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Abstract 

Demands from users of future generation networks will 

include seamless access to services across multiple 

wireless access networks. Handsets and laptops will 

typically be equipped with several network interfaces and 

have enough computing power and battery capacity to 

connect to several access networks simultaneously within 

and over administrative domains in a multi-homed 

manner. 

 

Existing technologies and solutions solve parts of the 

problems raised in such a scenario. However, a 

remaining important research challenge that still needs 

to be solved is to find an optimal mobility management 
solution offering terminal mobility as well as session, 

service, and personal mobility. Furthermore, a uniform 

and scalable mechanism for quality of service  

provisioning needs to be defined and integrated in an 

overall architecture offering differentiated handling of 

real-time and non real-time flows. The architecture will 

be based on the Internet Protocol as its least common 

denominator, but there are still a lot of research 

questions to be answered. 

 

This article surveys existing solutions and outlines future 

work in the area of cross-layer designed mobility 
management solutions and integrated quality of service 

support using a cross-layer design and policy-based 

approach. 

 

Keywords: Mobility management, heterogeneous net-
working, vertical handovers, service continuity, policy-
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1. Introduction 

The introduction of 2G, 2.5G, and 3G wireless systems 
during the 1990’s and early 2000’s has been very 
successful. Current users have the possibility to make 
phone calls and stay reachable almost all over the globe. 
The additional packet data services, providing an increas-
ingly bit-rate, have made those wireless networks even 
more popular even if mobile Internet services have not 
really taken off yet. 
 
However, the next step in this wireless evolution will, 
most likely, incorporate simultaneous usage of multiple 
access networks, both within and over administrative 
domains. A global rollout of one new single radio access 
technology is not foreseen because of various needs in 
different parts of the world, an unaligned distribution of 

radio spectrum, and network operators protecting their 
old investments. 
 
There will rather be a variety of existing and new 
wireless access technologies cooperating in delivering 
services to the users. This development is leading us into 
the field of heterogeneous networking where multiple 
access networks (UMTS, WLAN, WiMAX, and coming 
radio access technologies) are simultaneously used. 
Further more, this introduces new interesting and 
demanding research problems to solve around integrated 
mobility management and quality of service support. 
 
The rest of the paper is organized as follows: Section 2 
describes common mobility management schemes at the 
network, transport, and application layers. Section 3 
describes quality of service problems in a heterogeneous 
networking environment. Section 4 describes a policy-
based networking architecture and how it can be applied 
to mobility management. Section 5 surveys related work, 
industry-led initiatives, and standardization work in the 
area. Section 6 discusses the findings and outlines future 
work. 
 

2. Mobility types and mobility management schemes 

Besides terminal mobility which is basically what is 
delivered by today’s wireless networks future users will 
demand session, service, and personal mobility. Session 
mobility refers to a seamless transfer of media of an 
ongoing communication session from one device to 
another. Service mobility allows users to maintain access 
to their services even while moving or changing devices 
and network service providers. Personal mobility allows 
addressing a single user located at different terminals by 
the same logical address. 
 
Mobility management consists of two fundamental 
operations: handoff and location management [1]. 
Handoff introduces a number of questions, notably how 
to determine the timing of the handoff, the decision on 
what access network to transfer the traffic to (network 
selection), and how to migrate existing connections 
smoothly. Location management is the mechanism for 
locating the mobile node (MN) or a user in order to 
initiate and establish a connection. 
 
Users of heterogeneous networks with multiple access 
networks included need a mobility management solution 
at layers above the data-link layer in order to leverage all 
available technologies at a certain moment and a certain 
place. Today there are solutions available at the network 
layer, the transport layer, and the application layer. 
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2.1 Mobility management at the network layer 

One of the basic challenges to deal with when 
introducing mobility management at the network layer is 
that network layer addresses not only are used to 
identifying hosts but also to finding routes between hosts 
on the Internet. 
 
Handling mobility management at the network layer has 
several advantages since applications do not need to be 
aware of mobility. If the network layer handles mobility 
management entirely, applications can, in theory, be used 
as if the user was running the application in a fixed 
environment since the user is reachable through a fixed 
IP address. The network layer is extended with a suitable 
mobility management module taking care of the delivery 
of packets to the user’s current point of attachment to the 
Internet. This mobility management solution works both 
for connection oriented flows (i.e. TCP connections) and 
connection less flows (i.e. UDP traffic). 
 
The most well-known example of mobility management 
at the network layer is Mobile IP (MIP) which is defined 
both for IPv4 [2] and IPv6 [3]. 
 
