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Abstract The problem of Call Admission Control and rate
allocation in loosely coupled wireless integrated networks is
investigated. The related Radio Resource Management
schemes were introduced to improve network performance
in wireless integrated networks. However, these schemes did
not reflect the independence and competitiveness of loosely
coupled wireless integrated networks. Furthermore, given
that users have different requirements for price and Quality
of Service (QoS), they are able to select a network according
to their preference. We consider a scenario with two com-
petitive wireless networks, namely Universal Mobile Tele-
communications System cellular networks and Wireless
Local Area Networks. Users generate two types of traffic
with different QoS requirements: real-time and non-real-
time. We propose a scheme that exploits a mathematical
model for the control of call admission and adopt a nonco-
operative game theory-based approach to address the rate
allocation problem. The purpose is to maximize the revenue
of the network providers while guaranteeing a level of QoS
according to user needs. Simulation results show that the
proposed scheme provides better network performance with
respect to packet loss rate, packet delay time, and call-
blocking probability than other schemes when the data rates
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are allocated to each call at the point that maximizes the
revenue of network providers. We further demonstrate that a
Nash equilibrium always exists for the considered games.

Keywords Wireless integrated networks - Call admission
control - Rate allocation - Noncooperative game theory

1 Introduction

According to the European Telecommunications Standards
Institute (ETSI), WLAN-cellular integrated networks are
classified into two types of coupling: loose coupling and tight
coupling [1-3]. Tight coupling [4] shares information and
resources between two wireless networks. In contrast, loose
coupling can only provide seamless operation, because the
networks operate independently of each other. In this case, a
mobile station cannot properly share the overall resources of
the two networks. If resources are to be used efficiently in
loosely coupled wireless integrated networks, a resource
management scheme is required that reflects the features of
independent networks. Resource management across inde-
pendent wireless networks is more difficult than in a single
network. To address this difficulty, we consider the case of
dual-mode mobile stations that move between two compet-
itive wireless networks, namely a Universal Mobile Tele-
communications System (UMTS) cellular network and a
WLAN, in loosely coupled wireless integrated networks. We
also address the problem of Call Admission Control (CAC)
and rate allocation in wireless integrated networks.

Some related work has been done on problems per-
taining to Radio Resource Management (RRM) in wireless
integrated networks. This work has been based mainly on
cellular networks and Wireless Local Area Networks
(WLANs), which have an advantage with respect to
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coverage and capacity [5, 6]. Recently, related work has
been extended to cover new wireless access technologies,
such as Worldwide Interoperability for Microwave Access
(WiMAX) and Wireless Metropolitan Area Networks
(WMAN) [7, 8]. Approaches to RRM in WLAN-cellular
integrated networks can be categorized as follows: WLAN-
first schemes [9, 10], in which WLANSs are always pre-
ferred by all services whenever the WLAN access is
available; service specific schemes [11], in which the ser-
vice is differentiated for QoS support; load balancing
schemes [12], in which load balancing policies are
designed to utilize the pooled resources of the network
efficiently; and optimal joint session admission control
schemes [13], in which an admission control scheme
maximizes the overall network revenue with QoS con-
straints. In these studies, how to utilize the overall radio
resource in loosely coupled wireless integrated networks
optimally, subject to QoS constraints, has not been exam-
ined in detail. If the network providers are different, they
will compete with each other to maximize their own rev-
enue. In this situation, game theory can be used very
profitably to address the relationship between the networks
directly [8, 14]. In these game theory-based studies, given
that each network is operated cooperatively, it was possible
to maximize the overall and individual revenues of the
providers. However, these game theory-based RRM
schemes cannot be applied to systems in which the net-
works are operated independently and competitively, such
as loosely coupled wireless integrated networks.

In this paper, we propose a scheme that exploits a
mathematical model for the control of call admission and
adopt a noncooperative game theory-based approach to
address the rate allocation problem. The proposed schemes
are based on certain features of networks and types of
traffic. Generally, the price per packet (i.e., the unit price)
in WLANS is less than in UMTS cellular networks. UMTS
cellular networks basically guarantee some QoS require-
ments. In contrast, WLANs do not guarantee some QoS
requirements. When price is the major consideration, users
want to access WLANSs, rather than UMTS cellular net-
works, whenever possible. However, when QoS is the
major consideration, users want to access UMTS cellular
networks, rather than WLANSs, whenever possible. Real-
time traffic is more sensitive to packet delay than nonreal-
time traffic. In contrast, the nonreal-time traffic is more
sensitive to packet loss than real-time traffic. Therefore, the
criterion for call admission should differ according to the
type of traffic. To reflect these features, we take packet-
level QoS and the preferences of mobile stations into
account in our proposed CAC scheme.

To develop an RRM scheme that reflects both these
features of the network and the preferences of mobile
stations, we present CAC and data rate allocation schemes
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for wireless integrated networks. The CAC scheme has two
steps: (1) a network is selected according to the mobile
station’s preference, and (2) a decision is made as to
whether or not to admit the call access request, on the basis
of QoS requirements that are sensitive to the type of traffic.
The data rate allocation scheme is based on noncooperative
game theory, so as to maximize the revenue of the network
providers while guaranteeing a certain level of QoS, which
will vary according to user needs. In addition to providing
an efficient approach to RRM, our second contribution is
the mathematical modeling of packet-level QoS, with
respect to the packet loss rate and packet delay time.
Specifically, the model in UMTS cellular networks enables
the loss rate and delay time to be predicted until the packets
are transmitted. The model in WLANSs allows the loss rate
and delay time to be predicted until the packets have been
transmitted successfully. In addition, we present a utility
that can be used by mobile stations to decide which net-
work they want to use. In contrast to previously presented
schemes, when using our utility, a mobile station selects a
network by comparing the cost and degree of satisfaction
with QoS. The use of this utility provided important
information about users’ needs. With respect to the packet
loss rate, packet delay time, and probability that a call will
be blocked, we compare the proposed scheme with two
other schemes. The comparison shows that the proposed
scheme can guarantee a level of QoS according to user
needs while maximizing the revenue of the two networks.

