gap interval (g) is determined adaptively by the SCP. The calculation of
the gap interval is based on the values of one or more measures observed in
each measurement period. For the adaptive ACG described in [Smi95], the
measurement period is set to 5 seconds and the following measures are
proposed:
(1) the average response time or delay;
(2) the dropped (or blocked) message count;
(3) the incoming (or offered) message rate.
One or a combination of these measures can be used to determine the overload
or congestion level (CL(t)) of the SCP (see below). This can be done in several
ways, e.g., based on:
• maximum delay trigger - a trigger which uses the combination of measures
(1) and (2) listed above and is determined by the occurrence of one or more
messages that have been dropped during a measurement period due to
exceeding a specified delay threshold;
• incoming message trigger - a trigger which uses measure (3) listed above
and is determined by comparing the number of incoming messages during a
measurement period to a specified rate threshold.
The congestion level
The congestion level, CL(t), associated with measurement period t, can vary
from zero to a predefined maximum Cmax. Initially, the congestion level is set to
zero. If a trigger occurs during a measurement period, then the congestion level
is incremented by 1. If no trigger occurs during a measurement period then the
congestion level is decremented by 1. The congestion level is updated by the
following algorithm, where the trigger (i.e., Trigger) itself is defined as a
Boolean.
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Algorithm for congestion level CL(t):
CL(1) := 0
∀t≥1: (Trigger ∧ CL(t+1):= MIN(Cmax, CL(t)+1)) ∨
(¬Trigger ∧ CL(t+1):= MAX(0, CL(t)-1))
Operation of the adaptive ACG
The algorithm for adaptive ACG is in fact a set of equations by which the gap
interval (g) can be calculated. The measurement period t is a positive integer,
i.e., t∈{1,2,...}. The algorithm has been derived from a textual description in
[Smi95]. We first define some variables which are calculated and/or measured
during each measurement period:
• g(t) - the gap interval associated with measurement period t, calculated on a
per source basis by the SCP and sent to the associated SSP (see Figure 6-4).
• r - a fixed constant denoting the reduction factor (e.g., r is equal to 0.1 when
each increment in congestion level corresponds to a desired 10% call request
rate reduction).
• ETin(t) - the estimated mean time between call requests at a source (towards
the SSP). This estimate is calculated at the SCP assuming Poisson call
arrivals.
• ETout(t) - the estimated mean time between call requests from the SSP to the
SCP (i.e., the call requests sent to the SCP). This is a quantity estimated at
the SCP on a per source basis.
• MTout(t) - the measured mean time between call requests from the SSP to
the SCP (i.e., the call requests observed at the SCP). This is a quantity
measured at the SCP on a per source basis.
• CL(t) - the congestion level of the SCP.
g(t) is estimated per source type (at the SCP), as follows:
Algorithm for estimation of gap interval:
g(0):=0
∀t≥0: g(t+1):= ETout(t+1)- ETin(t+1)
where:
∀t≥0: ETin(t+1):= MTout(t)- g(t)
∀t≥0: (CL(t+1) > CL(t) ∧ ETout(t+1):= MTout(t)/(1-r)) ∨
(CL(t+1) ≤ CL(t) ∧ ETout(t+1):= MTout(t)*(1-r))
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Figure 6-4: Measurement and estimation points of variables in adaptive
ACG
At the beginning of measurement period t+1 the SSP will receive for each type
of service requests the calculated gapping interval g(t+1) from the SCP. If the
congestion level CL(t+1) is not equal to 0 (i.e., it is estimated that the SCP will
be congested during measurement period (t+1)), then for each type of service
requests the SSP will use the received gapping interval to adapt the call attempt
rate (i.e., the number of call attempts sent from the SSP to the SCP) by allowing
only one call attempt per gap interval (g(t+1)). The reduction factor r is set to
0.1 corresponding to a desired 10% service request rate reduction.
In [Smi95] a comparison has been made between the table driven ACG and the
adaptive ACG, wherein it is concluded that the adaptive ACG performs better
than the table driven ACG in terms of robustness and fairness.
Advantage: this solution and in particular the one described in [Smi95] is
adaptive and therefore the selection of the congestion control parameters is
implicit in the algorithm, thus resulting in a more efficient operation (in terms
of robustness and fairness) than the Table driven ACG.
Disadvantages:
• this congestion control algorithm does not provide the network operators
with the possibility to specify a maximum utilisation threshold for each
source. Therefore, a network operator is not able to control the SCP capacity
used by each source.
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• the algorithm is adaptive but it is not able to implement flexible fairness
criteria (see Section 6.1). Each time the SCP informs a source that its
congestion level has increased, the source cuts back its traffic rate to the SCP
by a fixed call request rate reduction , e.g., 10%. When a source exceeds its
threshold and the SCP becomes overloaded then all sources, even those that
do not exceed their limit will be punished.

6.3.2

Token Bank (TB)

A Token Bank is a rate-based control algorithm, used for input regulation to
protect a certain physical entity from becoming overloaded. Several literature
studies (see e.g., [Ber91]) describe this type of congestion control algorithm.
The Token Bank (see Figure 6-5) is characterised by two parameters: the token
Bank capacity, C, and the Token Bank rate, λ (the control variable of this
algorithm). An infinite source generates tokens periodically at a rate λ. The SCP
controls the generation rate of the tokens that are stored in a token bank.
Moreover, a Token Bank is associated with each source that generates call
requests. Tokens that arrive to a full Token Bank are blocked and lost. If the
token bank is not empty, then a call request can be sent by the SSP to the SCP.
Otherwise the call request is dropped. When a call request is sent by the SSP to
the SCP, one token is removed from the token bank.
In [Ber91] it is emphasised that the Token Bank algorithm is operating
satisfactorily when the capacity of the Token Bank C is large enough. When
the user is generating Poisson traffic it is advised that the capacity of the Token
Bank C should be chosen ≥ 10.
Note that an adaptive implementation of the TB congestion control algorithm is
possible, where λ is adaptively changed depending on the congestion status of
the SCP. Such an implementation is introduced in Section 7.2.
Advantage: this congestion control solution and in particular the one described
in [Ber91] does not use several gap intervals, but it only uses only one
congestion control parameter, i.e., Token Bank rate λ, and therefore, it may be
easier to be managed by a network operator.
Disadvantage: the Token Bank algorithm and in particular the one described in
[Ber91] is not adaptive and therefore the values of the Token Bank rate λ have
to be manually specified depending on the congestion status of the SCP.
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Figure 6-5: Illustration of Token Bank principle

6.4 Conclusions
It is crucial that the B-IN network be equipped with mechanisms to protect
critical network entities from becoming overloaded; i.e., congestion control
mechanisms. Such algorithms are often based on closed-loop control principles;
however, there are numerous variations and implementations depending on the
considered network, the feasibility and the type of feedback that is employed.
Known congestion control algorithms that are currently used in network
environments suffer some serious shortcomings with respect to commonly used
evaluation criteria, such as responsiveness/reactiveness, robustness and fairness,
where:
• reaction time (or settling time): is defined as the time between the onset of
the overload until the throughput reaches and remains within a fixed
percentage of a specified reference value (λref in Figure 6-1). Note that the
controlled throughput may oscillate within a stable range around its
reference value.
• robustness: is defined as the ability of the congestion control algorithm to
keep the controlled throughput within a tight range of its reference value
(see Figure 6-1).
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• fairness: is defined as the ability of the congestion control algorithm to
throttle only non-conforming sources (exceeding their allocated capacity)
while maximising network efficiency; i.e., only at the extend necessary to
keep the overall throughput as high as possible below its reference value.
In this chapter a taxonomy and overview of existing congestion control
algorithms and the criteria for their evaluation are provided. Two known rate
based congestion control algorithms, namely, ACG and TB have been described
in more detail. In the next chapter two enhanced algorithms are introduced to
overcome the shortcomings of the described ACG and TB algorithms.
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Chapter 7.
Novel Congestion Control
Algorithms for B-IN
In this chapter two novel congestion control algorithms [KaNi02] that overcome
the shortcomings of existing ones are proposed. One of these algorithms is an
enhanced adaptive call gapping algorithm which we call “Enhanced Adaptive
ACG” and is described in Section 7.1. The other algorithm is an enhanced
adaptive token bank algorithm which we call “Enhanced Adaptive Token Bank”
and is described in Section 7.2. Both algorithms share the advantages and
overcome the disadvantages of the algorithms described in Section 6.3. In
particular these enhancements allow the communication network operator to
provide efficient, adaptive and fair admission policies to different call request
types, achieved while simultaneously maintaining high session (or call)
throughput and protecting the B-SCPs from overloads.
Compared to the algorithms described in Section 6.3, the enhanced algorithms
have the following additional characteristics:
• The overload situation in the B-SCP is triggered by observing the B-SCP
utilisation, i.e., when it exceeds a predefined threshold;
• The congestion control functionality in the B-SCP is capable of measuring
the B-SCP utilisation due to each individual source connected to a B-SSP;
the sum of which is the overall B-SCP utilisation;
• The network operator may specify a B-SCP utilisation bound (threshold) for
each source or source type;
• The reduction factor r is not constant but depends on the source parameters
and the traffic. In this way, we can obtain higher reductions at sources that
demand higher processing capacity from the B-SCP. Furthermore, the
algorithms perform reductions only to sources that require more capacity
than their pre-specified (by the operator) utilisation bound.
• If the B-SCP is under-utilised (congestion situation is not triggered), then
some sources may use more B-SCP capacity than their respective utilisation
bounds, thus achieving higher overall B-SCP utilisation;
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• Similar to the ACG algorithm [Smi95], they are simple to implement, but the
enhanced adaptive algorithms do not require the definition or the use of
congestion levels (see Section 6.3.1);
• Load balancing (see Section 7.4) can be easily provided by re-directing call
requests that are rejected by a congested B-SCP to another non-congested BSCP.
In this chapter a performance comparison, using simulation experiments, is
carried out between the Adaptive ACG presented in Section 6.3.1.2 and the
newly proposed algorithms: the Enhanced Adaptive ACG and the Enhanced
Adaptive Token Bank algorithms. The criteria used in this comparison are
defined in Section 6.1. The results of these comparisons are presented in
Section 7.3. Finally, Section 7.4 concludes.