MIP makes use of a mobility agent located in the home 
network, a home agent (HA), and, in MIP for IPv4, a 
mobility agent in the visited network, a foreign agent 
(FA). The HA is a specialised router responsible for 
forwarding packets aimed for the end-user at the MN. 
The MN is assigned a home address (HoA) in the same 
subnet as the HA. The FA is responsible for assigning a 
care of address (CoA) for the MN and forwarding packets 
for the MN. The HA holds a binding cache with 
mappings of HoAs to CoAs. The MN can also use a co-
located address CoA. In that case, the MN acquires an IP 
address using regular mechanisms like DHCP and is not 
dependent on the existence of an FA in the visited net-
work. 
 
Packets are transported from the originating host, the 
correspondent node (CN), to the HA and then tunnelled 
through an IP tunnel using IP in IP encapsulation to the 
MN (possibly via the FA). The MN continually sends 
binding update (BU) messages to the HA indicating its 
CoA. If a new CoA is indicated in the BU message, the 
HA updates the binding cache. The HA returns binding 
acknowledgment (BA) messages to the MN. Packets in 
the direction from the MN to the CN can be sent directly 
to the CN. In MIPv6 route optimization techniques also 
exist enabling the CN to send packets directly to the MN. 
Thus, all packets do not need to travel through the HA. 
 
MIP has some drawbacks with handover latencies, 
introduction of tunnelling overhead, and dependency of 
mobility agents being the most severe. Several extensions 
to MIP exist, including fast handovers for MIPv6 
(FMIPv6) [4] and hierarchical MIP (H-MIP) [5]. Both 
address the problem with handover latencies where 
packets typically are lost and the MN is not able to send 
packets for a period of time. 
 
FMIPv6 enables an MN to provide the new access point 
and subnet prefix information to the current access router 
in a fast binding update (FBU) message. 
 

 
 

Figure 1: Reference scenario for fast hand-overs 

 
The previous access router (PAR) sends a hand-over 
initiate (HI) message to the new access router (NAR) 
which answers with a handover acknowledge (Hack) 
message to the PAR. A fast binding acknowledgment 
(FBack) message is sent both to the MN and the NAR. 
Packets are forwarded from the PAR to the NAR. The 
MN sends a fast neighbour advertisement (FNA) message 
to the NAR when the connection is migrated to it. This 
signaling scheme is referred to as predictive. 
 
A reactive version of this hand-over scheme is also 
available where the MN sends an FNA message to the 
NAR which sends an FBU message to the PAR, which, in 
turn, replies with an FBack message to the NAR. Packets 
are forwarded from the PAR to the NAR in this version 
also. 
 

 
 

Figure 2: FMIPv6 signaling (predictive vs reactive) 

  
H-MIP introduces mobility anchor points (MAPs) as a 
new node type being basically a local HA. Information 
about MAPs is delivered to MNs through router 
advertisements. If there are multiple MAPs available it is 
up to the MN to decide to which MAP to connect to. It 
may also decide to connect to more than one MAP 
simultaneously. The MN sends a local BU message to the 
MAP with separate flags set in order to inform the MAP 
it has formed a regional CoA (RCoA). This solution is 
also beneficial from a location privacy standpoint as only 
the RCoA is sent in BU messages from the MN to the HA 
and CNs. 
 

 
 

Figure 3: H-MIP architecture 

 
Evaluations being performed combining FMIPv6 with H-
MIP have shown good results when coming to reduction 
of handover latencies [6]. 



The possibility to register more than one active CoA to 
the HA and to CNs for a given HoA, often referred to as 
M-MIP (multi-homed MIP), is described in [7]. By the 
introduction of a binding unique identification (BID) 
number for each binding cache entry, multi-homing 
support is added to MIP. 
 
New initiatives in the area of network-layer mobility 
management include development of an Internet Key 
Exchange (IKE) Mobility and Multi-homing Protocol 
(MOBIKE) [8, 9], basically being a multi-homing exten-
sion to IKE. A mobile virtual private network (VPN) 
client could use MOBIKE to keep the connection with 
the VPN server active while changing IP addresses. 
 
In addition, the Host Identity Protocol (HIP) [10], is also 
proposed. HIP separates end-point identifier and locator 
roles of IP addresses and introduces a new layer between 
the network and transport layers. A new name space in 
addition to the IP address and DNS name spaces is also 
introduced. Not being deployed to a large extent, this 
approach is, from a theoretical view point at least, 
promising and interesting. However, new layers in the 
network stack have until now not been successfully 
introduced in real-world deployments. 
 
A serious drawback of network-layer mobility manage-
ment schemes is the lack of support for session, service, 
and personal mobility. This has made research teams to 
seek for solutions on higher layers. 
 
2.2 Mobility management at the transport layer 

One part of the research community suggests handling 
mobility management at the transport layer [11]. 
 