The remainder of this paper is organized as follows. In
Sect. 2, the problem is described and a model for a wireless
integrated network is defined. In Sect. 3, the packet-level
QoS for each wireless network is predicted. In Sect. 4, the
mobile stations’ preferences are formulated and a CAC
scheme is proposed to reflect the mobile stations’ prefer-
ences and to respond sensitively to QoS requirements
according to the type of traffic. In Sect. 5, a revenue-based
rate allocation scheme is proposed that is based on two-
person noncooperative game theory. In Sect. 6, a detailed
description of the proposed scheme is presented, followed
by a performance analysis and numerical results. Section 7
concludes.

2 Network model and features

The model under consideration is a loosely coupled archi-
tecture comprising a UMTS cellular network and a WLAN,
as shown in Fig. 1. The wireless integrated network cannot
control resource management, except for the roaming func-
tions such as billing, authentication, and the mobility man-
agement mechanism between the two networks, because
these networks are connected simply through gateways [15].
The mobile stations in this model are dual-mode stations; all
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Fig. 1 The loosely coupled architecture in the UMTS cellular
network/WLAN integrated network

of them have an interface card to access both networks. It is
assumed that the entire coverage area of the wireless inte-
grated network is covered by the UMTS cellular network,
which serves low-bandwidth traffic. We assume that the
WLAN is distributed randomly in the coverage area that is
covered by the UMTS cellular network, and that the WLAN
provides greater bandwidth service than does the UMTS
cellular network. In the overlapping area, mobile stations
may have more than one connection option. When a mobile
station moves from the coverage area of one wireless net-
work to that of the other at the boundary of the coverage area
of an Access Point (AP), the mobile station can transfer from
one network to the other.

Given that each network provider operates their own
networks in the wireless integrated network individually,
they will compete in order to maximize their revenue. To
allocate the data rate optimally in this situation, a rate
vector, which indicates a set of individual data rates that
are allocated optimally to calls in each network, should be
obtained independently. The problem of obtaining the rate
vector independently can be addressed by using a two-
person non-zero-sum noncooperative game model [16].

The two players of the game are two heterogeneous
networks that compete with each other. Each network
wants to increase the number of calls that its users make
while allocating the rates in such a way as to maximize
revenue. Note that these competing desires are related to
the fact that the networks do not cooperate. Despite this
competition, all of the available radio resources should be
allocated effectively and fairly between the two wireless
networks. This is a type of non-zero-sum game because the
players do not have any conflicting objectives with respect
to network utilization. Nonetheless, each network fixes its
own prices according to the type of traffic. However, in
many cases, there are some pairs of rate vectors such that
one network allocates its rates without the cooperation of

the other, and the network cannot improve its utility. Such
points are called Nash equilibriums, in which no player has
anything to gain by changing his or her own strategy uni-
laterally while the other players do not change.

3 Prediction for packet-level QoS

We here consider the delay time and packet loss rate,
which multiple types of calls generate in a wireless net-
work, as measures of the extent to which QoS is provided,
and use them as decision metrics in the CAC. In a cellular
system, packets sent and received by current users of the
network are delayed whenever the signal to interference
and noise ratio (SINR) is lower than the QoS requirements
for each type of traffic. In a WLAN, packet delay occurs
whenever calls contend in the network channels. As a
result, packet losses occur if the packet delay time exceeds
the QoS requirements for each type of traffic. It is assumed
that the providers do not charge for lost packets, but only
for packets that are transmitted successfully. Therefore, the
more packets are lost, the less revenue is obtained.
Assume that there are n,; calls for each type of traffic
k € {rt,nrt}, where rt and nrt denote real-time and non-real-
time types of traffic, respectively, in network j € {u, w};
Each call generates packets according to a Poisson process

with rate dy; (: 7 X sj) per slot-time, ry; is an allocated

data rate for calls of traffic type k in network j, and B ;is a
packet size in bits. Each call transmits a data frame, which is
divided into slot-time ¢;. One packet composed of f3 ; bits is
transmitted in one time slot. If the packet is not transmitted
successfully, it can be retransmitted until the delay time
exceeds the time limit, when the packet is dropped.

3.1 UMTS cellular network

In the UMTS cellular network, the proposed scheme is
based on so-called complete sharing [17], which allows all
mobile stations to use the available bandwidth equally. The
UMTS cellular system consists of calls of multiple service
classes. When a call is accepted, a data packet is generated
immediately. The base station allocates different time slots
for the accepted calls in the cell, such that a mobile station
that has accepted a call can only transmit after it has been
allocated a time slot and can transmit only for the period of
the time slot.

The actual SINR y.(i) for connection i,
1<i<n, = Zke{rt’m} Ty, is given by [18]

7k (@)

where

_ 8ikPik
Ok >pr iozn 8nkPrg + Nio’

for ke {rt, nrt}

(1)
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where P;; is the transmit power of the mobile station in
connection i, g;, denotes the path gain (=antenna gain/path
loss) between the mobile station and the base station, 0,4
denotes the reduction in interference due to signal pro-
cessing (i.e., Opx ~ 1/G;; for CDMA with processing gain
Gix = W/ Vix"k,u Where W is the chip rate and v;; is the
activity factor for traffic class k), and N,, denotes the
thermal noise power received at the base station.

To guarantee the rate ry,, the actual SINR y,(i) must be
greater than or equal to the target SINR ;. If this constraint
is not satisfied at the beginning of a time slot, some packets
are not transmitted. To express this relationship between
the SINR and packet transmission, the variable {;, which
indicates whether or not the connection i satisfied the target
SINR 7y, is introduced.