7.1 Enhanced Adaptive Automatic Call Gapping (EACG)
This algorithm is used in a network topology similar to the one depicted in
Figure 7-1. In this topology one B-SCP is controlling M B-SSPs. Each B-SSP
provides service to L source types. In our experimental setting we choose M = 6
and L = 4. Therefore, a source can be identified as Source(i,j), where i is an
index over sources, 1 ≤ i ≤ M and j is an index over types per source, 1 ≤ j ≤ L.
In this algorithm the B-SCP calculates for each type of sources j connected to a
B-SSP i a gap interval gij(t), without a need to identify congestion levels
(Section 6.3.1.2). However, a congestion status is identified when the total
utilisation of the B-SCP is higher than a predefined threshold denoted as Uref.
C o n g e s tio n c o n tr o l
( g a p i,j)

S o u r c e (i,j))

BSSPi

BSC P

Figure 7-1: Network topology
The method of calculating the gap interval is similar to the method described in
Section 6.3.1.2. However, there are some differences. The enhanced adaptive
ACG algorithm is different from the adaptive ACG in that the reduction factor r
is not a constant but depends on various quantities observed during the
successive measurement periods. The calculation of the reduction factors (r(t)
and rij(t) defined below) is outlined in Algorithm 7.1.
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Before presenting the algorithm, a list of definitions is given below; note that
time is divided into successive and equal measurement periods, indexed by the
integer t, t∈{1,2, ..}.
N ij

• U ij (t ) = λij (t )∑ E ( S kij ) is the B-SCP utilisation during measurement period t
k =1

due to source i of type j. The variable λij(t) represents the rate of service
requests generated by Source(i,j) during interval t. Each service request
generated by a Source(i,j) and received by a B-SSP generates Nij messages
to be processed by the B-SCP. E(Skij) is the mean service time that the BSCP needs to process message k (1 ≤ k ≤ Nij) associated with a service
request of type j from source i.
M

• U j (t ) = ∑ U ij (t ) is the B-SCP utilisation due to the M sources of the same
i =1

service type j.
L

• U T (t ) = ∑ U j (t ) is the B-SCP utilisation due to all sources of all types.
j =1

M

• Unc j (t ) = ∑ I (U ij (t ) > Uref ij )U ij (t ) is the B-SCP utilisation due to noni =1

conforming sources of type j. A source i of type j is considered to be nonconforming when the B-SCP utilisation due to this source is higher than a
predefined threshold Urefij. I(.) is an indicator function which is equal to “1”
when (Uij(t) > Urefij) and equal to “0” otherwise.
L

• Unc(t ) = ∑Unc j (t ) is the B-SCP utilisation due to all non-conforming sources
j =1

of all types.
• r(t) is the total (utilisation) reduction factor calculated at measurement
period t,
• rij(t) is the reduction factor for source i of type j calculated at measurement
period t. The calculation of the reduction factors r(t) and rij(t) depend on the
congestion status of the B-SCP and the utilisations of the various sources, as
outlined in Algorithm 7.1.
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Algorithm 7.1 – Calculation of EACG reduction factors r(t) and rij(t):
if (U T (t ) ≤ Uref )
[no congestion]
{ r (t ) = (Uref − U T (t )) / U T (t )
for i = 1, 2, …, M
for j = 1, 2, …, L
M

L

{ rij (t ) = r (t ) * (U ij (t ) / U T (t )) / ∑∑ (U ml (t ) / U T (t )) 2 }
m =1 l =1

}
else if (U T (t ) > Uref )
{ r (t ) = (U T (t ) − Uref ) / Unc(t )
for i = 1, 2, …, M
for j = 1, 2, …, L
{ if (U ij (t ) > Uref ij )

[congestion]

[non-conforming sources]
M

L

{ rij (t ) = r (t ) * (U ij (t ) / Unc(t )) / ∑∑ I (U ml (t ) > Uref ml )(U ml (t ) / Unc(t )) 2 }
m =1 l =1

}
}
Let λrefij represents the call rate of source i of type j required to sustain a BSCP utilisation Urefij. (Note that λref ij (t ) =

Uref ij (t )

N ij

∑ E(S

kij

). Moreover, the following

)

k =1

variables are defined at measurement period t:
• grefij(t) is the reference gap interval for source i of type j; it is the maximum
gap interval required to sustain a B-SCP utilisation Urefij (or equivalently
throughput λrefij);
• ETdesij(t) is the desired mean time between requests from the B-SSP to the
B-SCP.
• gdesij(t) is the desired gap interval corresponding to ETdesij(t).
Initially, at t = 1, all gap intervals are set to 0, i.e.,
gij(1) = 0, 1 ≤ i ≤ M, 1 ≤ j ≤ L.
The algorithm used to calculate the gap interval for each source of all types, at
t > 1, is outlined in Algorithm 7.2.
Algorithm 7.2 – Calculation of EACG gap interval for each source:
for i = 1, 2, ….M
for j = 1, 2, ….L
{
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ETinij (t + 1) = MTout ij (t ) − g ij (t ) ;
gref ij (t + 1) = MAX (0, (

1
− ETinij (t + 1)))
λref ij

}
if (U T (t ) ≤ Uref )
{
for i = 1, 2, …, M
for j = 1, 2, …, L
{ ETdesij (t + 1) =

Uref ij

λref ij

[no congestion]

*

1
1
*
;
U ij (t ) (1 + rij (t ))

gdesij (t + 1) = ETdes ij (t + 1) − ETinij (t + 1);
g ij (t + 1) = MAX (0, MIN ( gref ij (t + 1), gdesij (t + 1)))

}
}
else if (U T (t ) > Uref )
{
for i = 1, 2, …, M
for j = 1, 2, …, L
{ if (U ij (t ) > Uref ij )
{ ETdesij (t + 1) =

[congestion]

[non-conforming sources]
Uref ij

λref ij

*

1
1
*
;
U ij (t ) (1 − rij (t ))

gdesij (t + 1) = ETdes ij (t + 1) − ETinij (t + 1);
g ij (t + 1) = MAX (0, MIN ( gref ij (t + 1), gdesij (t + 1)))

}
else if (U ij (t ) ≤ Uref ij ) [conforming sources]
{ g ij (t + 1) = MAX (0, gref ij (t + 1)) }
}
}

7.2 Enhanced Adaptive Token Bank (EATB)
This section describes the Enhanced Adaptive Token Bank algorithm, which is
based on the Token Bank principle described in [Ber91] (see Section 6.3.2).
A Token Bank is associated with each source that generates call requests
directed to the B-SCP. The B-SCP controls the generation rate of the tokens
which are associated with each source (see Figure 6-5). This way it also
controls the rate of call requests that a source i of a given type j is allowed to
send to the B-SCP (see Figure 7-2). This Token Bank algorithm is characterised
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by two parameters: a fixed Token Bank capacity Cij, and the Token Bank rate
λij(t) at measurement period t.
The method of calculating the B-SCP utilisation and the reduction factors (r(t)
and rij(t)) is identical to that outlined in Algorithm 7.1.
Algorithm 7.3 is used to calculate the Token Bank rate λij(t). Moreover, for each
source i of type j, a reference Token Bank rate, λrefij,, is calculated, which is
equal to the rate generated by the source to sustain a predefined B-SCP
utilisation threshold Urefij (i.e., λref ij (t ) =

Uref ij (t )
N ij

∑ E(S

kij

).

)

k =1

The capacity of the Token Bank Cij should be chosen large enough to avoid
high call blocking rate. However, for large values of Cij, the congestion control
algorithm is less reactive. Therefore, an appropriate Cij value has to be found to
ensure a fast and a satisfactory Token Bank algorithm operation. For Poisson
user traffic, it is advised that Cij ≥ 10 [Ber91]. In our algorithm we make a more
conservative choice, Cij ≥ 30. Moreover, a higher value of Cij is possible
depending on λrefij.
Enhanced
Adaptive
Token Bank

Tocken bucket
of Capacity: Cij

IF token bucket
is empty THEN
request blocked

IF token bucket is
not empty THEN
request passed

Source(i,j)

B-SSPi

Source of Tokens:
rate λij (controlled
by B-SCP)

B-SCP

Figure 7-2: Adaptive Token Bank principle
Note that the reference number of source(i,j) requests to be processed in one
measurement period is given by λrefij∗T. If Cij is chosen to be a fraction (say
0.2) of λrefij∗T, then the backlog of source(i,j) requests due to overload can be
processed within one measurement period of the overload. Therefore,
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C ij = MAX (30, (T * λref ij * 0.2)) , where T is the fixed length of the measurement

period.
Initially, at t =1, the token rates λij(1), 1 ≤ i ≤ M, 1 ≤ j ≤ L, are set sufficiently
high (e.g., λij (1) =

λref ij

Uref ij

) to allow all input user traffic. Algorithm 7.3 computes

the token bank rates λij(t), t > 1.
Algorithm 7.3 – Computation of token bank rates in EATB:
if (U T (t ) ≤ Uref )
[no congestion]
{
for i = 1, 2, …, M
for j = 1, 2, …, L
{ λij (t + 1) = MAX (λref ij , (1 + rij (t )) * λij (t )) }
}
else if (U T (t ) > Uref )
[congestion]
{
for i = 1, 2, ….M
for j = 1, 2, ….L
{ if (U ij (t ) > Uref ij )
[non-conforming sources]
{ λij (t + 1) = MAX (λref ij , (1 − rij (t )) * λij (t )) }
else if (U ij (t ) ≤ Uref ij ) [conforming sources]
{ λij (t + 1) = λref ij }
}
}

7.3 Performance Comparison
This section presents a performance comparison between the Adaptive ACG
algorithm presented in Section 6.3.1.2, the Enhanced Adaptive ACG algorithm
presented in Section 7.1 and the Enhanced Adaptive Token Bank algorithm
presented in Section 7.2. This comparison is performed using simulation
experiments. The experiments conducted in this section concern the
performance of the signalling system in response to (sudden) overloads. Note
that in [Smi95] it has been shown that an adaptive ACG algorithm performs
better than a table driven ACG with respect to reaction time and robustness.
The services included in these experiments are the mobile and fixed versions of
telephony and B-VPN (Broadband Virtual Private Networks) services. The
considered mobility management procedures are location update and handover
procedures, and were specified in the ACTS/EXODUS project [Exod1103],
[Exod1206]. The main procedures used in telephony and B-VPN services were
specified in the ACTS/INSIGNIA project [Insig1101].
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The network topologies used in the congestion control simulation experiments
are explained in Section 4.1.2 and Section 7.3.2. Section 4.2 shows the
signalling information flows among the different entities in the B-IN network
on behalf of call setup, location update and handover requests. The definitions
of the performance measures of interest in congestion control experiments are
given in Section 7.3.1. Furthermore, a detailed description of the experimental
settings is given in Section 7.3.2 and the obtained experimental results are given
in Section 7.3.3.