The Stream Control Transmission Protocol (SCTP) [12] 
is an end-to-end, connection-oriented protocol that 
supports transport of data in independent sequenced 
streams. It supports multi-homing which makes it 
interface redundant. Furthermore, SCTP combines the 
datagram orientation of UDP with the sequencing and 
reliability of TCP. 
 
Cellular SCTP (cSCTP) [13] is an extension to SCTP 
making hand-overs smoother by sending data on multiple 
paths during handover. Location management in cSCTP 
can be handled by using a SIP user agent (see section 2.3) 
running at the application layer at both the MN and the 
CN. 
 
MSOCKS [14] is yet another architecture for transport 
layer mobility management. MSOCKS is built on top of 
the SOCKS protocol for firewall traversal and uses a 
proxy server between the mobile client and the server. A 
connection identifier is used for tracking sessions 
between the mobile client and the proxy. The server does 
not need to be mobility aware. 
 
The most notable problem with handling mobility 
management at the transport layer is the need for 
modifications of well established TCP-based applica-
tions. 
 

2.3 Mobility management at the application layer 

The above mentioned problems with handling mobility 
management at the network and transport layers have led 
researchers to seek solutions for mobility management at 
higher layers. Descriptions of mobility management by 
the introduction of a separate mobility layer above the 

transport layer exist in the literature [15]. As mentioned 
before, adding new layers have not been a popular step 
previously in the Internet history. 
 
However, the idea of handling mobility management at 
the application layer using the session initiation protocol 
(SIP) [16] as mobility management protocol is one of the 
most popular idea in current research. 
 
SIP is an end-to-end signaling protocol designed for 
initiating, maintaining, and terminating sessions on the 
Internet, mainly targeted for multimedia applications, but 
suitable for any type of session-oriented application. In 
addition to the client side, where the SIP user agent (UA) 
resides, SIP makes use of three types of servers: SIP 
proxy servers, SIP redirect servers, and SIP registrars. 
SIP messages are carried both on top of TCP and UDP 
and are routed from endpoint to endpoint through a chain 
of servers. The session description protocol (SDP) is used 
for describing sessions, including IP addresses, port 
numbers, codecs, etc. SIP has inherited structures from 
both SMTP and HTTP making it easier to develop and 
deploy light-weight implementations when combined 
with email and web client software. It should also be 
mentioned that SIP is designed for handling both pre-
session mobility management and mid-session mobility 
management. One of the first proposals of using SIP for 
mobility management was published in [17]. 
 
SIP has become the state-of-the-art protocol for signaling 
in both IP telephony and other types of multimedia 
applications. SIP is also the core protocol of 3GPP IP 
Multimedia Subsystem (IMS) (see section 5.1), making 
its deployment to real applications even faster.  
 
SIP has, however, some drawbacks due to its placement 
in the layered protocol hierarchy. SIP can not, for 
example, do anything to broken TCP connections due to 
changes of network layer addresses at handovers. 
Additionally, if SIP is to be used as a general mobility 
management solution, already existing applications need 
to be rewritten completely in order to be mobility-aware. 
Also, there exist several variants and versions of SIP 
making global deployment a serious problem to consider 
carefully. 
 
2.4 Mobility management using a cross-layer design 

As described in the previous sections, there are pros and 
cons for handling mobility management at each layer. A 
hot topic in current research is therefore cross-layer 
designed solutions for mobility management. 
 
However, cross-layer design is seen by some researchers 
as violating the basic principles of the layered network 
stacks like OSI reference model and the TCP/IP protocol 
suite. Typical violations include creation of new 
interfaces (layer N is not only capable of communicating 
with layer N+1 and layer N-1), merging of adjacent layers 
into a new super layer, design coupling without new 
interfaces, and vertical calibration (or joint tuning) across 
layers [18]. Furthermore, implementations typically 
include direct communication between layers, a shared 
database across the layers, or completely new 
abstractions. 
 
Various examples of cross-layer designed solutions for 
mobility management exist. In [19] a topology-aided 
cross-layer fast handoff design is proposed. A large 



number of proposals on combinations of MIP and SIP are 
present [20, 21, 22]. 
 
Since it is very hard to make a single layer responsible 
for mobility management some kind of cross-layer 
designed solution will be needed. 
 

3. Quality of Service (QoS) support in IP networks 

The Internet was originally designed for stationary, non 
real-time applications like email, remote login, and file 
transfer applications. Routers on the Internet basically 
treated all packets equally resulting in a single uniform 
best effort based way. When real-time applications like 
voice over IP (VoIP), video conferencing, and networked 
games started to be deployed over the Internet, the need 
for a differentiated handling of packets emerged. 
 