, 1, for (i) =7
@) = N <ot
0, for y(i) <7

Therefore, the packet throughput at a time slot is defined
by Kiu = > 14 {(i). For the mathematical derivation of
packet-level QoS, with respect to the mean packet delay
time and mean probability of packet loss, we assume that
the packet throughput follows a Poisson distribution with
the rate of x;,. Based on the packet generation rate and
throughput, the packet loss rate and delay time can be
formulated in the UMTS cellular network. First, we can
formulate the packet loss rate by characterizing the packet
success probability.

(2)

Proposition 1  For all packets generated from n, calls in
UMTS cellular network, the packet success probability Sy,
can be expressed as

Sku=1- pk.ue_(Kk‘u—()kk.u)Dk.u, Dy, > 0. (3)

where py.,, is the packet load at a given time slot which can
be denoted by py, = Oru/Krus and Dy, is the maximum
acceptable packet delay with no collision.

Proof Let dy, be the transmission delay times in the
queue, in which the accepted data messages wait before
transmission in a base station. The delay time, denoted by
dy.., 18 a random variable, distributed exponentially with
mean 1/(kg, — 0x,) since the packets are generated and
depart according to Poisson process. Therefore, the prob-
ability that the packet is transmitted successfully is repre-
sented by P(dk, < Dy,). If the packet delay of a call that is
of traffic type k is smaller than D, ,, the packet is consid-
ered to have been transmitted successfully; otherwise, it is
considered to have failed. Packets that are not transmitted
until the delay time meets the required delay bound D, are
dropped. That is, the probability of successful transmission
is expressed by the probability that the delay time is zero
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and that the delay time is less than or equal to Dy, pro-
vided that the delay time is greater than zero, as follows:

P(dk,u SDk‘u) = P(dk,u = 0)
+ P(di > 0)P(diy < Dyuldia > 0).

(4)

P(dy, = 0) in (4) is the probability that the delay time is zero,
P(dyy = 0) =1 — p; . P(dr, > 0) in (4) is the probability
that the delay time is greater than zero, P(dy, >0) =
1 — P(diy =0) = pr e P(diy <Dyyldr, > 0) in (4) is the
conditional probability of di, <Dy, given di, > 0. It is
equivalent to 1 — P(dyy > Dy yldk, > 0). Due to the fact
that the exponential distribution is completely indepen-
dent from the previous events in each subsequent event,
P(diy > Diyl|dr, > 0) is equivalent to P(diy > Diy).
Then P(dy, > Diy) = e~ (Fra=0u)Dea - and so P(diy > Dy
|dku > 0) = ¢~ (Ku=0a)Deu - Therefore, the probability that
the packet will be transmitted successfully P(dy, < Dy,) is
expressed by P(dy, < Dy,)=1 —pkﬁu—i—pk’u[l—e’("kv“’ﬁk-“)Dk-“]
=1- pkvue*"kV‘SK“)D*«“, Dy, >0. This completes the
proof. O

Therefore, the probability that a particular packet will be
lost for traffic type k in the UMTS cellular network is
denoted by Ly, =1 — Sk,. From [19], Dy, = Eldy,] =
Oku / Kieu(Kiu — Oky) is the mean packet delay time for calls
of traffic type k in the UMTS cellular network. That is, the
mean packet delay time for calls of traffic type k is defined
in terms of the packet generation rate and throughput.

3.2 WLAN

Consider a single WLAN under the assumption of ideal
channel conditions. The distributed coordination function
(DCF) access method of the IEEE 802.11 standard [20] is
based on the carrier-sense multiple-access with collision-
avoidance (CSMA/CA) protocol. A station that has a
packet to transmit senses the channel and, if the channel
remains free for a distributed interframe space (DIFS) time,
it transmits the packet. If the station determines that the
channel is busy, it waits until the channel becomes idle for
a DIFS time, after which it initiates a backoff process.
The IEEE 802.11 MAC performs an exponential backoff
if a station is involved in a collision. When there is a col-
lision, each station chooses a discrete random variable,
f(0,CW,, — 1), from a uniform distribution in the range
{0,1,...,CW,, — 1}, where CW,, is the contention window
and m is the number of collisions, and initializes its backoff
time counter with this number. That is, the number of col-
lisions, m, is the number of trials needed for the first
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success. Therefore, the number of collisions, m, is a random
variable distributed geometrically as follows:

»—N\"/1 1
p(m) = <n > (—), m=0,1,..; O0<—<l1.
ny, ny, Ty
(5)

When this mechanism is used, a packet sent by a mobile
station is lost when the number of collisions is more than
the retry limit M. Therefore, a packet must encounter fewer
than M collisions if it is to be transmitted successfully. This
condition can be expressed for each traffic class by the
following:

Sew=pm<i) =3 (=5, (©)

m=0

where Sy ,, is the probability that a packet that is part of a
call of traffic type k will be transmitted successfully in the
WLAN, and 7y, = 3 ¢ (1 ) w18 the number of calls in

the WLAN. Therefore, the probability that a packet that is
part of a call of traffic type k will be lost in the WLAN is
denoted by Ly, =1 — Sk .

