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ABSTRACT

In an all-IP internetworked heterogeneous
environment, ongoing VoIP sessions from roam-
ing users will be subject to frequent vertical
handoffs across network boundaries. Ensuring
uninterrupted service continuity for these hand-
off calls requires successful session management
among the participating access networks. As
such, a mobility-aware novel interworking net-
work design (interconnecting UMTS and WLAN
over an IP-based common platform) [1] is pre-
sented in this article that facilitates VoIP session
management, including session establishment and
seamless session handoff across different net-
works. For comparison purposes, VoIP session
management is evaluated in terms of session
establishment, handoff delays, transient packet
loss, end-to-end traffic delays, and jitter value for
different voice codecs, which demonstrate satis-
factory and feasible results. In the event (e.g.,
network congestion, buffer overflow) that session
continuity cannot be guaranteed (also known as
outage) across network boundaries, this article
proposes an algorithm that compensates the user
by reducing the unit service charge of future ses-
sions (governed by the outage period) through a
noncooperative game-theory-based pricing
mechanism.

INTRODUCTION

Voice over IP (VoIP) has proven to be a spec-
tacular success, and one of the fastest growing
segments in the Internet and telecommunica-
tions industry. It has been a revolutionary alter-
native to the traditional telephony system due to
its optimal resource utilization and cost efficien-
cy. Although VoIP is well known for its capabili-
ties of supporting voice sessions over wireless
technologies such as high-data-rate wireless local
area networks (WLANSs) and wide coverage
third-generation (3G) cellular networks, its
behavior has not been sufficiently addressed in
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the current literature for interworked WLAN-
3G systems.

Since interworking affects the VoIP and other
3G cellular service access by a roaming user in a
hotspot area via the WLAN and vice versa [2],
this article investigates these behaviors in terms
of VoIP session establishment delays, vertical
handoff delays (with service continuity), tran-
sient packet losses, and end-to-end delays. A
detailed description of the interworking platform
is available in [1]. Unlike other existing inter-
working proposals [3], the proposed architecture
is capable of achieving session continuity during
a vertical handoff between WLAN and Universal
Mobile Telecommunications System (UMTS)
networks, thereby guaranteeing user satisfaction.
The novelty of this approach lies in its adoption
of the Third Generation Partnership Project’s
(3GPP) IP multimedia subsystem (IMS) archi-
tecture [4] for supporting real-time session nego-
tiation and management with additional controls
as inspired by [5, 6]. The IMS, as introduced in
UMTS Release 5 within its core network, com-
prises the required characteristics for controlling
real-time multimedia sessions and plays an
essential role in the provisioning of IP multime-
dia services.

The key contribution of this article therefore
lies in presenting an in-depth investigation of the
behavior and management of a VoIP session for
roaming users across network boundaries, and
proposing an appropriate design framework (not
previously explored) that incorporates the Ses-
sion Initiation Protocol (SIP) REFER method.
An OPNET-based simulation model is devel-
oped to analyze the VoIP session establishment
and vertical handoff delays from WLAN to
UMTS and from UMTS to WLAN, transient
packet loss during each handoff scenario, end-
to-end VolIP traffic delays, and jitter value for
popular voice codecs. Simulation results show
that the proper choice of voice codec and the
semantics of the vertical handoff mechanism sig-
nificantly improve the VoIP session management
performance. However, such provisioning is
incumbent on the availability of service connec-
tivity. In instances when the network experiences
dynamic link conditions such as congestion, link
failure, and buffer overflow, such an assumption
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fails to offer a comprehensive design architec-
ture. Since VoIP constitutes the minimum ser-
vice guarantee (among multiple service types,
e.g., background traffic, streaming multimedia)
during an outage period (¢), failure to offer ses-
sion continuity violates the service level agree-
ment (SLA), especially for differentiated
subscription classes such as gold, silver, and eco-
nomic (as expected in future all-IP networks
[7]). To atone for the SLA violation, a noncoop-
erative game-theory-based pricing mechanism is
incorporated in the design framework to derive
the equilibrium user compensation (cost reduc-
tion defined by the Nash equilibrium) across dif-
ferent service types. Each time the session
continuity in the interworking architecture is dis-
rupted, the pricing algorithm is invoked to com-
pensate the user for the service loss.