7.3.1

Performance measures

The qualitative criteria that are used for the comparison of different congestion
control algorithms are described in Section 6.1, namely, reaction time,
robustness and fairness. In particular, depending on the supported service, the
investigated network entity and network topology, the following (generic)
quantitative performance measures are used to compare the congestion control
algorithms with respect to the qualitative criteria described in Section 6.1:
• Utilisation (U): the fraction of time that a processor, a physical entity or a
network is busy (non-idle);
• Throughput (λ): the number of processed service requests (or signalling
procedures) per second;
• Blocking rate (B): the number of rejected (or blocked) service requests (or
procedures) per second;
• Delay of a signalling procedure (D): the time from the instant when this
procedure is started until it is completed, excluding any user response times;
• Buffer occupancy (Q): the maximum buffer occupancy expressed in buffered
messages due to service calls initiated by all users.

7.3.2

Experimental settings

Two sets of performance experiments are performed. The first set of
experiments, simultaneous overload experiments, is mainly performed to
observe the robustness and the reaction time (see Section 6.1) of the congestion
control algorithms. In this set of experiments the overload situation is generated
by all sources simultaneously. The second set of experiments, denoted as
individual overload experiments, is mainly performed to observe the fairness
(see Section 6.1) of the congestion control algorithms. In this set of experiments
the overload situation is caused by sources generating one single service class.
In this set of experiments, only the sources generating the B-VPN services are
cause the overload; however, the conclusions derived are valid if another
service type is the cause of overload.
The network topology used in these experiments is introduced in Section 4.1.2.
In particular, it is similar to the one depicted in Figure 7-3. In this topology one
B-SCP is controlling six B-SSPs, i.e., M = 6. Each B-SSP communicates with
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four source types, i.e., L = 4. Therefore, a source can be identified as Source(i,j),
where i is an index over B-SSPs, 1 ≤ i ≤ M and j is an index over source types
per B-SSP, 1 ≤ j ≤ L. The B-SCP executes the congestion control algorithm for
each requesting source (or each requesting service class at each B-SSP).
C o n g e stio n c o n tr o l
a l g o r i t h m ( 1 ,j )

S o u r c e ( 1 ,3 )

S o u r c e ( 5 ,2 )
S o u r c e ( 5 ,3 )

S o u r c e ( 1 ,1 )
S o u r c e ( 1 ,2 )

S o u r c e ( 5 ,1 )

B S S P i= 5

C o n g e stio n c o n tr o l
a l g o r i t h m ( 5 ,j )

S o u r c e ( 5 ,4 )

B S S P i= 1

S o u r c e ( 1 ,4 )
C o n g e stio n c o n tr o l
a l g o r i t h m ( 2 ,j )
S o u r c e ( 2 ,1 )
S o u r c e ( 2 ,2 )
S o u r c e ( 2 ,3 )

B S S P i= 2

S o u r c e ( 2 ,4 )

BSCP

C o n g e stio n c o n tr o l
a l g o r i t h m ( 3 ,j )
S o u r c e ( 3 ,1 )
S o u r c e ( 3 ,2 )
S o u r c e ( 3 ,3 )

B S S P i= 3

S o u r c e ( 3 ,4 )
C o n g e stio n c o n tr o l
a l g o r i t h m ( 4 ,j )
S o u r c e ( 4 ,1 )
S o u r c e ( 4 ,2 )
S o u r c e ( 4 ,3 )
S o u r c e ( 4 ,4 )

S o u r c e ( 6 ,1 )

B S S P i= 4

S o u r c e ( 6 ,2 )
S o u r c e ( 6 ,3 )

B S S P i= 6

C o n g e stio n c o n tr o l
a l g o r i t h m ( 6 ,j )

S o u r c e ( 6 ,4 )

Figure 7-3: Network topology
The user workload model supported by the B-IN network in both sets of
experiments is described in Section 4.3. The average load generated by each
source is fixed during a measurement period, but is allowed to vary from one
measurement period to another.
The performance measures introduced in Section 7.3.1 are observed in response
to a sudden (simultaneous or individual) overload. The basic idea here is to
create overload conditions for some period of time and observe the reaction
time, robustness and fairness.
The average load values generated by the different types of sources during the
simultaneous overload experiments and individual overload experiments are
listed in Table 7-1 and Table 7-2, respectively.
The total duration of each experiment is equal to 350 measurement periods and
each measurement period (T) is 20 seconds long. However, in practical
situations the value of T can be significantly decreased if the processing speed
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of the network entities is increased. In both sets of experiments the B-SCP is
50% utilised during normal load conditions (the measurement periods {50 ≥ t
>200}). During the overload condition (the measurement periods {50 < t ≤
200}) the average total load causes an overload of 25% above the total B-SCP
capacity. The difference between the two sets of experiments is that in the
simultaneous overload experiments, the overload condition is caused by all
sources simultaneously, and in the individual overload experiments the overload
condition is caused by only sources that request B-VPN call setup procedures.
Table 7-1: Load generated during simultaneous overload experiments
Normal load
[requests/sec]
due to all
sources of
same class
{50 ≥ t >200}
6 * 1,65 =
9,9

Overload
[requests/sec]
due to all
sources of
same class
{50 < t ≤ 200}
6 * 7,4 =
44,4

Yes

12 * 1,86=
22,35

12 *3,36 =
40,4

Yes

12 * 5,7 =
69,3

12 * 13,4 =
161,9

No

12 * 0,26 =
3,2

12 * 0,62 =
7,47

Load that
impacts
SCP
utilisation

B-VPN
call setup
(6 sources)
Mobile
Telephony
call setup
(12 sources)
Mobile
Telephony
location update
(12 sources)
Mobile
Telephony
handover
(12 sources)

Yes

Section 4.4 describes the network models that represent the flow and processing
of messages through the network on behalf of user call requests and mobility
management procedures.
Furthermore, the B-SCP utilisation threshold values used in the Enhanced
Adaptive Call Gapping (EACG) algorithm and the Enhanced Token Bank
(EATB) algorithm are:
• threshold for total B-SCP utilisation: Uref = 0.8;
• threshold for B-SCP utilisation due to B-VPN setup calls: UrefVC = 0.3;
• threshold for B-SCP utilisation due to Mobile Telephony setup calls: UrefMC
= 0.3;
• threshold for B-SCP utilisation due to Mobile Telephony location update
requests: UrefML = 0.2.
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Note that in the EACG and EATB, congestion is triggered upon the total B-SCP
utilisation, Uref, exceeding the threshold of 0.8.
Table 7-2: Load generated during individual overload experiments
Normal load
[requests/sec]
due to all
sources of
same class
{50 ≥ t >200}
6 * 1,65 =
9,9

Overload
[requests/sec]
due to all
sources of
same class
{50 < T ≤ 200}
6 * 14,06 =
84,4

Yes

12 * 1,86=
22,35

12 * 1,86=
22,35

Yes

12 * 5,7 =
69,3

12 * 5,7 =
69,3

Not

12 * 0,26 =
3,2

12 * 0,26 =
3,2

Load that
impacts
SCP
utilisation

B-VPN
call setup
(6 sources)
Mobile
Telephony
call setup
(12 sources)
Mobile
Telephony
location update
(12 sources)
Mobile
Telephony
handover
(12 sources)

Yes

For the adaptive ACG algorithm (see Section 6.3.1.2) the congestion condition
is determined by the maximum delay trigger principle (i.e., when one or more
messages are dropped during a measurement period due to exceeding a
specified delay threshold). The maximum delay threshold is set to correspond
with a total B-SCP utilisation equal to ±0.8. Note that the adaptive ACG
algorithm does not use threshold values for the individual call request classes.

7.3.3

Experimental results

Once the network model has been constructed and fully characterised (see
Chapter 4), it can be used in simulation experiments to evaluate performance
measures of interest. The queuing network analysis package QNAP [VeSe85] is
used to evaluate the queuing models of the B-IN network. To obtain
independent replications, the so called method of independent replicas is used
(see [Jain91]), thus making it possible to provide confidence intervals
associated with estimates of the performance measures. Each replica involves
simulating the network from t = 0 to t = 350 (i.e., 350 measurement periods).
The network is subjected to overload in the interval from t = 50 to t = 200 (see
Table 7-1 and Table 7-2). In all simulation experiments presented in this section
the obtained values of the 95% confidence intervals are within ±2% of the
estimated mean results.
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For each measurement period and for each performance measure, e.g., X, the
mean ( X ) and the variance ( σ X2 ) of this measure are estimated as:
X =

σX

2

1 n
∑ Xk ;
n k =1
1 n
( X k − X )2 ,
=
∑
n − 1 k =1

where n represents the total number of replications and X k represents the
estimated performance measure at replication k. Note that the 95% confidence
intervals (CI) of the estimate X can be calculated as CI =

1.687 * σ X
n

(based on t

distribution (see [Jain91]).
The following subsections present the results of the congestion control
simulation experiments for each of the performance measures described in
Section 7.3.1.

7.3.3.1

B-SCP utilisation

This section presents the results for the simultaneous and individual overload
experiments regarding the B-SCP utilisation per request class and the total BSCP utilisation. In particular, the following performance measures are observed:
• UVC: B-SCP utilisation due to B-VPN call setup requests initiated by fixed
users;
• UMC: B-SCP utilisation due to Mobile Telephony call setup requests initiated
by mobile users;
• UML: B-SCP utilisation due to Mobile Telephony location update requests
initiated by mobile users;
• UT: total B-SCP utilisation due to all requests. Note that
U T = U VC + U MC + U ML , since Mobile Telephony handover procedure do not
contribute to B-SCP load.
Moreover, the used congestion control algorithm is indicated as a superscript,
e.g., UVCACG is the B-SCP utilisation due to B-VPN call setup requests using the
adaptive ACG algorithm. The experimental setting used in these experiments is
described in Section 7.3.2.
Simultaneous overload experiments
The results of these experiments are depicted in Figure 7-4, Figure 7-5 and
Figure 7-6. These graphs show the transient mean utilisations UVC, UMC, UML
and UT as they vary with the offered load; the overload in the measurement
periods {50 < t ≤ 200} is caused by all types of sources simultaneously.
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The variabilities σUVC, σUMC, σUML and σUT of the controlled utilisations UVC,
UMC, UML and UT, respectively, at measurement period 200 are given in Table
7-3 for each of the compared congestion control algorithms.
Table 7-3: Variability of the controlled utilisation (t = 200)