The above means that a packet is transmitted success-
fully if the number of retransmissions is fewer than the
retry limit. In this case, the backoff delay, the length of
packets that are transmitted successfully, and the length of
packets that have encountered collisions are considered, as
shown in Fig. 2. First, the backoff delay for each packet is
the time taken, taking into account the backoff time and the
number of collisions that have occurred. Then, the total
backoff time until a packet is transmitted successfully is
expressed as follows:

Tbackoff = SW{P(O)f(Q CWO - 1)

where CW,, = min(2"CWy;n, CWpnx) and m <M. A
packet that has encountered a collision is retransmitted
after arandom number of time slots. At the first transmission
attempt, CW,,, is set to a value CW ;. It is then doubled after
each unsuccessful transmission, up to a maximum value of
CW ax. The CW in and CW .« values are fixed. If there are
collisions, they occur within the length of time that is
assigned to a packet for transmission. The packet delay,
according to the RTS frame length and DIFS time, is
expressed as m - Teopiision, Where Teopision 18 the sum of the
RTS frame length and DIFS time. Lastly, the length of the
successful packet header and payload T,ccess are considered.
When the RTS/CTS option is used, successful packet
transmissions are preceded by an RTS/CTS exchange,
while collisions occur between RTS frames instead of data
packets. Therefore, the delay time (d;) until a packet is
successfully transmitted is a summation of the backoff delay
(Tpackofr), the length of successfully transmitted packets

(7)

(Tsuccess)> and the length of collided packets (Tcopision), as
follows:

dk$w = Tbackoff +m- Tcollision + Tsuccess
Tsuccess = Trts + Tsirs + Ters + Toirs + Teay
+ Tmac + TpayrLoap + Tsirs + Tack + Tpirs
Teottision = Trts + Tpirs
(8)
The packet delay time dy,, is also a random variable with
the same distribution because the delay time is a linear func-
tion of the constant and random variable m. In (8), only Tyackofr
and T¢opision among the elements that comprise the delay time
are related to the random variable m. Therefore, the delay time
is affected by random variable m. Based on those properties, it
is possible to formulate the mean packet delay time.

Proposition 2  For all packets generated from n,, calls in
WLAN, the mean packet delay time, denoted by Dy, can
be expressed by

Dk,w = &u{p(0)f(0,CWo — 1) + - + p(ny)
Xf(O, Cwnw - 1)} + Ry, - Tcol]ision + Tsuccess- (9)

Proof The mean packet delay time Dy, can be repre-
sented by

ljk,w = E[dk,w]v (]O)
where Eld ] is an expected value of the packet delay time.
In (10) above, since the backoff delay time and collision
delay time are affected by the random variable m, we need
to obtain the expected value of the random variable m first.
The expected value of the random variable m is as follows:

i =2o(5) () - () S5
R

ny,

Ry (11)

Therefore, the expected number of collisions, denoted by
E[m], is applied to the backoff and collision delay time in
(8) as follows:

Eldk] = E[Tpackoit + m - Teottision + Tsuccess] = E[Tvackoft]
+ E[m - Teottision) + E[Tsuccess)
= E[ew{p(0)f(0,CWo — 1) + -+~
+ p(E[m])f (0, CWgp,) — 1)}]
+ E[m] - E[Tcontision) + E[Tsuccess]
= &,{p(0)f(0,CWo — 1) + - + p(ny)
f(0,CW,,, — 1)} 4 ny, - Teottision + Touccess-

(12)

This completes the proof. O
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Fig. 2 The delay time between
successful packet transmissions |fTS | SIF§| o> | DIF‘§|_mI | ';I‘GF I RO | SIFS,| ax | DIFS,-,
\\\\wl’.'moﬂ ‘\“ “““"“-“ Tnm.u ,’/‘
L — - Delay Time (d%_w)“““ |
i —)A,,:‘I::-:;ﬁ_m::-.:ﬂ T d

Slot T

4 Call admission control
4.1 Traffic model

We consider an analytic traffic model where two types of
traffic, such as real-time and non-real-time, access to the
considering network model. In the overlapped area, where
UMTS cellular network’s cell overlays the WLAN’s zone,
the arrivals of both new calls and vertical handoff calls
from UMTS cellular network are Poisson distributed with
arrival rate ;. That is, if 0 percent of arrival rate 4, is new
calls, then the rest (100 — 0) percent of arrival rate 4; is
vertical handoff calls. Call duration time for traffic class
k is exponentially distributed with the mean 1/y;. The
above exponential call duration time has also been shown
to be valid for wide range of systems [21, 22]. Of course,
the call arrival rates and duration times in each network can
be different. For simplicity performance evaluation, we
don’t divide these between two networks.

4.2 Mobile station’s preference

We consider an active handoff, such that a mobile station
acquires some information or signal strength from a base
station or access point. In this case, when a mobile station
sends a request signal to the neighborhood, base stations
and access points send a response signal. In the active
handoff, we assume that a mobile station acquires some
information from the response packet. Therefore, a mobile
station has some information upon which to base its pref-
erence, according to the type of traffic. For each network, a
mobile station has a gain, g;; > 0, which represents the
degree of QoS received by the mobile station when com-
pared with the service price per packet, but has no gain for
failed packets. The network providers earn revenue equal
to the unit price. That is, the more delay a packet experi-
ences, the less gain the mobile station obtains. This rela-
tionship is given by
ng:{CkJ, koZO
C‘/q/d]q7 ()<(1/<J§l)k‘1‘7

(13)
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where ¢ is the price per packet for each call of traffic type
k in network j. To equalize the measure between gain and
price, the unit price can be transformed to the unit price per
time slot because a packet is transmitted during one time
slot. The UMTS cellular packet radio network provides
services with unit prices ¢y, for each traffic type k. Mean-
while, the WLAN provides services with unit prices ¢y,
for each traffic type k. Note that the unit price in the cel-
lular network is greater than in the WLAN, i.e. ¢k, > k-

If a call of traffic type k is admitted in network j when
the number of calls is n; for each network, the expected
utility of the mobile station, which represents the rela-
tionship between a mobile station’s payment and the QoS
that is provided during the call, can be calculated as
follows:

U(k,j) = 0k jSkj(8kj — cxj)/ &tk (14)

where the expected gain g ; is defined as

Eldi;] =0
0<E[dk,j] §Dk1/‘.