The remainder of this article is organized as
follows. We present an overview of the proposed
interworked architecture. This is followed by a
comprehensive description of the OPNET-based
networking simulator and analysis of the perfor-
mance results. The game-theory-based compen-
sation mechanism is presented next, followed by
some concluding remarks.

VoIP oVER INTERWORKED WLAN-UMTS

This section briefly introduces the underlying
WLAN-UMTS interworking mechanism and the
implementation of VoIP with specific attention
to its vertical handoff mechanism.

ARCHITECTURAL OVERVIEW

The WLAN-UMTS interworking platform consid-
ered in this article is illustrated in Fig. 1. One of
the primary design strategies of this model is that
the WLAN is coupled at the general packet radio
service (GPRS) gateway support node (GGSN) of
the UMTS core network. In fact the WLAN is
connected to the GGSN via a serving gateway
support node (SGSN) emulator, which connects
the WLAN as a separate radio network controller
(RNC) to the same UMTS network. Another
notable design consideration is that the IMS is
used for centralized session management, which
enables the UMTS core network to centrally
manage both terminal as well as session mobility
across heterogeneous networks. Interested read-
ers may refer to [1] for more specific and detailed
information on the architectural design.

As depicted in Fig. 1, the data flow that origi-
nates from the cellular interface of the source
mobile host (MH) gets routed via the SGSN and
GGSN to its destination. Regardless of the
adopted routing approach, the end-to-end data
flow bypasses the IMS network, which is specifi-
cally designed for session control signaling. Note
that signaling messages such as call setup, call
termination, and other session management
related functionalities are carried out by the
Internet Engineering Task Force’s (IETF’s) SIP
[8]. Unlike the end-to-end data flow, signaling
messages from the MH are routed via the call
session control functions (CSCFs) of the IMS.
When the MH requires to establish a session,
this request is always sent to the serving CSCF
(S-CSCF) of the home network via the proxy
CSCF (P-CSCF) of the visiting network. During

the exchange of IMS-SIP signaling (SIP signaling
within the IMS structure), both the SGSN and
GGSN act as routers by merely forwarding the
IMS-SIP messages.

VoIP SESSION ESTABLISHMENT

Prior to establishing a 3GPP-IMS controlled
data session (VoIP in this case), the MH is
required to perform a service registration func-
tion to update the IMS on its current location.
The MH acts as a SIP client and sends a SIP
registration message to the relevant S-CSCF via
the visiting P-CSCF and home I-CSCF. Follow-
ing the service registration and activation of the
Packet Data Protocol (PDP) context, the MH
becomes ready to establish a VoIP session. The
message sequence for negotiating a VoIP session
managed by the 3GPP IMS is illustrated in Fig.
2. Note that the message sequence flow in Fig. 2
corresponds to the data and signaling flow
depicted in Fig. 1.

As can be seen, the session establishment
procedure is initiated by a SIP INVITE message
sent from the UMTS interface of the source MH
(step 1). This initial message is forwarded from
the P-CSCF to the S-CSCF of the serving (home
or visiting) network to the destination. Next, the
destination responds with a 183 Session Progress
containing a Session Description Protocol (SDP)
answer (if the INVITE contains a request to fol-
low the precondition call flow model) with infor-
mation of media streams and codecs that the
destination is able to accept for this session (step
2). The acknowledgment for the reception of
this provisional response by a precondition
acknowledgment (PRACK) request follows (step
3). If the destination does not receive a PRACK
response within a determined time, it retrans-
mits the provisional response. When the PRACK
request successfully reaches the destination, a
200 OK response is generated by the destination
with an SDP answer (step 4). Next, an UPDATE
request is sent by the source containing another
SDP offer, in which the source indicates that the
resources are reserved at its local segment (step
5). Upon receiving this UPDATE request, the
destination generates a 200 OK response (step
6). Once this is done, the MH can start the VoIP
flow, and the session is in progress (via the
UMTS interface).