0,294 ± 0,022

Mobile Telephony
setup
(UMC ± σUMC)
0,284 ± 0,01

Mobile Telephony
location update
(UML ± σUML)
0,238 ± 0,024

0,81 ± 0,06

0,303 ± 0,007

0,311 ± 0,009

0,207 ± 0,003

0,82 ± 0,013

0,302± 0,0053

0,3 ± 0,0075

0,201 ± 0,001

0,803 ± 0,009

Algorithm

B-VPN setup
(UVC ± σUVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

Total
(UT ± σUT)

From Figure 7-4, Figure 7-5, Figure 7-6 and Table 7-3 it can be observed that in
overload periods if the EACG or the EATB algorithm is used then the total BSCP utilisation adapts faster and stabilises better to the predefined threshold
Uref = 0.8. In other words, the enhanced congestion control algorithms exhibit
better robustness and reaction time than the ACG congestion control algorithm.
Furthermore, each type of call request class is admitted up to its predefined
thresholds (i.e., UrefVC = 0.3, UrefMC = 0.3, UrefML = 0.2). The adaptive ACG
algorithm does not specify a maximum utilisation threshold for each call request
class (see Section 7.3.2). Therefore, the algorithm is not capable of controlling
the traffic volume generated by a specific source class, see Figure 7-4. This
shows that the EACG and EATB algorithms are more robust than the ACG
algorithm. Table 7-3 shows that the variability of the controlled B-SCP
utilisation is less under EATB or EACG than under ACG. Note that the EATB
algorithm performs slightly better than the EACG algorithm.
In the following section a more detailed investigation on the fairness criterion is
presented.
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Figure 7-4: B-SCP utilisation for ACG
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Figure 7-5: B-SCP utilisation for EACG
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Individual overload experiments
Unlike the simultaneous overload experiments, in these experiments overload is
caused by the B-VPN call requests only. The results of these experiments are
depicted in Figure 7-7, Figure 7-8 and Figure 7-9. These graphs show the
transient mean utilisations UVC, UMC, UML and UT when the overload is caused
by only B-VPN call setup sources. Ideally, during B-SCP overload periods it is
fair to control only the B-VPN call setup traffic (i.e., dropped if needed); the
conforming traffic generated by the Mobile Telephony call setup and Mobile
Telephony location update sources should remain unaffected. The variabilities
σUVC, σUMC, σUML and σUT of the controlled utilisations UVC, UMC, UML and UT,
respectively, at measurement period 200 are given in Table 7-4 for each of the
compared congestion control algorithms.
Table 7-4: Variability of the controlled utilisation (t = 200)

0,55 ± 0,037

Mobile Telephony
setup
(UMC ± σUMC)
0,147 ± 0,012

Mobile Telephony
location update
(UML ± σUML)
0,088 ± 0,010

0,79 ± 0,054

0,405 ± 0,009

0,244 ± 0,006

0,15 ± 0,004

0,8 ± 0,011

0,401± 0,01

0,244 ± 0,008

0,15 ± 0,004

0,79 ± 0,015

Algorithm

B-VPN setup
(UVC ± σUVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

Total
(UT ± σUT)

From Figure 7-8 and Figure 7-9, it can be observed that in overload periods if
the EACG or the EATB algorithm is used, then only the B-VPN call setup
traffic is controlled. The traffic generated by the Mobile Telephony call setup
and Mobile Telephony location update sources remains indeed unaffected, as
they should. This is clearly not the case if ACG is used, as shown in Figure 7-7.
Furthermore, from the same graphs it can be observed that in overload periods if
the EATB or EACG algorithm is used, then the B-SCP utilisation due to B-VPN
call setup requests adapt faster and stabilises better than the ACG congestion
control algorithm. Note that both enhanced congestion control algorithms, i.e.,
EACG and EATB, are operating in such a way that if the B-SCP is not
overloaded and a number of sources (e.g., Mobile Telephony call setup and
location update) do not utilise the B-SCP up to their individual predefined
utilisation threshold (UrefMC = 0.3, UrefML = 0.2), then other sources (e.g., BVPN call setup) may utilise the B-SCP beyond their predefined B-SCP
utilisation limit (UrefVC = 0.3); this feature can be seen in Figure 7-8 and Figure
7-9. This feature is also supported by ACG, however, at the expense of the
conforming sources. Table 7-4 shows that the variability of the controlled BSCP utilisation is less under EATB or EACG than under ACG.
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Figure 7-7: B-SCP utilisation for ACG
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Figure 7-8: B-SCP utilisation for EACG
EATB
1,00E+00
9,00E-01

B-SCP utilisation

8,00E-01
7,00E-01
6,00E-01
5,00E-01
4,00E-01
3,00E-01
2,00E-01
1,00E-01

ML

0,00E+00
0

50

100

150

200

250

Measurement period
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Note also that when the EATB algorithm is used, then the robustness and the
reaction time are slightly better than when the EACG algorithm is used.

7.3.3.2

B-SCP throughput

This section presents the results for the simultaneous and individual overload
experiments regarding the B-SCP throughput per request class and the total BSCP throughput. In particular, the following performance measures are
observed:
• λVC: throughput of the B-VPN call setup requests initiated by fixed users;
• λMC: throughput of the Mobile Telephony call setup requests initiated by
mobile users;
• λML: throughput of the Mobile Telephony location update requests initiated
by mobile users;
• λT: total B-SCP throughput. Note that λT = λVC + λ MC + λ ML .
The used congestion control algorithm is indicated as a superscript, e.g., λVCACG
is the B-SCP throughput of the B-VPN call requests using the adaptive ACG
algorithm. The experimental setting used during these experiments is described
in Section 7.3.2.
Simultaneous overload experiments
The results of these experiments are depicted in Figure 7-10, Figure 7-11 and
Figure 7-12. These graphs show the transient throughputs λVC, λMC, λML and λT
in response to simultaneous overload caused by all types of sources.
The variabilities σλVC, σλMC, σλML and σλT of the controlled λVC, λMC, λML and λT
throughputs, respectively, at measurement period 200 are given in Table 7-5 for
each of the compared congestion control algorithms.
Table 7-5: Variability of the controlled throughput (requests/sec) at t = 200

29,52 ± 3,18

Mobile Telephony
setup
(λMC ± σλMC)
25,97 ± 2,54

Mobile Telephony
location update
(λML ± σλML)
110,91 ± 11,39

165,6 ± 16,67

30,09 ± 0,95

28,48 ± 1,17

96,04 ± 1,69

154,6 ± 2,06

30,01 ± 0,29

27,44 ± 0,43

92,88 ± 0,3

150,3 ± 0,72

Algorithm

B-VPN setup
(λVC ± σλVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

Total
(λT ± σλT)

From Figure 7-10, Figure 7-11, Figure 7-12 it can be observed that when either
the EACG or the EATB algorithm is used then the robustness and the reaction
time are better than when the ACG congestion control algorithm is used.
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Figure 7-10: B-SCP throughput for ACG
EACG
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Figure 7-11: B-SCP throughput for EACG
EATB
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In particular, the EATB algorithm quickly detects the onset of the overload
period (faster than the ACG or EACG algorithms), thus limiting the overshoot
peak of the throughput (λT) to approximately 55% of its value for the ACG or
EACG algorithms.
Moreover, the same graphs show that when the enhanced congestion control
algorithms are used, then each type of call request class is admitted up to its
predefined threshold. This shows that the EACG and EATB algorithms are
more robust than the ACG algorithm. In the following section more on the
fairness criterion is presented. Table 7-5 shows that the variability of the
controlled B-SCP throughput is less under either EATB or EACG than under
ACG.
Individual overload experiments
The results of these experiments are depicted in Figure 7-13, Figure 7-14 and
Figure 7-15. These graphs show the transient throughputs λVC, λMC, λML and λT
in response to overload condition caused by the B-VPN call setup sources only.
The variabilities σλVC, σλMC, σλML and σλT of the controlled λVC, λMC, λML and λT
throughputs, respectively, at measurement period 200 are given in Table 7-6 for
each of the compared congestion control algorithms.
Table 7-6: Variability of the controlled throughput (requests/sec) at t = 200
Mobile Telephony
location update
(λML ± σλML)
40,92 ± 4,47

Total
(λT ± σλT)

53,73 ± 5,03

Mobile Telephony
setup
(λMC ± σλMC)
13,23 ± 1,41

40,39 ± 1,27

22,27 ± 0,79

69,21 ± 1,82

131,9 ± 2,36

39,93 ± 0,97

22,2 ± 0,88

69,12 ± 1,95

131,2 ± 2,12

Algorithm

B-VPN setup
(λVC ± σλVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

107,9 ± 10,4

In order to evaluate the fairness criterion of the algorithms, we observe Figure
7-13, Figure 7-14 and Figure 7-15 during the overload period. If either the
EACG or the EATB algorithm is used, then only the B-VPN call setup traffic is
controlled. This is correct and fair since the B-VPN call setup traffic is the
cause of the B-SCP overload. Furthermore, from the same figures and from
Table 7-6 it can be observed that when the EACG or the EATB is used, then the
robustness, the reaction time the fairness and the variability of the B-SCP
throughput are better than when the ACG congestion control algorithm is used.
Note that the EATB algorithm performs slightly better than the EACG
algorithm.
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Figure 7-13: B-SCP throughput for ACG
EACG
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Figure 7-14: B-SCP throughput for EACG
EATB
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Figure 7-15: B-SCP throughput for EATB
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7.3.3.3

Blocking rate per call request class

This section presents the results from the simultaneous and individual overload
experiments regarding the blocking rate of the requests belonging to one single
class. This performance measure represents the rate of calls, belonging to a
certain request class, that are dropped by a B-SSP during B-SCP congestion
periods (i.e., blocking rate = offered rate – throughput). In particular, the
following performance measures are observed:
• BVC: B-VPN call setup blocking rate;
• BMC: Mobile Telephony call setup blocking rate;
• BML: Mobile Telephony location update blocking rate.
A superscript indicates the congestion control algorithm used in the experiment,
e.g., BVCACG is the B-VPN call setup blocking rate using the adaptive ACG
algorithm. The experimental setting used during these experiments is described
in Section 7.3.2.
Simultaneous overload experiments
The results of these experiments are depicted in Figure 7-16, Figure 7-17 and
Figure 7-18. These graphs show the transient mean blocking rate BVC, BMC and
BML in response to overload conditions caused by all types of sources
simultaneously.
The variabilities σBVC, σBMC and σBML of the controlled BVC, BMC and BML mean
blocking rates, respectively, at measurement period 200 are given in Table 7-7
for each of the compared congestion control algorithms.
Table 7-7: Variability of the controlled blocking rate (requests/sec) at
t = 200