The two most commonly used and discussed categories 
of quality of service (QoS) provisioning schemes are 
Integrated services (IntServ) and Differentiated Services 
(DiffServ). 
 
IntServ [23] handles flows individually and reserves 
resources on a specific flow’s path prior to the 
transmission of payload traffic. IntServ basically installs 
a (soft) state at each router along the path. The individual 
handling of each flow makes this approach fine granular. 
However, the installation of state in each router makes it 
non-scalable in core networks and violates one of the 
basic principles of Internet technologies of having 
stateless routers and to push the complexity to end hosts 
and edge routers. 
 
DiffServ [24, 25, 26] takes another approach, namely by 
using the type of service (ToS)/traffic class field in the IP 
header of all packets. Six (6) bits of the ToS/traffic class 
field were redefined as the differentiated services code 
point (DSCP) giving the opportunity to end-systems and 
edge routers to mark packets with appropriate priority 
classes. Routers respond to those markings on a per-hop 
basis without the need to negotiate QoS commitments or 
installing states leading to a more scalable and robust 
solution. 
 
A third variant of handling QoS is to use the existing best 
effort services and to let the application itself adapt to the 
variations in network conditions. Changes in throughput, 
packet loss rate, delay, and delay jitter need to be handled 
smoothly by such an application. Changing codecs, 
sending real-time multimedia data at lower speeds, or 
making use of cached data are common workarounds 
today. When multiple access networks are available, yet 
another idea is to switch to a new access network with 
better conditions. 
 
Although not originally designed for being a QoS 
provisioning solution, the Multi-protocol Label Switching 
(MPLS) [27] technology can also be used as a QoS 
enabler. 
 
3.1 Details of the DiffServ model 

As indicated above, DiffServ maps multiple flows to 
aggregate service levels. At each router the DSCP value 
is mapped to a per-hop behaviour (PHB), being expedited 
forwarding (EF; DCSP value 101110), assured 
forwarding (AF; DSCP values in table 1 below) divided 
into four service classes (high, medium, normal, and low) 
or best effort (BE; DSCP value 000000). 

 Class 1Class 1Class 1Class 1    Class 2Class 2Class 2Class 2    Class 3Class 3Class 3Class 3    Class 4Class 4Class 4Class 4    

Low Drop PrecLow Drop PrecLow Drop PrecLow Drop Prec    001010 010010 011010 100010 
Medium Drop PrecMedium Drop PrecMedium Drop PrecMedium Drop Prec    001100 010100 011100 100100 
High Drop PrecHigh Drop PrecHigh Drop PrecHigh Drop Prec    001110 010110 011110 100110 
 
Table 1: Recommended DSCP for AF (according to [28]) 

 
EF is intended to emulate a virtual leased line. AF is a 
better than best effort based traffic class. 
 
A DiffServ router contains four basic elements: a 
classifier, a traffic conditioning mechanism, queue 
management, and a packet scheduler. The traffic condi-
tioner is divided into a marker, a meter, and a (possibly 
combined) shaper/dropper. 
 

 
 

Figure 4: DiffServ node architecture 

 
Service-level agreements (SLAs) are signed between 
users and network operators and between neighbouring 
network operators exchanging traffic. An important part 
of an SLA is the traffic conditioning agreement (TCA) 
which is used by the meter component in the traffic 
conditioner to check if the received traffic is within the 
limits or not. 
 
3.2 Details of the IntServ model 
IntServ specifies a fine-grained QoS architecture offering 
a per-flow behaviour end-to-end. Individual reservations 
are made by applications and propagated to the IntServ-
aware network of routers and finally delivered to the 
receiver’s end system. Reservations are made by using 
the Resource Reservation Protocol (RSVP) [29] including 
PATH and RECV as the most important messages. 
 
PATH messages are sent from the sending host at least 
every 30 seconds installing or maintaining soft states at 
routers along the path. RECV messages are sent from the 
receiving host to the sending host in the opposite 
direction with a request to reserve needed resources for 
the flow. Each node in the path can either accept or reject 
the request. 
 

3.3 Combination of IntServ and DiffServ models 

Taking the best features from IntServ and DiffServ 
respectively an architecture combining the two models 
has been proposed [30]. The basic idea is to use the 
IntServ model nearest each end-host and to use the 
DiffServ model in the core network and to view the 
DiffServ network as a network element in the total end-
to-end path. Both sending and receiving hosts are 
assumed to use the RSVP protocol to indicate QoS 
requirements. 
 