VoIP SessioN HANDOFF

As the network selection algorithm triggers the
WLAN interface, the need for a vertical handoff
mechanism arises for handing off an ongoing
VolIP session to the WLAN interface (or vice
versa). Furthermore, in order to ensure seamless
continuity of services, both terminal/IP and ses-
sion mobility must be addressed within this verti-
cal handoff framework. Therefore, the SIP
REFER method is chosen to exclusively handle
vertical handoff, which is capable of providing
both terminal and session mobility [9]. The basic
steps involved in the SIP REFER-based session
handoff process are illustrated in Fig. 2.

Here, the UMTS interface locally notifies the
WLAN interface with a SIP REFER request
(step 8) via the IMS. The REFER request con-
tains a Refer-To header line containing the des-
tination SIP uniform resource identifier (URI)
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and a Replaces header line identifying the exist-
ing session to be replaced by the new session.
Following this, the WLAN interface sends the
corresponding node (CN) an INVITE message
with the Replaces header received from the pre-
vious REFER request (step 10). Also, the new
IP address and port numbers are included in the
SDP body of this INVITE message. The receipt
of the Replaces header indicates that the initial
session is to be replaced by the incoming
INVITE request and hence should be terminat-
ed. Once the WLAN interface successfully estab-
lishes a session with the CN, it sends a NOTIFY
request to the UMTS interface updating the
final status of the REFER transaction (step 12).
This NOTIFY message contains the session
information of the newly established session,
allowing the UMTS interface to subsequently
retrieve the session (if so desired). Once the
data flow is established between the WLAN and
the CN, the UMTS interface tears down its ses-
sion with the CN (steps 15 and 16). Note that in
the event that the provided information in the
Replace header does not match any existing ses-
sion, the triggered INVITE does not replace the

— Data flow
”””” Signaling flow via UMTS interface (sequences 1-7-, 15-16)
= — Signaling flow via WLAN interface (sequences 10-11-, 13)

MH - Mobile host

CN - Corresponding node

GGSN - Gateway GPRS support node

SGSN - Serving GPRS support node

B2BUA - Back to back user agent

IMS - IP multimedia subsystem

P-CSCF - Proxy call session control function

I-CSCF - Interrogating call session control function
HSS - Home subscriber server

M Figure 1. The WLAN-3G cellular interworking architecture.

initial session and is processed normally. Thus,
any failed session handoff attempt cannot
destroy the initial session.

NETWORK MODELING
SIMULATION PLATFORM

In order to investigate the performance of VoIP
session management in the interworking frame-
work, a network simulation model is developed
using OPNET Modeler 11.5. Since OPNET’s
standard SIP components do not adhere to the
specifications of the 3GPP’s IMS model, sub-
stantial modifications are required. As such,
modifications are made to SIP proxy servers:
user agent server (UAS) to function as different
CSCFs, user agent client (UAC) processes to
communicate with modified UASs, IMS-SIP
based messaging and flow between the CSCFs,
roaming facility between multiple domains, and
facility for introducing process delay controls
(i.e., for messages sent between CSCFs and the
home subscriber server [HSS] queries). Thus, a
fully functional 3GPP IMS model for OPNET is
constructed and integrated with OPNET’s exist-
ing UMTS Special Module, capable of using
IMS-based SIP signaling for session manage-
ment. This newly developed 3GPP IMS model is
an enhanced version of the basic IMS signaling
model, which is currently available under the
contributed models library of the OPNET Uni-
versity Program [10].

Figure 3 illustrates the constructed simula-
tion scenario. In the proposed model a simple
WLAN is connected via an SGSN emulator to
the GGSN of the visiting UMTS network. The
PCSCF (WLAN) can be seen as a SIP back-to-
back user agent (B2BUA), which is capable of
interworking with the IMS-SIP and forwarding
SIP requests. The S-CSCF is the only IMS node
implemented in the home UMTS network. This
is because the I-CSCF is mainly used for the SIP
registration process, and it is assumed that both
UMTS and WLAN interfaces of the MH have
already been registered. The CN, which is a SIP
UAC, is connected to a destination IP network
via a public IP backbone. It is important to note
the assumptions made when obtaining these
results. Both the UMTS and WLAN belong to
different IP subnets, and IP addressing and
routing are statically assigned. Since there are
no multiple networks available (except for one
UMTS and one WLAN), the need for a network
selection algorithm has been eliminated. Hand-
off decisions are individually based on the signal
strength of the WLAN, to/from which the MH
either roams in or roams out.