_ Ckyjs
o= { &) "
Given unit prices, the mobile station has a preference for
the network having a larger utility value. That is, if the
mobile station’s utility in network j is higher than in
network j/, U(k,j) > U(k,j'), the mobile station will first
access network j. However, if the mobile station’s utility
in network j is equal to its utility in network j’,
U(k,j) = U(k,j'), then the mobile station will randomly
access network j and j because it has no preference for one
or the other.

4.3 Traffic-type-sensitive CAC

If a mobile station’s network preference has been decided
in the above step, the CAC scheme proceeds to the next
decision-making step, where the network admits or rejects
the call access. Given the status of each network, the net-
work must decide whether it will admit or reject the
applying calls. At this time, the current level of QoS pro-
vided is considered.
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The packet-level QoS is to guarantee the host-to-host
QoS. In the network architecture, the network layer is
responsible for guaranteeing and controlling the host-to-
host transmission. Also the handoff is dealt with in the area
of IP mobility protocol, and done in network layer. Our
proposed scheme is to allocate the data rate for handoff call
as well as new call. Therefore, the packet-level QoS should
be calculated and guaranteed in network layer when the
networks decide whether they admit a new/handoff call or
not, and how much data rates do they allocate to those
calls, so that in this paper it is possible to apply it to the
CAC in the network layer. Therefore, packet delay and
packet loss are used to determine the level of QoS pro-
vided. That is, the mean packet delay time will be applied
to the real-time traffic types, and the probability that a
particular packet will be lost will be applied to the non-
real-time traffic types.

This CAC scheme provides mobile stations with guar-
anteed QoS at the packet level and call level by applying
the mobile stations’ preferences. Therefore, the CAC
scheme follows he procedure as shown in Fig. 3.

5 Optimal rate allocation
5.1 Network revenue

To allocate the data rate fairly among networks, game theory
is applied to derive a solution that results in reciprocal rev-
enue between the UMTS cellular network and the WLAN.
The expected network revenue is obtained under the
assumption that the data rates of the corresponding calls are
fixed for the duration of the calls if the data rate is allocated to
the calls. That is, these packets are generated continuously
for the duration of the calls; hence, the expected total revenue
for each network can be obtained as follows.

The network revenue is an expected value for all ongoing
calls and a new call at a particular decision time. Although
call duration is continuous, it can be divided into time slots.
Therefore, the revenue from a call of traffic type k that is
gathered while the call is in progress is expressed as follows:

Ck jSk,j
Vk,j = —
B

From (16) above, the total expected revenue from all
calls of all types of traffic can be expressed by the
following:

K
Vj: E nkJVkJ.
k=1

This function is the expected revenue in a network from
the packets that are generated during calls of all types of

rkJ. (16)

(17)

traffic. It is shown in (17) that the total expected revenue of
network j is affected by the number of calls for traffic type
k, the price per packet, packet success probability, and
packet size as well as data rate. Thus, the revenue can be
represented by a logarithm function [23] as follows:

Vj = IOg(Oerj)7 (]8)

where o; is a coefficient associated with the parameters
such as nyj, ¢, Sk, and fi; and r; = Zke{rt_’m} rij. Next,
a noncooperative game approach will be applied to study

the competition between the UMTS cellular network and
the WLAN.

5.2 Application of noncooperative game theory

5.2.1 Formulation of the noncooperative rate
allocation game (NRAG)

There is no bilateral cooperation regarding the allocation of
data rates between two loosely integrated networks. Rather,
the two networks will compete with each other to maxi-
mize their revenues. Each network must allocate at least
one data rate to meet the QoS requirements for each traffic
type k. In this competitive environment, each network tries
to maximize its own revenue while satisfying the QoS
requirements for each traffic type k. There is thus a prob-
lem about how to allocate data rates. To solve this rate
allocation problem, a two-person non-zero-sum noncoop-
erative game model can be constructed for the available
networks in the overlapping area.

The players in this game are available networks in the
overlapping area. When a call of traffic type k is arriv-
ing, the strategy of each player is to allocate data rates
so as to guarantee the QoS requirements for the call. R;
is the strategy space is constrained by R; =[0, Cjl,
where C; is the total bandwidth capacity of network
J. Each network allocates a data rate r; such that r; € R;.
That is, a data rate r; belongs to the continuous bound
[0, Cjl.

The payoff function of a network can be represented as a
profit and loss. The profit of a network is obtained by
subtracting the revenue generated by ongoing calls from
the revenue generated due to allocating the data rate to a
new call in addition to ongoing calls. The loss of a network
can be represented as a kind of chance loss. That is, the
chance loss is a loss expected due to sharing the allocation
of data rate with the other networks, although a network
can obtain the whole revenue if the data rate is fully
allocated only by the network. Therefore, the payoff of
network j in allocating the data rate r; to all calls in network
J can be expressed as
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Fig. 3 Pseudo-code for I: Input: n.--n in.-oom,
“preference + QoS-sensitive” 2 o en
CAC scheme 3: Caleculating Uik.j) for each network j
4: if Utk.u)>Ulk.,w) then
5: while k = rr
6: if D_=<D then
H Accept the request
8: noe—n+1
9: exit
10: else
11 if The request has already tried 10 WLAN then
12: Reject the request
13: exit
14: else
15: Go to line 28
16: endwhile
17: while & = nrr
18: if L, <L, then
19: Accept the request
20: noe=n +1
21: exit
22: else
22 if The request has already tried to WLAN then
23: Reject the request
24 exit
25: else
26: Go to line 28
27 endwhile

28: elseifl Uik.u)<U(k.w) then
29: while & = rr

30: if D, <D, then

31: Accept the request
32: no=n +1

33: exit

34: else

35: if The request has already tried to UMTS cellular network then
36: Reject the request
37 else

38: Goto line 4

39: endwhile

40: while k = mrt

4l if L <[, then

42: Accept the request
43: no—n +1

44: exit

45: else

46: if The request has already tried to UMTS cellular network then
47: Reject the request
48: else