15,384 ± 2,34

Mobile Telephony
setup
(BMC ± σBMC)
14,124 ± 1,47

Mobile Telephony
location update
(BML ± σBML)
50,29 ± 4,3

14,16 ± 1,29

10,65 ± 1,12

65,97 ± 1,7

15,624 ± 1,38

13,47 ± 1,16

68,004 ± 2,45

Algorithm

B-VPN setup
(BVC ± σBVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

The conclusions regarding robustness, reaction time and fairness derived for the
throughput (see Section 7.3.3.2) apply also for the blocking rate. In particular,
from Figure 7-16, Figure 7-17 and Figure 7-18 it can be observed that when
either the EACG or the EATB algorithm is used then the robustness and the
reaction time are better than when the ACG congestion control algorithm is
used.
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Figure 7-16: Blocking rate for ACG
EACG
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Figure 7-17: Blocking rate for EACG
EATB
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Figure 7-18: Blocking rate for EATB
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Table 7-7 shows that the variability of the controlled B-SCP blocking rate is
less under either EATB or EACG than under ACG.
Individual overload experiments
The results of these experiments are depicted in Figure 7-19, Figure 7-20 and
Figure 7-21. These graphs show the transient mean blocking rates BVC, BMC and
BML in response to overload condition caused by the B-VPN call setup requests
only.
The variabilities σBVC, σBMC and σBML of the controlled BVC, BMC and BML mean
blocking rates, respectively, at measurement period 200 are given in Table 7-8
for each of the compared congestion control algorithms.
Table 7-8: Variability of the controlled blocking rate (requests/sec) at
t = 200

30,744 ± 2,69

Mobile Telephony
setup
(BMC ± σBMC)
8,65 ± 1,001

Mobile Telephony
location update
(BML ± σBML)
27 ± 2,72

44,562 ± 2,39

0,101 ± 0,091

0±0

43,704 ± 2,27

0±0

0±0

Algorithm

B-VPN setup
(BVC ± σBVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

Note that when the enhanced algorithms (EACG and EATB) are used, then the
blocking rate of the conforming classes (i.e., Mobile Telephony service
requests) are identical (or approximately identical) to zero, as they should. This
is not the case if ACG is used.
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Figure 7-19: Blocking rate for ACG
EACG
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Figure 7-20: Blocking rate for EACG
EATB
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Figure 7-21: Blocking rate for EATB
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7.3.3.4

Mean delay per call request class

This section presents the results for the simultaneous and individual overload
experiments regarding the mean delay of requests belonging to one single
request class. This performance measure is the time between the instant when a
user call request is started until it is completed, excluding any user response
times. In particular, the following performance measures are observed:
• DVC: mean delay of the B-VPN call setup requests initiated by fixed users;
• DMC: mean delay of the Mobile Telephony call setup requests initiated by
mobile users;
• DML: mean delay of the Mobile Telephony location update requests initiated
by mobile users.
The used congestion control algorithm is indicated as a superscript, e.g., DVCACG
is the mean delay of the B-VPN call setup procedure using the adaptive ACG
algorithm. The experimental setting used during these experiments is described
in Section 7.3.2.
Simultaneous overload experiments
The results of these experiments are depicted in Figure 7-22, Figure 7-23 and
Figure 7-24. These graphs show the transient mean delays DVC, DMC and DML in
response to overload condition caused by all types of sources simultaneously.
The variabilities σDVC, σDMC and σDML of the controlled DVC, DMC and DML mean
delays, respectively, at measurement period 200 are given in Table 7-9 for each
of the compared congestion control algorithms.
Table 7-9: Variability of the controlled mean delay (msec) at t = 200

68,8 ± 9,95

Mobile Telephony
setup
(DMC ± σDMC)
73,37 ± 11,61

Mobile Telephony
location update
(DML ± σDML)
35,87 ± 8,89

69,86 ± 3,29

75,07 ± 4,58

35,51 ± 2,78

70,66 ± 2,72

74,51 ± 4,92

36,5 ± 2,31

Algorithm

B-VPN setup
(DVC ± σDVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

From Figure 7-22, Figure 7-23, Figure 7-24 and Table 7-9 it can be observed
that when the EATB algorithm is used, the B-VPN call setup delay, the Mobile
Telephony call setup delay and the Mobile Telephony location update delay
have much lower overshoot at the onset of the overload period than when either
ACG or EACG algorithms are used.
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Figure 7-22: Mean delay for ACG (msec)
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Figure 7-23: Mean delay for EACG (msec)
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Figure 7-24: Mean delay for EATB (msec)
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Individual overload experiments
The results of these experiments are depicted in Figure 7-25, Figure 7-26 and
Figure 7-27. These graphs show the transient mean delays DVC, DMC and DML in
response to overload condition caused by the B-VPN call setup sources only.
The variabilities σDVC, σDMC and σDML of the controlled DVC, DMC and DML mean
delays, respectively, at measurement period 200 are given in Table 7-10 for
each of the compared congestion control algorithms.
Table 7-10: Variability of the controlled mean delay (msec) at t = 200
Algorithm

B-VPN setup
(DVC ± σDVC)

adaptive ACG (ACG)
Enhanced Adaptive ACG
(EACG)
Enhanced Adaptive Token
Bank (EATB)

64,26 ± 7,49

Mobile Telephony
setup
(DMC ± σDMC)
68,86 ± 7,63

Mobile Telephony
location update
(DML ± σDML)
32,1 ± 6,08

62,3 ± 2,54

69,46 ± 5,11

32,28 ± 2,66

63,56 ± 2,44

69,72 ± 4,71

32,94 ± 2,51

The conclusions are the same as those derived from the simultaneous overload
experiments. In particular, from Figure 7-22, Figure 7-23, Figure 7-24 and
Table 7-10 it can be observed that when the EATB algorithm is used, the BVPN call setup delay, the Mobile Telephony call setup delay and the Mobile
Telephony location update delay have much lower overshoot at the onset of the
overload period than when either ACG or EACG algorithms are used.
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Figure 7-25: Mean delay for ACG (msec)
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Figure 7-26: Mean delay for EACG (msec)
EATB
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Figure 7-27: Mean delay for EATB (msec)
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7.3.3.5

Maximum B-SCP buffer occupancy

This section presents the results for the simultaneous and individual overload
experiments regarding the maximum B-SCP buffer occupancy QT. This
performance measure represents the maximum B-SCP queue length of all
messages due (belonging) to all service requests. The relevance of observing
this performance measure is to determine the message buffer size that should be
used in a B-SCP. The used congestion control algorithm is indicated as a
superscript, e.g., QTACG is the B-SCP buffer occupancy using the adaptive ACG
algorithm.
Simultaneous overload experiments
The results of these experiments are depicted in Figure 7-28, Figure 7-29 and
Figure 7-30. These graphs show the transient mean of the maximum buffer
occupancy QT in response to overload condition caused by all types of sources
simultaneously.
The variability σQT of the overshoot maximum B-SCP buffer occupancy QT at
measurement period 50 is given in Table 7-11 for each of the compared
congestion control algorithms. Table 7-12 gives for each of the compared
congestion control algorithms the variability σQT of the controlled maximum BSCP buffer occupancy QT at measurement period 200.
Table 7-11: Variability of the overshoot maximum B-SCP buffer occupancy
at t = 50
Algorithm
adaptive ACG (ACG)
Enhanced adaptive ACG (EACG)
Enhanced Adaptive Token Bank (EATB)

maximum B-SCP buffer occupancy
(QT ± σQT)
201,5 ± 88,7
177,6 ±68,49
45,03 ±18,31

From Figure 7-28, Figure 7-29 and Figure 7-30, it can be observed that when
the EATB algorithm is used, then the overshoot of the maximum B-SCP buffer
occupancy (at t = 50) is much smaller than when the other two congestion
control algorithms are used (see also Table 7-11). In particular, the EATB
algorithm limits the overshoot of the maximum QT to approximately 15% of its
value for the ACG algorithm and 17% of its value for the EACG algorithm.
This implies that, to maintain the same request blocking rate, the required BSCP buffer size is much smaller for the EATB algorithm than for either the
ACG or the EACG algorithms. The controlled maximum B-SCP buffer
occupancy (at t = 200) is about the same for the three congestion control
algorithms (see Table 7-12).
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Figure 7-28: Maximum B-SCP buffer occupancy for ACG
EACG
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Figure 7-29: Maximum B-SCP buffer occupancy for EACG
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Figure 7-30: Maximum B-SCP buffer occupancy for EATB
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Table 7-12: Variability of the controlled maximum B-SCP buffer
occupancy at t = 200
Algorithm
adaptive ACG (ACG)
Enhanced adaptive ACG (EACG)
Enhanced Adaptive Token Bank (EATB)

maximum B-SCP buffer occupancy
(QT ± σQT)
17,12 ± 5,5
17,23 ±2,36
18,02 ±2,6

Individual overload experiments
The results of these experiments are depicted in Figure 7-31, Figure 7-32 and
Figure 7-33. These graphs show the transient mean of the maximum B-SCP
buffer occupancy QT in response to overload condition caused by the B-VPN
call setup requests only.
The variability σQT of the overshoot maximum B-SCP buffer occupancy QT at
measurement period 50 is given in Table 7-13 for each of the compared
congestion control algorithms. Table 7-14 gives for each of the compared
congestion control algorithms the variability σQT of the controlled maximum BSCP buffer occupancy QT at measurement period 200.
Table 7-13: Variability of the overshoot maximum B-SCP buffer occupancy
at t = 50
Algorithm
adaptive ACG (ACG)
Enhanced Adaptive ACG (EACG)
Enhanced Adaptive Token Bank (EATB)

maximum B-SCP buffer occupancy
(QT ± σQT)
43,33 ± 13,22
36,42 ± 16,72
18,25 ± 4,42