As illustrated by Figs. 1 and 2, a SIP REFER-
based (or pure SIP-based) signaling and handoff
scenario is simulated. A series of VoIP connec-
tions are established for simulating VoIP session
establishment and vertical handoff delays. Five
different types of voice codecs are used for voice
traffic generatio: G.711 (data rate of 64 kb/s),
G.726 (data rate of 32 kb/s), GSM (data rate of
13 kb/s), G.729 (data rate of 8 kb/s), and G.723.1
(data rate of 5.3 kb/s). Of the above five codecs,
G.723.1, GSM, and G.729 are currently the most
widely used in GPRS and UMTS systems.
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Besides these, the generated voice packets are
considered to have a fixed IP header of 40 bytes,
which includes a 12-byte Real-Time Transport
Protocol (RTP) header, an 8-byte User Data-
gram Protocol (UDP) header, and a 20-byte IP
header. Beyond this, depending on the transmis-
sion medium, an additional overhead of 34 bytes
are added if the IEEE 802.11 medium access
control (MAC) layer is used, and a minimum
overhead of 6 bytes are added if the UMTS ter-
restrial radio access network (UTRAN) is used.
Furthermore, no header compression option is
considered at the UTRAN Packet Data Conver-
gence Protocol (PDCP) layer, no silence sup-
pression is used, and no playout buffer is used to
compensate for jitter.

SIMULATION RESULTS

The average session establishment and vertical
handoff delays for the above two scenarios can
be stated as follows. In the case of the SIP
REFER method, the average IMS-based VoIP
session establishment delays over the UMTS and
WLAN interfaces are 165 ms and 152 ms,
respectively, whereas the average vertical hand-
off delays for WLAN to UMTS and UMTS to
WLAN are 302 ms and 282 ms, respectively.

For comparison purposes, we also simulate
the network under a second scenario where the
SIP-ReINVITE method is incorporated as the
chosen mobility management mechanism. Since
SIP Re-INVITE only provides session handoff
and is incapable of providing IP/terminal mobili-
ty, a Mobile IP version 4 (MIPv4) home agent
(HA) needs to be introduced [11]. Results indi-
cate that the average session establishment delay
over the UMTS and WLAN interfaces for a
joint MIP-SIP mechanism are 179 ms and 166
ms, respectively. Also, the average vertical hand-
off delays for WLAN to UMTS and UMTS to
WLAN are 180 ms and 94 ms, respectively. It is
important to note that despite its relatively low
session establishment and vertical handoff
delays, substantial changes in the form of adding
a MIP HA at the UMTS core network are
required. This involves a total overhaul of
3GPP’s recommended mobility management
specifications, which makes its implementation
practically infeasible for the considered scenario
in Fig. 1. Interested readers are referred to [12]
for detailed descriptions of specific design con-
siderations and scenarios for using a combined
SIP-MIP approach.

The above results indicate close correlation
between the session establishment delays for
both scenarios (i.e., SIP REFER and SIP Re-
INVITE). However, there is a substantial differ-
ence between the session handoff delays of these
two cases. For example, the SIP REFER mecha-
nism experiences around 55 percent higher
handoff delay than the MIP-SIP mechanism.
This high vertical handoff delay of SIP REFER
method can be attributed to the relatively large
3GPP SIP message sizes and heavy application-
layer-based IMS latencies (e.g., HSS lookup, SIP
REFER-based message exchange, and routing
all SIP signaling via the home network). In con-
trast, SIP Re-INVITE only uses high overhead
IMS signaling for session handoff and uses
MIPv4 for terminal mobility management, which

UMTS Ul WLAN UI P-CSCF S-CSCF CN

1. INVITE i(Call ID"1)
12. 183 Session Progress

3. PRACK

NN LYY LY

14. 200 OK i
3 | 5. UPDATE ' R
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9. 902 Accepted
—

-

11. 200 OK

12. NOTIFY
13. ACK

A4

0. INVITE (replaces: Call ID:1)
14. 200 OK (NOTIFY) :
, 14. 200 OK (NG :

< Data transfer via UMTS user interface

S

15. BYE

Y

16. OK

B Figure 2. IMS-SIP-based VoIP session flow.

has a relatively smaller overhead. Such a reduc-
tion in signaling related latencies eventually
result in a relatively low handoff delay.