 
 

Figure 5: IntServ over DiffServ architecture 

 



Two realizations of the framework exist. In the first, 
resources within the DiffServ network are statically 
provisioned and no RSVP aware nodes reside in that part. 
In the second, resources within the DiffServ network are 
dynamically provisioned and some nodes may participate 
in the RSVP signaling. 
 
In the first case edge routers in the IntServ network apply 
admission control based on local resource availability and 
on customer defined policy. The border routers in the 
DiffServ network act as the admission control agents to 
the DiffServ network. PATH messages are ignored by 
routers in the DiffServ network and forwarded 
transparently along the path to the receiver. 
 
In the second case border routers and possibly other 
routers in the DiffServ network take part in the RSVP 
signaling. However, routers in the DiffServ network 
classify and schedule traffic in aggregated form based on 
DSCP. The control plane of such routers is handled 
through RSVP, but the data plane is of DiffServ type. 
 
3.4 Approaches for measuring QoS 
For measuring QoS, current research has focused on user 
perceived QoS (PQoS) [31] where the basic idea is to 
focus on the end-user’s perception of the quality for a 
certain end-to-end service rather than focusing on a set of 
pre-defined network parameters. Both subjective and 
objective methods exist in this field. 
 
Subjective methods are, in a way, the most accurate way 
of measuring PQoS since they represent the user 
experience in a direct way. The Mean Opinion Score 
(MOS) is the most used type of a subjective method. The 
drawback with such methods is that it requires much 
resource to perform tests since automation is not possible. 
 
Objective methods are easy to perform automatically. 
One sub class of objective methods is intrusive measures 
where two signals are compared, the original (reference) 
signal and the one being transported over the network 
(distorted). Perceptual evaluation of speech quality 
(PESQ) is one important example of this sub class. 
Another sub class is non-intrusive measures. No 
reference signal is needed, which makes such measures 
interesting in real-time scenarios. The ITU E-model and 
the pseudo subjective quality assessment (PSQA) are of 
this kind where the E-model is a set of formulas pre-
defined while the PSQA uses a training algorithm to map 
network parameters into PQoS values. 
 
Currently, there are interesting proposals including to use 
RTCP extended reports (RTCP XR) data for continuously 
measuring the user perceived speech quality in VoIP 
applications [32]. When coming to the user-perceived 
performance of mobile multimedia applications, such 
end-to-end approaches for QoS measurements are very 
promising. On the other hand, there are a lot of research 
challenges when coming to delivery of QoS provisioning 
at the network layer in a uniform and scalable way. 
 
4. A policy-based networking architecture 

Policy-based networking [33] is a popular way of 
automating network management. Policies typically 
describe configurations, traffic classification, and service 
levels. They often encode high-level goals and 
requirements for network management and had, at least 
initially, a network-centric approach. QoS provisioning 
and IP security handling are the two most common 

application areas of the policy-based networking archi-
tecture. Four basic elements are defined in the 
architecture: a policy management tool, a policy 
repository (PR), a policy decision point (PDP), and a 
policy enforcement point (PEP). 
 

 
 

Figure 6: The policy-based networking architecture 

 
The policy management tool is used to input different 
policies. It converts high-level policies to low-level, 
detailed policy descriptions that can be applied to 
elements in the network. The PR is used to store policies, 
both high-level policies and low-level policies. Policies 
are normally stored in a standardized way, e.g. using the 
core information model for policy-based network 
management [34]. Policy rules are typically of the form if 
<condition> then <action>. 
 
The PDP is responsible for interpreting policies stored in 
the PR and converting them into a format understood by 
the PEPs it serves. The Common Open Policy Service 
(COPS) protocol is used for distribution of policy 
information from PDPs to PEPs. [35, 36]. 
 
The policy-based networking architecture has more 
recently developed so also terminals are part of the 
architecture. A Terminal PEP (TPEP) is added and allows 
the terminal to interact with the network in various 
situations like user registration (COPS-MU) and terminal 
registration (COPS-MT), as well as QoS negotiations 
[37]. 
 
Policy-based mobility management is an even newer 
concept in current research [38]. A mobility management 
policy rule could e.g. specify how handovers should be 
conducted. User preferences could be handled together 
with operator preferences in a dynamic way. A future 
mobile decision engine could e.g. take end-user and 
operator policies as semi-dynamic input, triggers from 
various layers as dynamic input, and service level 
agreements as static input. 
 

 
 

Figure 7: A future mobile decision engine 

 
The idea of letting the network and the MN cooperate in 
various types of decision making using a policy-based 
networking architecture for mobility management will, 
most likely, be of high interest when designing an overall 
architecture for mobile multimedia applications. 