From Figure 7-31, Figure 7-32 and Figure 7-33, it can be observed that when
the EATB algorithm is used, then the overshoot maximum B-SCP buffer
occupancy (at t = 50) is almost non-existent (see also Table 7-13). The
controlled maximum B-SCP buffer occupancy (at t = 200) is about the same for
the three congestion control algorithms (see Table 7-14).
Table 7-14: Variability of the controlled maximum B-SCP buffer
occupancy at t = 200
Algorithm
adaptive ACG (ACG)
Enhanced Adaptive ACG (EACG)
Enhanced Adaptive Token Bank (EATB)

maximum B-SCP buffer occupancy
(QT ± σQT)
15,12 ± 3,97
16,58 ±2,77
17,8 ±2,99
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Figure 7-31: Maximum B-SCP buffer occupancy for ACG
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Figure 7-32: Maximum B-SCP buffer occupancy for EACG
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Figure 7-33: Maximum B-SCP buffer occupancy for EATB
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7.4 Conclusions
In this chapter two novel congestion control algorithms are proposed, namely
the Enhanced Adaptive ACG (EACG) and the Enhanced Adaptive Token Bank
(EATB) that share the advantages and overcome the disadvantages of the
existing congestion control algorithms. In particular, the proposed algorithms
allow the network operator to provide fast adaptive, robust and fair admission
policies to different user request types, while simultaneously maintaining high
call throughput and protecting the network from overloads. Simulation
experiments show that the proposed algorithms perform consistently better than
existing congestion control algorithms (described in Chapter 6) in terms of
reaction time, robustness and fairness (as defined in Section 6.1).
In particular, the EATB algorithm quickly detects the onset of the overload
period (faster than the ACG or EACG algorithms), thus limiting the overshoot
peak of the throughput (λT) to approximately 55% of its value for the ACG or
EACG algorithms. Moreover, our experimental results show that the EATB
algorithm performs slightly but consistently better than the EACG algorithm.
From the blocking rate experiments (see Section 7.3.3.3) it can be observed that
when the enhanced algorithms (EACG and EATB) are used, then the blocking
rate of the conforming sources are identical (or approximately identical) to zero,
as they should. This is not the case when ACG is used.
From the delay experiments (Section 7.3.3.4) it can be observed that when the
EATB algorithm is used, the B-VPN call setup delay, the Mobile Telephony
call setup delay and the Mobile Telephony location update delay almost have no
overshoot at the onset of the overload period. This is not the case when either
ACG or EACG are used.
From the maximum buffer occupancy experiments (Section 7.3.3.5) it can be
observed that when the EATB algorithm is used, then the maximum B-SCP
buffer occupancy (QT) at the onset of overload is much smaller than when the
other two congestion control algorithms are used. This implies that, to maintain
the same request blocking rate, the required B-SCP buffer size is much smaller
for the EATB algorithm than for either the ACG or the EACG algorithms.
Load balancing (see e.g., [Tan96]) is typically used to balance the load in a
communication network by distributing the arriving requests among different
network entities by using some predefined criteria (e.g., utilisation bounds).
Load balancing can be combined with any congestion control algorithm (see,
e.g., [Hose99]) and applied in a B-IN architecture. In case of a B-SCP overload
condition the congestion control algorithm is activated; which will lead to call
request refusals. Load balancing can be used to redirect the refused call requests
to one or more B-SCPs that have spare capacity. The redirection of these
refused call requests among the different B-SCP’s can, for example, be
accomplished on a round robin basis (see [Hose99]).
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Any of the congestion control algorithms described in this chapter can be
enhanced with existing load balancing techniques to redirect the user requests
that are rejected by a congested B-SCP to another non-congested B-SCP.
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Chapter 8.
Conclusions and Future Work

In this thesis we have addressed the design and performance evaluation of a
core network that can be used in the third generation mobile network. Such a
network is specified by the International Telecommunications Union (ITU) and
denoted as the IMT-2000 (International Mobile Telecommunications 2000)
system. This core network is referred to in this thesis as Broadband Intelligent
Network (B-IN) which is an integration of the Broadband Integrated Services
Network (B-ISDN) and Intelligent Network (IN) concepts. Scalability and
congestion control issues are of particular concern.
In this section a summary of the research and the accomplished results obtained
by this Ph.D. dissertation is given.

8.1 Conclusions
As an object of our study, we have considered the B-IN signalling system
developed in the INSIGNIA [Insignia] and EXODUS [Exodus] projects. B-IN
consists of an access network that is responsible for most of the radio related
functions and a core network that provides switching and transmission
functions and is based on Asynchronous Transfer Mode (ATM) technology.
The core network consists of the Broadband Service Switching Point (B-SSP)
that provides the service switching, the Broadband Service Control Point (BSCP) that provides the service control and the Broadband Service Data Point
(B-SDP) that provides the data storage of service profiles and subscriber
information. Moreover, the Broadband Intelligent Peripheral (B-IP) provides
the specialised resources that are required for the execution of IN broadband
services.
B-IN is capable of providing a mix of basic services (e.g., telephony) and
advanced services (e.g., Broadband Virtual Private Networks (B-VPN) and
Broadband Video on Demand) to fixed and mobile users. The services
considered in this thesis are Mobile Telephony, that incorporates call handling,
location update and handover procedures, and B-VPN, that incorporates call
handling procedures.
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Appropriate queuing network models are developed and performance
evaluation of these models is used to investigate and characterise the signalling
system used within B-IN. Due to the fact that different alternatives under a
variety of workloads and environments had to be compared, simulation is
chosen as a performance evaluation method. The parameters used in the
simulation of the queuing network models are obtained from actual
measurements performed on the IN network elements developed in the
INSIGNIA project. Four sets of simulation experiments were performed.
Scalability issues are considered in the first two experiments, while congestion
control issues are investigated in the latter two experiments.

8.1.1

Scalability

Scalability is an important aspect in the design of a broadband intelligent and
mobile network. The system must be able to support a large number of users
and amount of data while maintaining a high availability of resources and an
acceptable performance. Therefore, the network must be properly designed to
support the offered services at the required quality level. Network scalability is
defined as the ability to increase the “size” of the network, in some sense, while
satisfying Quality of Service and network performance criteria.
In this thesis, we emphasise the need for scalable broadband intelligent and
mobile networks and focus on scalability issues that affect the performance of
the B-IN core network.
In particular, we have considered the impact of increasing: a) the number of
(mobile and fixed) users supported by a network node and b) the number of
nodes and links in the network, on the Quality of Service and on the
performance of the integrated B-IN system.
We present a method for evaluating the scalability. In all experiments, the
bottleneck was first removed by balancing the processing speed of all B-IN
network physical entities (i.e., B-SSP and B-SCP) such that their utilisations
were approximately equal. Note that, typically, the B-SCP being a centralised
control entity is the performance bottleneck. In the first set of experiments we
investigated the ability of a B-IN island to support an increasing network load
while increasing the processing speed. We concluded that the throughput of all
procedures (i.e., B-VPN and Mobile Telephony call setup, location update, and
handover) increases linearly with the processing speed so as to maintain
approximately the same utilisation at the physical entities. The corresponding
mean delay of all procedures decreases by increasing the processing speed. This
implies that the network is scalable, with the only limit being the processing
speed which, of course, due to physical or cost limitations cannot increase
indefinitely.
In the second set of experiments we investigated the scalability when the
number of B-IN islands in the network (N) is increased. The B-SCP database
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access delay is assumed to depend on the number of the B-IN islands in the
network. We have considered three types of dependencies:
• constant (i.e., independent of N), for example when a centralised B-SCP
database is used in a fully connected network and therefore, the access delay
is assumed to be independent of the number of B-IN islands;
• logarithmic in N, for example when the B-SCP database is distributed in a
tree-like network topology and therefore, the access delay is assumed to be
proportional to the natural logarithm of N;
• linear in N, for example when the B-SCP database is distributed in a ringlike network topology so that the access delay is assumed to be linearly
proportional to the number of B-IN islands.
For a constant B-SCP database access delay, the throughput of all procedures
(i.e., B-VPN and Mobile Telephony call setup, location update and handover)
increases linearly with N. For a logarithmic (respectively linear) dependency,
the throughput of all procedures exhibits a slower (respectively much slower)
than linear increase with N; this is due to a corresponding decrease in the BSCP throughput. The mean delay of all procedures either remains almost
constant or decreases slightly by increasing the number of B-IN islands; this
slight decrease is caused by reducing the B-IN network load so as to maintain
approximately the same utilisation.
This implies that the network is most scalable when the B-SCP access delay is
independent of N. However, this requires either a centralised database in a fully
connected network, or the complete database replicated at each B-SCP. Any of
these two solutions may not be practically feasible. Therefore, in practical
situations the dependency of the B-SCP database access delay should at least be
logarithmic in N, i.e., the B-SCP database should be distributed in a tree-like
network topology.

8.1.2

Congestion control

Congestion control is used to protect the B-IN core network from becoming
overloaded. Since the B-SCP physical entity is used in the B-IN core network to
provide service control in a centralised way, it is realistic to assume that this
physical entity may be a practical bottleneck and limit the capacity of the B-IN
network. When the B-IN core network has to process an incoming load of
service requests larger than its capacity a state of congestion will result, where
the B-SCP physical entity will become overloaded and may cause a severe
performance degradation. Therefore, unless congestion is avoided or controlled,
service requests may experience large delays or a high percentage of refusals
(blocking). In this thesis, we have developed and investigated algorithms that
will be able to protect the B-SCP during overload situations and insure
continuous and fair processing of service requests from different sources.
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Two novel congestion control algorithms were proposed, namely the Enhanced
adaptive ACG (EACG) and the Enhanced Adaptive Token Bank (EATB). The
proposed algorithms share the advantages and overcome the disadvantages of
existing congestion control algorithms [Smi95]. In particular, the proposed
algorithms allow the network operator to provide adaptive, robust and fair
admission policies to different user request types, while simultaneously
maintaining a high session (or call) throughput and protecting the network from
overload. Simulation experiments show that the proposed algorithms perform
consistently better than existing congestion control algorithms in terms of
congestion control reaction time, robustness and fairness, where:
• reaction time is the duration of time needed by the congestion control
algorithm to bring a congested B-SCP back to its reference (normal)
operating load;
• robustness is the ability of the congestion control algorithm to provide
nearly optimal throughput regardless of variations of the congestion
detection and notification mechanisms and of certain aspects of the B-IN
architecture. The congestion control algorithm should be able to avoid
oscillations (over-utilisation and under-utilisation) of the B-SCP,
independently of the amount of traffic overload.
• fairness is the ability of the congestion control algorithm to adjust the traffic
sent by a source depending on its required B-SCP capacity relative to the
reference capacity set by the network provider. For example, conforming
sources need not to be penalised during overload periods.
Moreover, our experimental results show that the Enhanced Adaptive Token
Bank algorithm performs slightly but consistently better than the Enhanced
adaptive ACG algorithm with respect to congestion control reaction time,
robustness and fairness.
Furthermore, these enhanced congestion control algorithms can be combined
with load balancing algorithms to redirect the user requests that are rejected by
a congested B-SCP to another non-congested B-SCP.