Figure 4a and Fig. 4b illustrate the transient
packet loss scenarios for WLAN-to-UMTS and
UMTS-to-WLAN handoff over different codecs.
The packet loss is observed by simulating a
break-before-make type handoff as described in
detail in [1]. As previously stated, since the SIP
REFER method incurs relatively higher vertical
handoff delay, it also incurs relatively higher
transient packet loss. This is very clearly illus-
trated in Figs. 4a and 4b. Furthermore, the com-
plicated structure of the UTRAN tends to
increase the session setup and vertical handoff
delays at the UMTS interface in contrast to the
rather simple WLAN, which eventually con-
tributes to relatively higher transient packet loss.
It is also expected that with other traffic (e.g.,
background traffic) present in the network, the
processing capability of a node is likely to dimin-
ish, resulting in an exponential increase of the
vertical handoff delay and packet loss.

Figure 5a, on the other hand, illustrates the
end-to-end delay metric investigation for WLAN
and UMTS interfaces. This is dependent on the
end-to-end VoIP signaling and data paths, the
codec, and the payload size of the packets. In
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system parameters,
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voice packet payload
length (depending on
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existing traffic load,
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=xd
APPLICATION
DEFINITION

PROFILE
DEFINITION

SJP B2BUA(WLAN)

Destination IP
network

M Figure 3. The OPNET simulation model.

fact, the delays from the endpoints to the codecs
at both ends, encoder (processing) delay, algorith-
mic delay, packetization delay, serialization delay,
queuing and buffering delay, and fixed portion of
the network delay yield the end-to-end delay for
the connection (i.e., WLAN or UMTS). Note that
neither SIP REFER nor SIP Re-INVITE has an
impact on this metric. Furthermore, longer packe-
tization intervals (sampling periods) result in cre-
ating relatively larger voice payloads. These
relatively large payloads with proportionately
smaller IP header overheads lead to better band-
width utilization. However, as the period of time
required for constructing a single packet increas-
es, the amount of time it takes for this packet to
reach the other end and be decoded increases as
well. Thus, it can be said that longer packetization
intervals may lead to higher latencies. This phe-
nomenon is demonstrated in the case of codec
G.723.1 (sampling period 30 ms) in Fig. Sa. Addi-
tionally, the fact that G.723.1 is a codec that
requires very high processor powers to provide
high-quality audio compression has also con-
tributed to its increase in end-to-end delay. Jitter,
the variation of interarrival delay, is another fac-
tor that affects the end-to-end delay, especially
during a vertical handoff (when the link capacity
changes, etc.). Figure 5b shows the selection of
different VoIP codecs in terms of jitter values.

It is evident from these simulation results
that the voice capacity over an interworked sys-
tem is a function of the system parameters,
transmission rate, voice packet payload length
(depending on the codec used), existing traffic
load, and sampling period. The G.723.1 and
G.729 codecs appear to have the worst end-to-
end delays. However, this can easily be over-
looked since they are significantly below the
International Telecommunication Union’s
(ITU’s) recommendation for one-way end-to-
end delay threshold of 150 ms. Furthermore,
G.723.1 and G.729 also have the lowest jitter
values. Conversely, G.711 and G.726 result in
relatively high transient packet loss and packet
delay variation during vertical handoff. Since
G.723.1 shows the lowest transient packet loss

and jitter, it can be selected as the most appro-
priate scheme for the considered framework.
However, these performance measures (for both
call setup and vertical handoff) are subject to
continuous service availability. To provide a
comprehensive design architecture, the inter-
working framework therefore needs to address
the outage period t (SLA violation) that ensues
from unpredictable network conditions such as
link failure, congestion, and buffer overflow. To
this effect, a game-theory-based pricing algo-
rithm is presented in the next section that com-
plements the design framework in offering fair
service provisioning.