5. Related work, industry-led initiatives, and 

standardization efforts 

The telecommunications industry is currently transform-
ing its businesses and is undergoing big changes. 
Initiatives like Next Generation Networking (NGN), 
Fixed Mobile Convergence (FMC), Voice-Data Integra-
tion, and the All-IP Network (AIPN) are all activities to 
enabling delivery of a wide range of services over multi-
access networks. The shift from having dedicated circuit-
switched networks for real-time applications (like 
telephony) and packet-switched networks for non real-
time applications to having a single network for all types 
of applications is slowly becoming a reality. The Internet 
protocol will be the least common denominator in future 
network architectures and various types of overlay 
techniques will be used [39, 40, 41]. 
 
5.1 Third-generation Partnership Project (3GPP, 

3GPP2) 

In the field of multimedia distribution in heterogeneous 
networking environments, the Third Generation Partner-
ship Project (3GPP)-led standardization of the IP Multi-
media Subsystem (IMS) [42] and the 3GPP2-led 
standardization of the Multimedia domain (MMD) [43] 
are promising efforts in terms of defining a separation of 
service logic and service infrastructure from the physical 
infrastructure and different access networks [44, 45]. 
Working together with the IETF the basic architectural 
idea has been to re-use as much as possible from existing 
Internet protocols and solutions and to make IMS-
specific amendments where needed. 
 
By introducing an overlay network of SIP servers, named 
Call Session Control Functions (CSCFs) and standard-
izing AAA functions implementing the DIAMETER 
protocol 3GPP and 3GPP2 are contributing well to the 
vision of creating seamless mobile multimedia 
applications. Further on, the support for policies and 
Quality of Service provisioning, as well as standardized 
codecs and interworking technologies for communication 
with legacy circuit switched networks (like the PSTN) are 
promising. 
 

 
 

Figure 8: IMS architecture 

 
The straight-forward approach for media distribution with 
real-time transmission protocol (RTP) [46] over UDP 
was also a simple, but wise, step. First being developed 
as an extension to the emerging 2G/3G networks, IMS is 

today supporting various types of access networks, both 
wireless like WLAN and wired DSL. 
 
The CSCF is divided into three categories of SIP servers: 
the Proxy-CSCF (P-CSCF), the Interrogating-CSCF (I-
CSCF), and the Serving-CSCF (S-CSCF). The P-CSCF is 
the first point of contact between the terminal and the 
IMS network. The I-CSCF is a SIP proxy located at the 
edge of an administrative domain. It is listed in the DNS 
records of the domain and interfaces to the central 
repository and routes the SIP request to the appropriate 
destination. The S-CSCF is the central node of the 
signaling plane and is basically a SIP server, but also acts 
as a SIP registrar, meaning it maintains a binding 
between the user’s IP address and its SIP address. It also 
interfaces to the central repository. 
 
The Home Subscription Server (HSS) is the central 
repository for user-related information. It is, technically, 
an evolution of the Home Location Register (HLR) and 
implements the DIAMETER protocol with an IMS-
specific application. The application server (AS) is a SIP 
entity that hosts and executes services. It can also 
interface to the HSS using the DIAMETER protocol.  
 
Mixing media streams and transcoding between different 
codecs are tasks performed by the Media Resource 
Function. That function is divided into the Media 
Resource Function Controller (MRFC) acting as a SIP 
User Agent controlling the Media Resource Function 
Processor (MRFP) over an H.248 interface. The Breakout 
Gateway Control Function (BGCF) is a SIP server 
providing routing functionality based on telephone 
numbers. The signaling gateway (SGW) interfaces the 
signaling plane of a circuit-switched network (e.g. the 
PSTN). The Media Gateway Control Function (MGCF) is 
the central node of the PSTN gateway implementing 
protocol conversion from SIP to an IP-based call-control 
protocol in the PSTN. It also controls the resources in the 
Media Gateway (MGW) over the H.248 protocol. 
 
A concept borrowed from 2G is to have a home and a 
visited network. Infrastructures not owned by the 
subscriber’s operator are called visited networks. The P-
CSCF could either be located in the home or in the 
visited network.  
 
Despite a well coordinated standardization work between 
3GPP and 3GPP2, IMS and MMD differs when coming 
to mobility management solutions (handled by GPRS 
Tunneling and Mobile IP respectively), requirements on 
IPv6 (mandatory and optional respectively), and default 
codecs (Adaptive Multi Rate, AMR, and Enhanced 
Variable Rate CODEC, EVRC, respectively). The 
introduction of amendments to the SIP standards 
introduces interoperability problems with native SIP 
applications. Further on, the issue of handling vertical 
handovers efficiently is currently covered in neither IMS, 
nor MMD. 
 