49: Go 1o line 4

50: endwhile

S1: else U(ku)=U(k.w) then
§2: Radom select a network j
53: while & = rr

54: if D, <D then

55: Accept the request
56: n +&n +1

57 exit

58: else

59: Reject the request

60: exit

61: endwhile

62: while & = nrr

63: if L, =L then

64: Accept the request
65: noe—n+l

66: exit

67: else

68: Reject the request

69: exit

70: endwhile
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@;(rj, ) = log(oyr; — ofr}) — {log(er})
—log(ojrj +a_jr_;)}, forje {u,w},

(19)

where o (o_;) is a coefficient associated with the data rate
ri(r_;) which is allocated to ongoing calls together with a
new call in network j( — j); a/ is a coefficient associated
with the data rate r/ which is allocated to ongoing calls in
network j; and ocj” is a coefficient associated with the data
rate r/” which ongoing calls together with a new call in
network j and — j are allocated only by network ;.

The network achieves r;‘ such that (19) is maximized.
That is, the NRAG is expressed as

max @;(rj,r_;), forje {u,w}. (20)

ri€ER;

The objective of the NRAG problem is to find out the
equilibrium points, at which both networks cannot change
the rates without cooperation to obtain more utility.

5.2.2 Nash equilibrium in the NRAG
In order to obtain a solution in such a NRAG problem, the

definition of Nash equilibrium [24] is first introduced.

Definition 1 A rate vector r = (r;, r_;) is a Nash equi-
librium of the non-cooperative rate allocation game if, for
every j € {u,w}, ®;(r;, r_;) > ®;(#, r—;) for all 7; € R;.

In a Nash equilibrium, none of the players can unilat-
erally change its strategy to increase its utility, as shown in
Fig. 4.

5.2.3 Existence and uniqueness of Nash equilibrium
in the NRAG

The Nash equilibrium does not necessarily exist. First, we
investigate the existence of an equilibrium in the NRAG.

Fig. 4 Optimal rate allocation

Theorem 1 A Nash equilibrium exists in the NRAG.

Proof The Nash equilibrium exists only when these two
conditions are satisfied [25, 26].

1. r;is a nonempty, convex, and compact subset of some
Euclidean space #°.
2. @ (rj, r_; is continuous in r and qusi-concave in r;.

Each network has a strategy space that is defined by a
minimum rate, a maximum rate, and all the rate values in
between. We also assume the maximum rate is larger than
or equal to the minimum rate. Thus, the strategy space R; of
each network is a compact, convex set with minimum and
maximum data rate constraints denoted by 0 and C;,
respectively.

And we can know that @(r;, r_;) in (19) is a continuous
function. Then the second-order partial derivative of
(1, r_;) with respect to 7; is given by

D, (rj, ) <0

272 <0, forje {u,w}. (21)
J

In (21) above, the equality is valid when the probability
that a packet will be transmitted successfully is zero.
Therefore, it meets the property of quasi-concavity. Since
the NRAG satisfies the above two conditions, we can know
that our NRAG problem should have at least one Nash
equilibrium. This completes the proof. O

And then, we turn to prove the uniqueness of Nash
equilibrium.

Theorem 2 The Nash equilibrium of the NRAG is unique.

Proof To prove the uniqueness of the Nash equilibrium,
we obtain the best response function of each network j by
differentiating the payoff function in (19) with respect to 7.
From (19), the first-order partial derivative of payoff
function is given by

= c, -
scheme based on non- 0 —®,0.7)
. At}
cooperative game theory e
(D/(rf’r;/)/i
e
c )I?/(C P l/ I ;
ne L
Nash eq‘uilibriuﬁn
. ! c, -
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7 f I -
G0 Ly % ,.C)
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/
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0wy, r_;) _ Olog(oyry — or)
or; B orj
o{log o' r} — log(oyry + ajr—;) }
_ = 7

(22)

Then, the best response function for network j can be
expressed as follows:

o o
o (L) — (22 ). forg 23
rj (20(]) r (Zaj)r s forj e {u,w}, (23)

In (23) above, there is a unique intersection if and only if
the slopes of best response function for each network are
not equal [27, 28]. Since the slopes are unequal, there is a
unique intersection which is the equilibrium. This com-
pletes the proof. O

In (23), the slopes of the best response function are
dependent on o; and «_;. Since the packet size and call
duration time are established under the same condition for
each network, the slopes are affected by the number of
calls for traffic type k, the price per packet, and packet
success probability. The change of Nash equilibrium
according to the change of parameters, such as the price
per packet and packet success probability, is shown as
Fig. 5(a) and (b). Figure 5(a) shows the best response
functions for the UMTS cellular network and the WLAN.
If the data rates allocated to ongoing calls in the UMTS
cellular network and the WLAN are 150 and 200 kbps,
respectively, there is a Nash equilibrium point in each
network. If the price per packet in one network is
increased, the equilibrium point is shifted to the right-hand
side, and vice versa. Therefore, the more the price per
packet is, the more the allocated data rate in one network
is. Under the same condition of data rate allocated to
ongoing calls as above, Fig. 5(b) shows the variation of
best response functions for the UMTS cellular network and
the WLAN under different probability that a packet is
transmitted successfully in the overlapping area. If the
probability that a packet is transmitted successfully in one
network is increased, the equilibrium point is shifted to
the right-hand side, and vice versa. Therefore, the more the
probability that a packet is transmitted successfully is, the
more the allocated data rate in one network is. For the rest,
the number of calls shows the same variation as above two
components. Only the packet size shows the completely
opposite pattern.