NONCOOPERATIVE GAME-THEORY-BASED
OUTAGE COMPENSATION

Within the context of VoIP (basic service) outage
in the WLAN-3G interworking framework, SLA
violation of “always good connectivity” encom-
passes the differentiated subscription classes
(e.g., gold, silver and economic [7], based on
monthly premiums) that guarantee certain levels
of perceived quality of service (QoS) from the
provider or operator. Game theory [13], in par-
ticular noncooperative game theory (preferred
over other games for its deterministic nature),
offers a viable solution to atone for this outage
loss. The atonement is in the form of service cost
reduction where a lossy utility function (per-
ceived loss) is utilized to derive the highest
amount of cost reduction the network can accom-
modate, especially in the case of vertical handoff
call dropping. Obviously, it forms an integral part
of managing seamless VoIP session transfer.
Defined as “a formal modeling approach that
studies the situation where multiple players or
entities make decisions in an attempt to maxi-
mize their returns,” noncooperative game theory
therefore consists of a set of players, a set of
strategies, and a collection of payoffs. In litera-
ture it is commonly represented in normal or
matrix form (when players act simultaneously)
and extensive form (when players act sequential-
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ly), and classified as symmetric (strategies inde-
pendent of players) and asymmetric (mostly
players have nonidentical strategies); zero-sum
(one benefits at the expense of others) and non-
zero-sum (sum of benefits may not be zero);
with perfect (previous strategies known to all
players) and imperfect information (previous
strategies not a priori), and having pure (deter-
ministic) and mixed strategies (random with
probability distribution). Although the term non-
cooperative refers to the absence of cooperation
between the players, it is better identified as a
procedural game where different actions (or
strategies) available to the players are defined a
priori. A classic example of non-cooperative
game theory is the Prisoner’s Dilemma (illustrat-
ed in Table 1) where two suspects (A and B)

caught in a home robbery are given choices
(confess or remain silent) with associated conse-
quences or jail times (two years if they both con-
fess, six months if they both remain silent, and
ten years if either of them confesses). Translated
into a strategic game theory,! their decision can
then be formally represented as

DPD =[M, {[Jl}, {Pz}]a

where M is the number of players (in this case
two), and U; and P; denote the utility and payoff
(strategic outcome, subject to the other player’s
rational decision) function (jail terms), respec-
tively. As shown in Table 1, the payoff function
(2,2) is referred to as the Nash equilibrium,
which includes each player’s best strategy given

1 Pure, finite, symmetric,
non zero-sum and with
imperfect information.
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Implementation wise,
every fime the
ferminal experiences
service outage for an
ongoing session,

the compensation
algorithm dynamically
calculates the
maximum cost
reduction (Nash
equilibrium points in
an iterative form).

A
Silent Confess
B Silent 1/2,1/2 10,0
Confess 0,10 2,2

M Table 1. Strategic form of Prisoner’s Dilemma.

the other player chooses the equilibrium strategy
as well. In other words, when both players are
rational and strive to achieve the best result,
Nash equilibrium points correspond to distribu-
tion outcomes where neither player can benefit
by changing their strategies.

Since it is easier to manipulate and hence for-
mulate the game theory as a two-player problem
(similar to the Prisoner’s Dilemma), the available
traffic types (e.g., VoIP, streaming multimedia,
background traffic) in the interworked architec-
ture are classified as flat-rate-based (i.e., service
charge = cents per session or call) and volume-
based (i.e., service charge = cents per megabyte
of traffic) (henceforth referred to as service
types). Note that this classification is in line with
the assumption of end-to-end IP-based services
(including voice service) which can be quantified
by the session or volume. Assuming A, and A, to
denote the flat rate cost and volume-based cost,
while the step size cost reduction (interval
defined by the network provider or operator)
pertaining to the service types are represented by
A=A, 24,34, ..., Appay : 1 elements; A, < A,
and A, = A, 2A, 3A ..., A, : ielements; A, <
A, (71 and 72 may not be equal and is limited by A,
and A,), the proposed noncooperative game the-
ory can be described as below as a normal (or
strategic), asymmetric, with imperfect informa-
tion, and zero-sum algorithm.

Players: Player 1 is the cost reduction per
unit time (A,), and player 2 is the cost reduction
per unit volume (A,,).

Strategy: For every outage period, the players
reduce the cost of service in step sizes (over the
range defined by the network provider or opera-
tor) in relation to the outage period 7.