8.2 Directions for Future Research
The network integration model used and investigated in this thesis is a
combination of the Broadband Integrated Services Digital Network (B-ISDN)
and Intelligent Network (IN) concepts.
The rapidly growing popularity of the Internet Protocol (IP) and its flexibility
make it a serious alternative for data transport in telecommunication networks.
However, the current version mainly supports simple best effort applications
such as e-mailing and web browsing. The desire to provide value-added
services, e.g., telephony and other real time services, has led to the necessity of
introducing Quality of Service (QoS) on the Internet. Enabling QoS on the best
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effort Internet model introduces complexity in several aspects, starting from
applications, different networking layers and network architectures, but also
network management and business models are affected. Finding an efficient
solution for introducing QoS is therefore, a difficult venture.
Currently, there are different groups trying to enhance the capabilities of the IN
concept (see e.g., [BrJe00] and [ChPe00]). Four main initiatives are the most
promising: Public Switched Telephone Network (PSTN)/Internet Interworking
(PINT), Parlay, IN/CORBA (Common Object Request Broker Architecture)
interworking and the Distributed Intelligent Broadband Network Architecture
(DIBN).
The Internet Task Force Engineering (IETF) standardisation body created
several working groups. One of these working groups is called PINT, one of its
goals is the integration of the IN concept into a transport network based on the
Internet Protocol. The PINT IETF working group has specified an IN
architecture which supports narrow-band services, using IP as communication
network layer. This work is, among others, specified in [RFC2848]. Developing
an IN architecture using an IP based transport network to support broadband
advanced services is an interesting challenge. The PINT activity enables
Internet applications to request and enrich telecommunication services. Figure
8-1 depicts the PINT architecture. The PINT server provides the interworking
between IN and Internet applications. This architecture, similar to the basic IN
architecture, uses a centralised SCP concept.
Since the PINT architecture is not essentially different from the B-IN
architecture, we expect that most performance models derived in this thesis are
also applicable to the PINT architecture. However, it should be of interest to
investigate how the PINT server may influence the performance of the provided
IN services.
SCP

Signalling

SCP

PINT
Server

System 7

SSP
Public
Internet

Traditional
telecommunication
services

Internet applications
(PINT clients)

Figure 8-1: PINT architecture
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Parlay [Parlay] is an Industry working group that was formed in April 1998 to
specify an open object-oriented Application Program Interface (API) for
telecommunication service control. This API supports all major middleware
technologies, e.g., CORBA and Java Platform. The main goal of the Parlay API
is to enable new generation customer or third party controlled services which
are integrated into Information Technology systems (such as e-mail or customer
information databases) to directly use IN capabilities. Figure 8-2 depicts the
Parlay architecture, where a Parlay client (e.g., an enterprise system), can
communicate and use IN capabilities via a middleware technology (e.g.,
CORBA) and a Parlay server. The Parlay server provides the interworking
between the IN capabilities and the used middleware technology. This
architecture, similar to the basic IN architecture, uses a centralised SCP
concept. We expect that most performance models derived in this thesis may
also be applicable to this architecture. However, it should be of interest to
investigate how the performance of the Parlay server and the middleware
technology may influence the performance of the provided IN services.
SCP
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SCP

Parlay
Server

System 7

SSP
Middleware

Traditional
telecommunication
services

Parlay applications
(Parlay clients)

Figure 8-2: Parlay architecture
CORBA is a middleware technology, defined by the Object Management Group
(OMG) standardisation body [OMG], which gives the possibility to software
objects to communicate with each other independently of their location,
programming language or physical entity. The IN/CORBA interworking
specification provides mechanisms for interworking the existing IN service
infrastructure (which uses transaction capabilities) with CORBA-based service
objects, using an Inter-Object Request Broker Protocol (IOP) for
communication. Figure 8-3 depicts the IN/CORBA interworking, where the
SCP functionality is distributed by using a CORBA object bus. The IN-CORBA
gateway provides the interworking between the SSPs and the CORBA-based
service objects. This architecture, unlike the basic IN architecture, uses a
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distributed SCP concept. The IN/CORBA interworking solves many drawbacks
of a centralised SCP approach. However, CORBA has shortcomings when
operating in a telecommunication environment that is highly fault-tolerant and
real-time. These shortcomings are related to availability, performance and
scalability. Some current research activities and projects are already addressing
these issues (see e.g., [ChPe00]).

Signalling
System 7

IN-CORBA
gateway

SSP
CORBA object bus

Distributed SCP
Traditional
telecommunication
services

Figure 8-3: IN/CORBA interworking
The Distributed Intelligent Broadband Network Architecture (DIBN) [ChPe00]
uses the CORBA and the Mobile Agent Technology (MAT) technologies to
provide a dynamic and distributed infrastructure beneath the higher functional
layers of the IN concept. The MAT technology (e.g., [Per99]) is using software
objects, denoted as mobile agents, that while being executed at a computer
node, are able by themselves to stop their own execution, move to another
computer and resume execution there. The mobile agents are using distributed
processing environments, e.g., Grasshopper [Grasshopper], that are denoted as
mobile agent platforms. These platforms are using the communication
mechanisms offered by the CORBA middleware technology and allow mobile
agents to migrate, execute, find each other and communicate. Figure 8-4 depicts
a DIBN architecture, which consists of a Broadband Service Switching and
Control Point (B-SSCP) and Service Execution Node (SEN) physical entities.
These entities can intercommunicate by using the Grasshopper and CORBA
busses. Mobile Agents can represent the IN service logic and can therefore
perform B-SCF and B-SRF actions. For example, when the mobile agent is
present in the B-SSCP, and considering that this mobile agent can support the
B-SCF functionality, call handling does not require an interaction between the
two physical entities, i.e., B-SSCP and SEN, but instead of this an interaction
between internal B-SSCP processes takes place.
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This architecture, unlike the basic IN architecture, uses a distributed SCP
concept. This architecture uses distributed processing environments that have
shortcomings related to availability, performance and scalability. Investigating
performance limitations of this architecture is of much interest.
SEN: Service Execution Node

SEN
B-SCF

B-SRF

Grasshopper bus

CORBA object bus

B-SSF
B-SSCP: Broadband Service
Switching and Control Point

B-SCF
B-CCF

Traditional
telecommunication
services

B-SSCP

Figure 8-4: Distributed Intelligent Broadband Network Architecture
(DIBN)
Another direction for future work is to combine the enhanced congestion
control algorithms with load balancing algorithms to redirect the user requests
that are rejected by a congested B-SCP to another non-congested B-SCP. In
Figure 8-5 a possible combination of the congestion control and load balancing
algorithms is shown, where the controlling algorithm is informed by B-SCP1
and B-SCP2 about their congestion status. Based on this information the B-SSP
can redirect a user request from a congested B-SCP, e.g., B-SCP1, to another
non-congested B-SCP, e.g., B-SCP2.
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B-SCP2

Source

B-SSP

Source

Congestion
control &
Load
balancing

B-SCP1

Figure 8-5: Possible combination of congestion control and load balancing
algorithms
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Appendix: Model Parameters

This appendix lists the model parameters, such as mean and standard deviations
of the processing times for all messages considered in the performance models
applied in the scalability and congestion control experiments. These values are
given in Table A 1 to Table A 4.
Table A 1: The processing times of the INI messages for B-VPN service
Entity

Incoming (Outgoing) Message

Outgoing Message

B-SSP

3*RequestReportSSMChange
+
JoinPartyToSession& LinkLeg
(incoming)
Continue (incoming)
CALL_PROC (outgoing)
CALL_PROC (outgoing)
ReleaseSession
ServiceRequest

ReportSSMChange

B-SCP

ReportSSMChange
ReportSSMChange
ReportSSMChange

CALL_PROC
SETUP
IAM
OUT(end)
3*RequestReportSSMChange
+
JoinPartyToSession&LinkLeg
Continue
ReleaseSession
OUT(end)

Mean
Service
Time
[ms]
5.64

Standard
Deviation
[ms]
0.164

2.62
1.08
1.08
1.47
3.6

0.103
0.044
0.044
0.104
0.44

2.37
4.95
0.13

0.34
0.73
0.01
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Table A 2: The processing times of the UNI and NNI messages for B-VPN
service
Entity

Incoming (Outgoing) Message

B-SSP

SETUP
CONNECT (incoming)
ReportSSMChange (outgoing)
CONNECT_ACK (outgoing)
CALL_PROC (incoming)
ANM (incoming)
ReportSSMChange (outgoing)
IAM (incoming)
IAA (outgoing)
CONNECT (incoming)
CONNECT_ACK (outgoing)

User

IAA (incoming)
RELEASE (incoming)
RELEASE (outgoing)
ReportSSMChange (outgoing)
REL (incoming)
RELEASE (outgoing)
RELEASE_COMPL
(incoming)
SETUP (incoming)
CALL_PROC (outgoing)
CONNECT_ACK (incoming)
CALL_PROC (incoming)
RELEASE_COMPL
(incoming)
CONNECT (incoming)
RELEASE (incoming)

Outgoing Message

Mean
Service
Time
[ms]
ServiceRequest
6.26
ReportSSMChange
3.93
CONNECT_ACK
1,46
CONNECT
0.17
OUT(end)
0.173
ReportSSMChange
4.28
CONNECT
1.37
IAA
1.46
SETUP
1.28
CONNECT_ACK (in this case 3.77
ReportSSMChange is not
created)
ANM
(in
this
case 0.18
ReportSSMChange is not
created)
OUT(end)
0.13
RELEASE
0.13
ReportSSMChange
0.844
RELEASE_COMPL
2.66
RELEASE
0.133
RLC
2.66
OUT(end)
0.13

Standard
Deviation
[ms]

0.01
0.01
0.018
0.081
0.010
0.081
0.01

CALL_PROC
CONNECT
OUT (end)
OUT (end)
OUT (end)

1.66
22.5
0.13
0.13
0.13

0.24
0.33
0.01
0.01
0.01

CONNECT_ACK
RELEASE_COMPL

1.04
9.75

0.088
0.66

0.159
0.106
0.029
0.035
0.026
0.44
0.035
0.008
0.102
0.62
0.008
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Table A 3: The processing times of the INI messages for Mobile Telephony
service
Entity

Incoming (Outgoing) Message

Outgoing Message

B-SSP

Location Update resp.conf
(incoming)
Paging.req (incoming)
RequestReportSSMChange +
Drop Session (incoming)
RequestReportSSMChange +
JoinPartyToSession&LinkLeg
(incoming)
RequestReportSSMChange +
JoinPartyToSession&LinkLeg
(incoming)
CALL_PROC (outgoing)
ReportSSMChange (outgoing)
ReleaseSession
ServiceRequest (incoming)