6 Performance evaluation

We evaluated the proposed scheme by comparing various
performance metrics, including the probability that new
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calls will be blocked, the probability that vertical handoff
calls will be dropped, and revenue. We now report on the
evaluation. The numerical experiments were done using the
simulator ns-2.29, which was developed by the National
Institute of Standards and Technology (NIST) [29]. We
study the performance of QoS-sensitive admission control
(QoSAC) scheme that considers the noncooperative game
theory-based rate allocation (NRAG). We also study the
effect of the QOSAC scheme by comparing it with the QoS
support [11] and optimal joint session admission control
(JSAC) [13] schemes.

In the simulations, the evaluated wireless integrated
networks consisted of one UMTS cellular network and one
WLAN, where the UMTS cell coverage fully covers that of
the WLAN. The bandwidths of the UMTS cellular network
and the WLAN were 384 kbps and 11 Mbps, respectively.
The traffic in the integrated network, including speech,
video, world wide web, and e-mail, can be categorized into
six classes as shown in [30]. The simulation considered two
types of traffic: real-time (speech) and non-real-time
(recorded video). The 95% confidence intervals of the
simulation results in the following figures originate from
10 independent runs. At each point in those figures, the
width of the confidence interval for the population mean is
220.05/20/ V/x, and ¢ and x are the standard deviation and
the total number of calls generated during the simulation,
respectively. For each run, the simulated time was 1,000
units of the mean connection holding time. The initial 100
time units were considered to be the transient period.
Performance samples for this period were discarded.

According to [31, 32], the average delay time of real-time
traffic should be less than the delay tolerance D}, = 150 ms.
Further, probability that a particular packet will be lost L}, =
0.03 for real-time traffic is acceptable with a data rate of
4-64 kbps. In contrast to real-time traffic, the average delay
time of non-real-time traffic should be less than the delay
tolerance D} . = 10s, while probability that a particular
packet will be lost Ly = 0.01 for non-real-time traffic is
acceptable within 28.8-384 kbps.

We assumed that the desired packet rate for each type of
traffic is decided by the applications. The data rates for
each type of traffic in the UMTS cellular network and the
WLAN belong to the continuous bound [4, 64 kbps] and
[28.8, 384 kbps], respectively. The numerical values for
the WLAN physical layer parameters are shown in Table 1.
The PHY and MAC header sizes are 24 and 30 bytes,
respectively. The numerical values for the WCDMA
physical layer parameters are shown in Table 2. When data
is transmitted in the network, application data that is gen-
erated with a payload size that is fixed in the MAC frame is
transmitted. If the size of a generated packet exceeds that
of the payload, the application splits the packet into smaller
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pieces. Large packets are split into smaller ones in order to
satisfy the constraint on the size of the payload that is fixed
in the MAC frame. Therefore, it is reasonable that each
type of traffic generates packets of the same size. And the
path loss between the mobile station and the base station,
PL;;, is given by the values obtained from the following

equation in [33].

The allocated data rate in WLAN (kbps)

PL;,, = 18.0[dBm] — {5.0[dB] — 1010g(3840/r,.,)[dB]
+ (~100.2)[dBm]} + 18.0[dBi]—2.0[dB]
— 4.0[dB]

PL; . = 26.0[dBm] — {1.5[dB] — 1010g(3840/r,.,)[dB]
+ (—100.2)[dBm]} + 18.0[dBi]—2.0[dB]
— 4.0[dB]
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Table 1 WLAN parameters

Parameter Notation Value
Bandwidth capacity C, 11 Mbps
Slot-time & 10 ps
Time required to transmit ACK Tack 203 ps
Short interframe space (SIFS) time Tsies 10 ps
Distributed interframe space (DIFS) time  Tpigs 50 ps
Packet size Breaw 512 byte
Minimum and maximum of contention CW.nins 31,

window CWinax 1,023
Table 2 UMTS cellular network parameters
Parameter Notation Value
Bandwidth capacity C, 384 kbps
Slot-time &y 2,560 chips (=666 ps)
SINR Vi Ve 3> 1 dB
Transmit power of mobile P;,,, 125 mW(21 dBm), 250 mW

station Pinn (24 dBm)
Chip rate w 3.84 Mcps
Receiver noise power Nio —103.2 dBm
Packet size Pru 512 byte
Activity factor Vi res 0.67, 1.00

Ui nrt

Antenna gain - 2.0 dBi

6.1 Optimal establishment of the unit price ratio

Figure 6 shows the variations in the probability that new calls
will be blocked against the ratio of unit price between the two
networks. If 50, 60, and 70% of the total number of calls that
arrive carry real-time data, 4, = 0.05 (4, = 0.05), 4, =
0.06 (4,; = 0.04), and 4, =0.07 (4,,; = 0.03), respec-
tively. In this example, 1/u,, = 0.005(1/u,,, = 0.005). As
expected, it was found that the probability that new calls will
be blocked in the WLAN falls as the difference between the
unit prices in each network decreases. However, the proba-
bility that new calls will be blocked in the UMTS network
increases. Almost all of the mobile stations prefer the WLAN
when the price per packet in the WLAN is considerably less
than that in the UMTS cellular network. The less the differ-
ence in the price per packet between the two networks, the
greater is the preference for the UMTS cellular network. The
two lines intersect at unit price ratios of 0.66, 0.58, and 0.50 for
50, 60, and 70% of real-time calls in both networks, respec-
tively. At these intersections, the probability that new calls
will be blocked is the same in the two networks. That is, if the
price per packet is set at these points, equal network perfor-
mance is achieved because the traffic load is balanced between
the two networks.
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Fig. 6 The probability that new calls will be blocked against the unit
price ratio between the UMTS cellular network and the WLAN

6.2 QoS performance in the QoSAC

Figure 7(a) and (b) show the performance of our QoSAC
scheme and the other schemes in terms of mean packet delay
time in the UMTS cellular network and WLAN, respec-
tively. The parameters in this example are set as fol-
lows: 1/u,, =0.005(1/p,,, = 0.003), cpy = $0.01 (cppry
= $0.006), and ¢,;,, = $0.009 (¢, = $0.002). Under the
same call duration time, the call arrival rate represents the
traffic load of a network. That is, a high arrival rate indicates
a high traffic load. As seen in Fig. 7(a) and (b), the perfor-
mance improvement for real-time and nonreal-time traffics
in our scheme is obvious. Especially, the improvement
increases with higher arrival rate. When the call arrival rate
increases, the mean packet delay times in the QoSAC scheme
is always lower than the delay tolerance, because only this
scheme consider the constraints on packet-level QoS in both
networks. This shows that the QoSAC scheme is even more
efficient with respect to packet delay time than the other
schemes, because the QoSAC scheme does not only admit
the call but also allocate the data rates if it is predicted not to
satisfy the packet delay time.