Payoff: Payoff is the overall loss/gain (in
cents) function the network incurs based on the
independent selection by the individual players.
The selection will be a Nash equilibrium if and
only if none of the players can gain any benefit
by changing its strategy, subject to the other
player’s current choice. To this effect, the Nash
equilibrium point corresponds to the highest cost
reduction achievable by the players without
cooperation.

A categorical description of the compensation
algorithm is given in the following subsections.

Lossy UTILITY FUNCTION

In the proposed algorithm, service cost reduc-
tion amounts to revenue loss for the network
provider or operator. Since this is a perceived
utility loss for the network, in this article it is
referred to as the lossy utility. 1t is represented
by two utility functions reflecting resource uti-
lization and revenue los,s respectively. The for-

mer utilizes w;.log(1 + kx; - A, - t) or wi.log(1 +
kx; - A, - t) (originating from the concept of fair
resource allocation [14]) as the resource utility
function, where i denotes the ith player, x; is the
resource utilization (v; < X; (required resource)),
w; is the weight factor assigned to each player,
and k; is the scaling factor. Since higher resource
consumption prior to the outage period trans-
lates to larger cost reduction by the network, the
term wi.log(1 + kx; - A, - t) or wilog(1 + kx; - A,
- t) reflects this reduction level for resources uti-
lized (x;). Note that the allocated resource
depends on the subscription classes because a
higher premium entails a user enjoying more
resources. The sigmoid function [7] (often uti-
lized to approximate user satisfaction or dissatis-
faction with respect to the perceived QoS), on
the other hand, represents the latter (revenue
loss utility function); that is,

1
1- forA, -t<A,-t
1+ exp—oc(Ay ‘1=A,,1—) y
or
1- ! forA. -t<A, -t
1+exp_a(Ay"‘Aw"‘ﬁ) " r

where y denotes the random service parameter
(revenue loss here), o is the sigmoid function
steepness, B is the center of the curve (or the
acceptable region of operation), and x,,, and x,,,,
denote the allocated resources for the service
types, subject to A, -t <A, -1 0r Ay LS AL
By incorporating these utility functions for cost
reduction purposes, the lossy utility of flat rate
and volume-based cost reduction can be com-
monly represented as

Lossy Utility = Resource Utility (1)
— Revenue Utility.

Note that the first term in Eq. 1 can be regarded
as the utility gain of the lossy function since
lower allocated resources (above the minimum
requirement) will result in lower cost reduction.
On the other hand, o in the second term stipu-
lates the level of subscription: the higher the
value of o, the higher the premium (or subscrip-
tion type) and the perceived QoS. For a VoIP
(13 kb/s requirement) outage of = 2 min, A, =
35 cents/min, and A, = 50 cents/min, B = 0, wy,
wy = 0.2, ki, kp = 0:5, and o = {0.1, 0.2, 0.3},
Fig. 6 depicts the lossy utility function of the flat
rate service profile. Because of the more strin-
gent SLA regarding the perceived QoS, the
penalty for higher premium users (i.e., gold
users) is greater than that for the other subscrip-
tion classes. The decreasing section of the utility
function therefore corresponds to the revenue
utility exceeding the resource utility gain.

PAYOFF FUNCTION

Here payoff function reflects the loss (total utili-
ty) incurred by the network provider or operator
in offering cost reduction to the user. Note that
the total utility [15] includes the player’s individ-
ual lossy utility function and the new utility func-
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tion governing the step size contributions of the
two players; that is,

Art
Ay +A,

and

AVV
Ay +A,

for flat rate and volume-based, respectively.
With such payoff functions, the proposed game
theory can be represented in strategic form as in
Table 2 where the rows and columns denote A,
and A,,, respectively, while each element in the
matrix gives their corresponding joint payoffs
P(.) (scalar values denoting total compensation
in cents).