However, support for mobility between multiple 
heterogeneous access networks in 3GPP is handled in the 
System Architecture Evolution (SAE) project. The 
objective of that project is to develop a framework for a 
future 3GPP system with higher data rates, lower latency, 
and packet-optimized supporting multiple radio access 
technologies. Changes in the radio access network are 
handled in a separate parallel project, the Long-term 
Evolution (LTE) project. The focus of the SAE project is 



on the packet-switched domain with the assumption that 
voice services are supported in this domain and that the 
circuit switched domain is removed. The SAE project is 
basing its solutions on the idea of a fully IP network, a 
simplified network architecture, and distributed control. 
 
Scenarios and architecture proposals for a future evolved 
packet core network (EPC) of the 3GPP system include a 
Mobility Management Entity (MME), a User Plane Entity 
(UPE), a 3GPP anchor, and an SAE anchor. The MME 
manages and stores user equipment (UE) context, such as 
UE mobility state e.g., generates temporary identities, 
and authenticates users. The UPE terminates the 
downlink data path and triggers/initiates paging when 
downlink data arrive for the UE. The 3GPP anchor is a 
mobility anchor between 2G/3G and LTE (the evolved 
radio network), while the SAE anchor is the mobility 
anchor between 3GPP and non 3GPP access networks. 
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Figure 9: Possible future SAE architecture 

 
For the inter 3GPP non-3GPP mobility a number of 
solutions are considered, both host based and network 
based protocols. MIPv4, MIPv6, and dual stack versions 
of MIP (DSMIPv6) [47] are candidates for host based 
protocol solutions, while NetLMM [48], PMIPv4 [49], 
and PMIPv6 [50] are network based protocols candidates. 
 
The S1 interface provides access to radio resources for 
the transport of user plane and control plane traffic. S2 
defines the interface for mobility support between access 
networks other than LTE and the Inter AS anchor 
(IASA). (Interface S2a is providing access for non 3GPP 
access networks, while interface S2b provides access for 
a 3GPP access network like WLAN to the evolved Packet 
Data Gateway, ePDG.) S6 defines the interface to the 
HSS for transferring subscription data for user access to 
the evolved system (i.e. an AAA interface). S7 is the 
interface to the Policy and Charging Rules Function 
(PCRF) for transfer of QoS policy and charging rules. 
SGi is the reference point between the IASA and the 
packet data network. (S3 and S4 are interfaces to legacy 
radio access and core networks. That part is not present in 
figure 9 above.) 
 
5.2 Unlicensed Mobile Access (UMA) 

Another interesting industry-led initiative is Unlicensed 
Mobile Access (UMA) [51] providing roaming and hand-
over services for users between GSM/UMTS, WLAN, 
and Bluetooth networks. By the introduction of a UMA 
Network Controller (UNC) users can connect to and be 

reachable via a GSM/UMTS network through e.g. a 
residential WLAN access point and a broadband IP 
network connection.  
 

 
 

Figure 10: UMA architecture 

 

The UNC appears to the core network as a base station 
subsystem (BSS). It includes a security gateway (SEGW) 
providing mutual authentication, encryption and data 
integrity for signaling, voice and data traffic. The Up 
interface is defined between the mobile station (MS) and 
the UNC, the A interface is defined for circuit switched 
services, and the B interface is defined for packet 
switched services. 

 

 
 

Figure 11: UMA functional architecture 

 

Voice calls are transported over RTP/UDP between MS 
and UNC and the Adaptive Multi-Rate Full rate (AMR 
FR) codec is used. UMA also supports the short message 
service (SMS), for both circuit switched (GSM based), 
and packet switched (GPRS based) SMS services. 
 
UMA is a mobile-centric solution and covers only hand-
overs in the above mentioned access network techno-
logies. It is basically a 2G solution lacking support for 
video sessions e.g. The specifications were transferred to 
3GPP in 2005 and are now part of 3GPP release 6 being 
referred to as Generic Access Network (GAN). The UNC 
is therefore today, not surprisingly, called Generic Access 
Network Controller (GANC). 
 
5.3 Media Independent Handover Services 

The IEEE is currently working on standardization of 
media independent, vertical, hand-over services among 
802 and non-802 networks under the name of 802.21 
[52]. By introducing a media independent handover 
function (MIHF) offering event, command, and 
information services users may benefit from help with 
network discovery, network selection, and hand-over 
negotiation as well as data-link layer and network layer 
connectivity. Media independent event services (MIES) 
provide triggered events corresponding to changes at the 
data-link layer. Media independent command services 
(MICS) enable users to control the data-link layer 
behaviour relevant to hand-overs and mobility. Media 
independent information service (MIIS) provides an 
information model of neighbouring networks and their 
capabilities. 