Figure 8(a) and (b) show the variations in the proba-
bility that a particular packet will be lost against the call
arrival rate in the overlapping area. In line with the aims of
the schemes, the probability that a particular packet will be
lost also satisfies the tolerance for packet loss in both the
QoSAC and JSAC schemes, because only these schemes
consider the constraints on packet-level QoS in both net-
works. Moreover, the packet loss probabilities of real-time
and nonreal-time traffics in QoSAC scheme are slightly
lower than that of the JSAC scheme. This is also because
the QoSAC scheme does not only admit the call but also
allocate the data rates if it is predicted not to satisfy the
packet loss probabilities. Therefore, it is clear that the
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Fig. 7 Mean packet delay time (a)
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QoSAC scheme is more efficient with respect to packet-
level QoS.

Figure 9(a) and (b) show the variations in the proba-
bility that new calls will be blocked and the probability that
vertical handoff calls will be dropped against the rates at
which new calls arrive. Let the handoff calls be equal to
50% (0 = 50) of these incoming calls. In Fig. 9(a), the
probability that new calls will be blocked at the new call
arrival rate 0.25 is 0.27, 0.15, and 0.11 in the QoS support,
JSAC, and QoSAC, respectively. In Fig. 9(b), the proba-
bility that vertical handoff calls will be dropped at the new
call arrival rate 0.25 is 0.25, 0.13, and 0.10 in the QoS
support, JSAC, and QoSAC, respectively. Both figures
show that the QoSAC scheme is more efficient than the

) 1
0.10 0.15
New call arrival rate

other schemes at providing call-level QoS. That it does so
is due to the fact that the QoSAC scheme utilizes the
resources in each network.

6.3 Revenue performance in the QoSAC

Figure 10 shows the variation of revenue generated against
the call arrival rate by the Q0SAC scheme in a 24-h period.
The comparison is based on the average revenue generated
by the Q0SAC scheme in each network. When the rate at
which new calls arrive increases, a small gap is maintained
between the average revenue of the UMTS cellular net-
work and that of the WLAN, due to the load balancing that
is achieved by optimal rate allocation. These results show
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Fig. 8 The probability that a particular packet will be lost in (a) the
UMTS cellular network (b) the WLAN

that the QoSAC scheme is very suitable for resource
management in a wireless integrated network, due to its
strong adaptivity. Sometimes, the WLAN has the greater
revenue, whereas at other times, the UMTS cellular net-
work has the greater revenue. This is because more arrival
calls access the WLAN before the WLAN is saturated.
After the WLAN is saturated, fewer arrival calls access the
WLAN because it is not guaranteed to provide QoS.
Therefore, the revenue for the WLAN is greater than that
for the UMTS cellular network when the call arrival rate is
low. However, the revenue for the WLAN is less than that
for the UMTS cellular network when the call arrival rate is
high.

Figure 11(a) and (b) show the average revenues for
QoSAC scheme and the other schemes under various call
arrival rates in the UMTS cellular network and WLAN,
respectively. In the UMTS cellular network and WLAN,
due to the rate allocation technique for the revenue maxi-
mization, we can see the significant revenue gain of the
QoSAC scheme in high call arrival rates. That is, the
average revenues obtained in the QoSAC scheme are 2.2
and 8.0% over than those in the other schemes when the
UMTS cellular network and WLAN are in high call arrival
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Fig. 9 (a) The probability that new calls will be blocked and (b) the
probability that vertical handoff calls will be dropped

rates, respectively. This demonstrates that the CAC with
noncooperative rate allocation can achieve better revenue
than only vertical handoff provision.

7 Conclusion

We have proposed a new scheme for a wireless integrated
network that incorporates network selection into a resource
management scheme. The new scheme consists of the
mobile stations’ preferences, QoS-sensitive admission
control, and rate allocation based on game theory. By
optimizing the rate allocation to each network, the new
scheme is able to balance the load between the networks
and maximize network performance under independent and
competitive circumstances. The QoSAC scheme also pro-
vides the proper unit price for each network and a chance to
make admission control QoS-sensitive by making a packet-
level metric. Selecting networks according to mobile sta-
tions’ preferences is more effective and realistic than
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Fig. 10 Revenue comparison between the UMTS cellular network
and the WLAN
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Fig. 11 Revenue comparison between the QoSAC scheme and the
other schemes in (a) the UMTS cellular network (b) the WLAN

selecting according to signal strength. Therefore, the
QoSAC scheme provides insights and design guidelines for
fourth-generation wireless integrated networks.

In this paper, it was assumed that all mobile terminals
are dual-mode terminals. In real environments, the system
may also use single-mode mobile terminals. In future work,
we will explore the application of the proposed resource
management method to environments that have both sin-
gle-mode and dual-mode mobile terminals. In addition, we
will try to obtain an optimal solution for n-person games by
adding a newly commercialized network, such as like
WiMax. Also, if a network provider operates the two net-
works, then they can cooperate with each other in order to
operate the networks efficiently. Therefore, this coopera-
tive game problem should be studied. It is likely that a
better optimal solution can be obtained than the one
achieved herein, because mutual negation is possible.
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