NASH EQUILIBRIUM SELECTION

To find out the solution (i.e., Nash equilibrium:
may or may not be a dominant strategy) of the
proposed two-player noncooperative game, we uti-
lize the best response function. In game theory,
the best response function corresponds to the
strategy that produces the highest payoff (reduc-
tion in this case) for a player in response to the
other player’s strategy. Once the best responses of
all the players are identified, the Nash equilibrium
is derived as the set of best responses (i.e., a set of
scalar values) from all the players so that none can
benefit by changing their strategies. Mathematical-
ly, if B,, and B,, are the best response of the two
service types given by B,, = P(A,, A,,) and B, =
P(A, A,,), the solution will be a Nash equilibrium
(B}, B}y) if and only if B;; = B,, and By, subject to
the constraint that (A, + A,) -t <A, - ¢. Since the
strategy profile (A, or A,,) is closed (pure strate-
gy), the players are assumed to be rational and
attempt to maximize their payoff (offer maximum
cost reduction), and have common knowledge
about the other player meeting these require-
ments, the proposed noncooperative game pos-
sesses Nash equilibrium solutions.
Implementation-wise, every time the terminal
experiences service outage for an ongoing ses-
sion, the compensation algorithm dynamically
calculates the maximum cost reduction (Nash
equilibrium points in an iterative form). In
graphic representation this can be depicted by
the intersection/crossover point of the best
response functions for A,, and A,, respectively.
Note that for all forms of service outage, the
compensation takes effect immediately after ser-
vice re-initialization. Figure 7 shows the selec-
tion of Nash equilibrium solutions (denoted
Nash,, Nashy, Nash,) over different subscriptions
classes for a flat rate service outage of = 2 min.
The service types are modeled after VoIP (flat
rate: 13 kb/s) and streaming multimedia (vol-
ume-based: 1 Mb/s), respectively, where the uti-
lized resources are governed by x < X, X being
the required bandwidth. To emulate a real-life
scenario, Fig. 7 considers different unit service
charges where the charges decrease with respect
to higher premium subscriptions, such as eco-
nomic: A, = 35 cents/min and A, = 50 cents/min;

-
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M Figure 6. Lossy utility of A for VoIP service outage.

silver: A; = 33 cents/min and A, = 45 cents/min;
and gold: A, = 30 cents/min and A, = 40 cents/
min. It is evident from the figure that the equi-
librium points (A, A,,) for the three subscription
classes are given as economic {13, 13}, silver
{(16, 9)(13, 13)}, and gold {(19, 5)(16, 9)(10,
13)(7, 17)}. Since there are multiple Nash equi-
librium solutions, the smallest point in the solu-
tion set is selected to minimize the network loss
for individual subscription classes, that is,

* *
argmin(B,,,B,, ).
g \_/R( vt>Bry)

The fact that gold subscription offers the highest
amount of cost reduction for a flat rate service
outage is due to the stringent SLA about the
perceived QoS and the corresponding higher
penalty value. Not only is the cost reduction
higher, but the higher premium also entitles a
user to greater cost reduction options, and is in
conformance with current commercial practice
(for post-paid users). A similar principle is appli-
cable to performance comparisons between sil-
ver and economic subscriptions as well. Although
the algorithm has been proposed for session dis-
continuity of either a flat rate or volume-based
service profile, it can easily be extended to joint
service outage.

CONCLUSIONS

It can be concluded that VoIP session manage-
ment over an interworked WLAN-3G system
with the 3GPP’s IMS acting as a coupling arbi-
trator is a promising but very challenging task.
In order to investigate the performance mea-
sures of VoIP session management over such a
system, a novel simulation model (including
enhanced IMS signaling) was developed. Simula-
tion results reveal that the application-layer-
based additional IMS processing latencies are
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A
2A o+ PRA, kA)
P(A, A)
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M Table 2. Strategic form of the compensation
algorithm.
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B Figure 7. Comparison of Nash equilibrium solutions for different subscrip-

tion classes.

capable of having a substantial impact on these
performance measures, except end-to-end delay
and jitter values. Instead, both of these parame-
ters for the considered voice codecs indicate
acceptable levels for real-time VoIP communica-
tions. To redress the issue of service discontinu-
ity from dynamic network conditions (primarily
affecting vertical handoff calls), a noncoopera-
tive game-theory-based compensation mecha-
nism was introduced that compliments the
interworked framework. Here, the Nash equilib-
rium solutions derived for individual subscrip-
tion classes are treated as fair recompense for
the outage loss. While the Nash equilibrium is
not the optimal solution, nevertheless it offers
the best possible solutions where neither player
benefits by changing their strategy.
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