B-SCP

Location Update resp.conf

Mean
Service
Time
[ms]
3.93

0.106

Paging.req
SETUP

6.26
5.64

0.159
0.164

ReportSSMChange

5.64

0.164

CALL_PROC

2.622

0.103

0.18
2.622
1.47
3.6

0.008
0.103
0.104
0.44

3.6

0.44

2.37
2.37

0.34
0.34

4.95
0.13

0.73
0.01

SETUP
CALL_PROC
OUT(end)
RequestReportSSMChange +
JoinPartyToSession&LinkLeg
ServiceRequest (incoming)
RequestReportSSMChange +
Drop Session
Service Request (incoming)
Paging.req
Location
Update
req.ind Location Update resp.conf
(incoming)
ReportSSMChange (incoming) ReleaseSession
ReportSSMChange (incoming) OUT(end)

Standard
Deviation
[ms]
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Table A 4: The processing times of the UNI and NNI messages for Mobile
Telephony service
Entity

Incoming (Outgoing) Message

Outgoing Message

B-SSP

SETUP (incoming)
Paging.resp (incoming)
Location
Update
req.ind
(incoming)
HO_SETUP (incoming)
HO_CONFIRM
ALERTING (incoming)
ALERTING (incoming)
ACM (incoming)
CONNECT (incoming)
ReportSSMChange (outgoing)
CONNECT_ACK (outgoing)
CALL_PROC (incoming)
ANM (incoming)
ReportSSMChange (outgoing)
IAM (incoming)
IAA (outgoing)
CONNECT (incoming)

ServiceRequest
Paging.resp
Location
Update
(incoming)
CALL_PROC
CONNECT
ALERTING
ACM
ALERTING
ReportSSMChange
CONNECT_ACK
CONNECT
OUT(end)
ReportSSMChange
CONNECT
IAA
SETUP
CONNECT_ACK (in this case
ReportSSMChange is not
created)
ANM
(in
this
case
ReportSSMChange is not
created)
OUT(end)
RELEASE
ReportSSMChange
RELEASE_COMPL
RELEASE
RLC
OUT(end)

CONNECT_ACK (outgoing)

User

IAA (incoming)
RELEASE (incoming)
RELEASE (outgoing)
ReportSSMChange (outgoing)
REL (incoming)
RELEASE (outgoing)
RELEASE_COMPL
(incoming)
SETUP (incoming)
Paging.req (incoming)
Location Update resp.conf
(incoming)
Handover.req.ind (incoming)
CALL_PROC (incoming)
Handover_Proc.req.ind
(incoming)
Handover_Proc.resp.conf
(incoming)
CONNECT (incoming)
CONNECT (incoming)
ALERTING (incoming)

Mean
Service
Time
[ms]
6.26
3.93
req.ind 6.26

Standard
Deviation
[ms]
0.159
0.106
0.159

2.24
3.93
1.08
1.08
1.08
3.93
1,46
0.17
0.173
4.28
1.37
1.46
1.28
3.77

0.073
0.106
0.042
0.042
0.042
0.106
0.029
0.035
0.026
0.44
0.035
0.008
0.102
0.62

0.18

0.008

0.13
0.13
0.844
2.66
0.133
2.66
0.13

0.01
0.01
0.018
0.081
0.010
0.081
0.01

CALL_PROC
Paging.resp
OUT (end)

1.66
22.5
0.13

0.24
0.33
0.01

HO_SETUP
Handover_Proc.req.ind
Handover_Proc.resp.conf

22.5
1.08
22.5

0.33
0.042
0.33

HO_CONFIRM

1.04

0.08

Handover.resp.conf
CONNECT_ACK
OUT (end)

1.04
1.04
0.13

0.08
0.08
0.01
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CALL_PROC (outgoing)
CONNECT_ACK (incoming)
CALL_PROC (incoming)
RELEASE_COMPL
(incoming)
CONNECT (incoming)
RELEASE (incoming)

CONNECT
OUT (end)
OUT (end)
OUT (end)

22.5
0.13
0.13
0.13

0.33
0.01
0.01
0.01

CONNECT_ACK
RELEASE_COMPL

1.04
9.75

0.088
0.66
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UMTS Release 2000

REL

Release message

RLC

Release Complete message

RM

Resource Manager

RNC

Radio Network Controller

R-PHY

Radio Physical layer

SAAL

Signalling AAL

SACF

Single Association Control Function

SAP

Service Access Point

SAT

SIM Application Toolkit

SCCF

Service Specific Co-ordination Function

SCCP

Signalling Connection Control Part

SCOC

SCCP Connection Oriented Control

SCLC

SCCP Connectionless Control

SCMG

SCCP Management

SCRC

SCCP Routing Control

SSCOP

Service Specific Connection Oriented Part
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SCF

Service Control Function or Service Capability Feature

SCP

Service Control Point

SCS

Service Capability Server

SDF

Service Data Function

SDP

Service Data Point

SDU

Service Data Unit

SEN

Service Execution Node

SF

Service Features

SGSN

Serving GPRS Supporting Node

SIBs

Service Independent Building Blocks

SIM

Subscriber Identity Module

SIP

Session Initiation Protocol

SLA

Service Level Agreement

SLS

Service Level Specification

SLEM

Service Logic Execution Manager

SLP

Service Logic (Processing) Program

SMS

Short Message Service

SP

Service Provider & Signalling Point

SRF

Specialized Resource Function

SS7

Signalling System No. 7

SSF

Service Switching Functional entity

SSM

Switching State Model

SSP

Service Switching Point

STB

Set Top Box

STP

Signalling Transfer Point

TACAF Terminal Access Control Function
TACAFt Terminal Access Control Function at the terminal
TB

Token Bank

TCAP

Transaction Capabilities Application Part

THR

Throughput

T-DP

Trigger Detection Point
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TDM

Time Division Multiplexing

TFC

Transfer Controlled

TN

Enhanced Adaptive Token Bank

TX

Transit eXchange

QoS

Quality of Service

UAL

UMTS Application Layer

UAPPL UMTS Application Layer
UMTS

Universal Mobile Telecommunications System

UNI

User to Network Interface

UP

SS7 User Part

UTIL

utilisation

UTRAN UMTS Terrestrial Radio Access Network
VHE

Virtual Home Environment

WAP

Wireless Application Protocol

W-LAN Wireless Local Access Network
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Summary

The use of mobile communication networks has increased rapidly in the last two
decades. This growth is expected to continue at a high rate in the foreseeable
future. Consequently, issues such as network scalability and
overload/congestion control cannot be overlooked and must be taken into
account in the design and operation of these networks.
Scalability is the ability of the network to accommodate an increasing number
of users, more and diversified services, expanding geographical coverage, etc.,
while maintaining high availability of network resources and preserving quality
of service requirements. In the design process of a large network and its
underlying protocols, several alternatives may be proposed to allow for scalable
solutions.
In the presence of a large number of potential active users, overload at parts of
the network is likely to occur, at least occasionally, during busy hours or due to
some unexpected events. In the absence of proper control to help avoid
overloads and to quickly dissipate them when they occur, congestion may
persist for extended periods of time, leading to unacceptable delays and high
blocking rate of service requests. Therefore, it is crucial that the network be
equipped with algorithms to protect critical network entities from becoming
overloaded; i.e., congestion control algorithms.
The first main focus of this thesis is network scalability. A methodology for the
modeling and quantitative analysis of scalability is introduced and applied for
the evaluation of a prototype Broadband Intelligent Network (B-IN) that has
been developed in the European ACTS projects "INSIGNIA" and "EXODUS".
The second main focus of this thesis is network congestion control. Novel
congestion control algorithms are proposed for the same B-IN prototype
developed in the ACTS projects "INSIGNIA" and "EXODUS". Important
qualitative criteria are identified for the evaluation of these algorithms, and
extensive performance experimentation is carried out to demonstrate their
effectiveness and superiority in comparison with other known congestion
control solutions.
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Samenvatting

Het gebruik van mobiele communicatie is de laatste twee decennia snel
gestegen De verwachting is dat deze stijging in de nabije toekomst sterk zal
doorzetten. De consequentie hiervan is dat onderwerpen zoals schaalbaarheid en
congestion control niet te overzien zijn, en in beschouwing genomen moeten
worden bij het ontwerpen en het opereren van deze netwerken.
Schaalbaarheid is het vermogen van het netwerk om zich aan te passen aan een
toenemend aantal netwerkgebruikers, meer gediversifieerde diensten,
uitbreiding van het geografische bereik, enz., terwijl een hoge
netwerkbeschikbaarheid en de Quality of Service eisen gehandhaafd blijven. In
het ontwerpproces van een groot netwerk en zijn onderliggende protocollen
kunnen verschillende alternatieven worden voorgesteld die schaalbare
oplossingen mogelijk maken.
Bij een groot aantal potentiële, actieve netwerkgebruikers is het mogelijk dat
tijdens drukke uren of door een onverwachte gebeurtenis een overbelasting van
gedeelten van het netwerk kan plaatsvinden. Bij gebrek aan geschikte manieren
om de overbelasting te beheersen, en deze snel te bestrijden (als die al plaats
gevonden heeft), zal de overbelasting lange tijd aanhouden. Dit zal aanleiding
geven tot onaanvaardbare vertragingen en hoge blokkeringkansen voor serviceaanvragen. Derhalve is het van groot belang dat het netwerk beschikt over
algoritmen die kritische netwerkonderdelen kunnen beschermen tegen
overbelasting, oftewel algoritmen voor congestion control.
Het eerste hoofdonderwerp van dit proefschrift is netwerk schaalbaarheid. Een
methodologie voor het modelleren en kwantitatief analyseren van
schaalbaarheid wordt geïntroduceerd en toegepast bij het evalueren van een
prototype Breedband Intelligent Netwerk (B-IN) dat werd ontwikkeld in de
Europese “ACTS” projecten “INSIGNIA” en “EXODUS”.
Het tweede hoofdonderwerp van dit proefschrift is congestion control in
netwerken. Nieuwe algoritmen voor congestion control worden voorgesteld
voor hetzelfde B-IN prototype zoals ontwikkeld in de “ACTS” projecten
“INSIGNIA” en “EXODUS”. Belangrijke kwalitatieve criteria worden
geïdentificeerd voor de evaluatie van deze algoritmen, en een uitgebreide
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prestatieanalyse door middel van experimenten wordt uitgevoerd om aan te
tonen dat deze algoritmen doeltreffender en beter zijn in vergelijking met
andere bestaande algoritmen voor congestion control.
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