In essence the MIHFs work in between the network and 
data-link layers making the network layer to subscribe to 
changes in the data-link layer and the network layer to 
control various parts in the data-link layer. In addition it 
also forms a basis for structured information sharing. The 
MIHF communicates with the lower and upper layers 
through well-defined service access points (SAPs). 
Furthermore, a MIHF protocol is defined as well as 
necessary amendments to 802.11, 802.16, IETF, and 
3GPP/3GPP2 standards. 
 

 
 

Figure 12: 802.21 Media Independent Handover Function 

 

IEEE 802.21 enables co-operative hand-over decision 
making both in terminal- and network-controlled hand-
overs. The IEEE 802.21 work is very promising, not the 
least due to its cross-layer design. However, since the 
work is not yet finalized, the standard still waits to be 
published and implemented in real-world solutions. 
 
5.4 IETF activities 
The Internet Engineering Task Force (IETF) has a 
number of working groups in the field: mip4 for IP 
mobility (IPv4) and mip6 for IP mobility (IPv6) having 
delivered a number of standard tracks RFCs for IP 
mobility. 
 
mipshop is an IETF working group targeted towards IP 
mobility focusing on performance, signaling and handoff 
optimization and has published experimental RFCs for 
hierarchical MIPv6 (H-MIPv6) and for fast hand-overs in 
MIPv6, FMIPv6. See section 2.1 for details. An 
informational RFC on fast hand-overs for 802.11 
networks has also been published [53]. 
 
monami6 is another IETF working group targeted 
towards mobile nodes with multiple interfaces in IPv6. 
More specifically, the group deals with questions around 
simultaneous differentiated use of multiple access 
technologies.  Furthermore, the group works on flow and 
binding policies exchange between a MN and its HA. 
One Internet Draft on registration of multiple care-of 
addresses registration is published [54]. Soliman et al. 
proposes individual handling of flows [55]. 
 
nemo is yet another IETF working group targeted towards 
network mobility (NEMO), being defined as entire 
networks being mobile typically including one or more 
mobile routers (MRs) connecting to the global Internet. 
The group has published a standard tracks RFC for 
NEMO basic support protocol [56] basically being an 
extension to Mobile IPv6 allowing all nodes in the 
mobile network to be reachable while moving around and 
allowing session continuity for those nodes. 

IETF’s activities in the QoS area are scattered among 
many working groups. However, the nsis working group 
is targeted towards the development of protocols for sig-
naling information about a data flow along its path in the 
network. Basically such signaling is aimed at installing or 
manipulating state in the network. The working group has 
re-used the protocol mechanisms of RSVP, but has 
suggested a simpler and more general signaling model in 
a number of informational RFCs, most notably the 
framework for Next Steps in Signaling (NSIS) [57]. A 
general transport protocol and application protocols for 
middle box signaling (like network address translators, 
NATs and firewalls) as well as for QoS are planned to be 
delivered soon as standard tracks RFCs. 
 
netlmm is an IETF working group focusing on Network-
based Localized Mobility Management being defined as 
IP mobility management within an access network. 
Problem statement, goals, and security threats are cover-
ed in Internet Drafts [58, 59, 60]. NETLMM makes use 
of Proxy MIPv6 where the MN is not engaged in mobility 
signalling. A mobility proxy agent performs registration 
on behalf of the MN. 
 
5.5 Related work and other onging activities 

The global research community is heavily engaged in the 
area of finding solutions for future mobile multimedia 
application architectures. Beside those areas previously 
mentioned in this article hot research topics include 
offering location privacy, handling simultaneous 
mobility, and securing hand-over signalling.  
 

6. Discussion and future work 

4G is not yet fully defined, but it is around the corner. 
The areas presented in this article, including defining an 
optimal mobility management scheme, determining of 
how to deploy QoS support at the network layer in a 
heterogeneous networking environment, and making 
mobility management part of an overall policy-based 
networking architecture, will be central research 
challenges. 
 
Future work will include vertical handover handling as a 
central part. New and improved methods for measuring 
and comparing multiple access networks relative 
capacities that are efficient and scalable are needed. 
Further more work on decision processes for network 
selection and timing of hand-overs will be conducted. 
Finally co-operation of network-based and end system-
controlled models will be investigated. 
 
The vision of “Always Best Connected” presented in [61] 
is still valid. However, future users of mobile multimedia 
applications will demand timely services delivered any 
time, anywhere, on any device, service providers while 
network operators will keep their eyes on the total cost of 
ownership for delivering those services. Uniform and 
consistent management of future heterogeneous networks 
will be central to those companies. A suitable vision 
combining both the end-user perspective and the service 
provider’s perspective would therefore be “Always best 

served and managed”. 
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