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Miguel López-Benı́tez, Student Member, IEEE, Javier Gozalvez, Member, IEEE

Abstract—Heterogeneous wireless systems are envisaged as the integration and joint cooperative management of diverse radio
access networks and technologies through which network providers can satisfy the wide variety of user/service demands in a more
efficient manner by exploiting their varying characteristics and properties. To achieve this objective, a key tool is common radio resource
management techniques designed to jointly manage the radio resources from different radio access technologies. In this context, this
work proposes and optimizes new common radio resource management techniques designed to efficiently distribute traffic among
the available radio access technologies while providing adequate quality of service levels under heterogeneous traffic scenarios. The
obtained results demonstrate the ability of the proposed solutions to provide high user/service satisfaction levels while adequately
exploiting the overall system resources.
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1 INTRODUCTION

FUTURE heterogeneous wireless networks, also re-
ferred to as Beyond 3G (B3G) networks, are intended

to provide an open and flexible architecture for the co-
existence of a wide variety of Radio Access Technologies
(RATs) with diverse features and capabilities that should
be able to support different applications and services
with various Quality of Service (QoS) demands. The B3G
concept assumes that different radio access networks can
be cooperating components of a heterogeneous wire-
less system through which network providers can sat-
isfy the wide variety of demands in a more efficient
manner. The complementary characteristics offered by
different wireless technologies in terms of transmission
rates, coverage, and cost/revenue, make it possible to
exploit the trunking gain leading to a higher overall
performance than the aggregated performances of the
standalone networks. Nevertheless, the potential gains
of B3G networks will only turn into reality by means of
an appropriate and efficient management of the whole
pool of available radio resources provided by each one of
the individual RATs. In this context, the term Common
Radio Resource Management (CRRM) is used to refer
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to the set of functions addressed to ensure an efficient
and coordinated use of the available radio resources in
a heterogeneous wireless system.

The CRRM concept embraces diverse functionalities.
One of the most important functions within the CRRM
concept is the RAT selection procedure, which is in
charge of deciding the most suitable RAT to transmit the
user information. It is important to highlight that diverse
service types and user profiles with varying QoS require-
ments are usually present and not all the available RATs
may be able to fulfill such requirements. Therefore, user-
to-RAT assignments must be decided to satisfy the user
QoS demands and optimally exploit the overall radio re-
sources. While previous work on CRRM and RAT selec-
tion has mainly focused on the development of solutions
aimed at maximizing the overall system capacity, the
design of strategies from the QoS-provision viewpoint
has received less attention. In this context, the work
reported in this paper is focused on the development of
new CRRM techniques designed to efficiently distribute
heterogeneous traffic among the available RATs in order
to provide appropriate user/service QoS levels while
adequately exploiting the available radio resources of
each RAT. Different novel criteria for deciding the most
suitable user-to-RAT assignment are proposed in this
work and evaluated by means of extensive system level
simulations.

The rest of this work is organized as follows. First, Sec-
tion 2 provides a brief overview of the related previous
work. Then, the new RAT selection strategies proposed
in this work are presented in Section 3. The SPHERE
simulation platform, which has been used to assess the
performance of the proposed algorithms, is described in
Section 4. Section 5 presents and analyzes the obtained
results, and Section 6 summarizes this research.
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2 RELATED WORK

The CRRM concept has been identified as an important
aspect by the 3GPP, which defines some recommen-
dations and architectures for CRRM operation [1], [2].
RAT selection algorithms, however, are not defined by
the standardization bodies. Therefore, their development
has become an important research topic attracting the
interest of the research community during the last years,
resulting in a number of solutions published in the
literature. For instance, [3] proposes a general framework
for the definition of policy-based initial RAT selection
strategies. Some simple policies based on prestablished
service-to-RAT assignments are also defined and evalu-
ated in [3]. Reference [4] extends the work reported in
[3] by considering the impact of multi-mode terminals,
i.e. terminals able to operate in different RATs. It is
possible to take advantage of the presence of multi-mode
terminals by performing a Vertical Handover (VHO) of
multi-mode terminals between RATs in order to free the
capacity required to accept new calls from single-mode
terminals. Several strategies to perform this traffic rear-
rangement are discussed in [5] and references therein.

The potential benefits of CRRM are evaluated in [6].
The load-balancing strategies employed in the study are
aimed at achieving a uniform traffic distribution, which
is pointed out to be desirable in order to maximize the
trunking gain and minimize the probability of making
unnecessary VHOs. For non real-time services, the load
balancing is performed based on the measured buffer
delay, while for real-time services a load balancing prin-
ciple based on load thresholds is proposed. In [7], the
authors present a refinement where these thresholds
are dynamically modified according to the load of the
alternative RATs in order to avoid unnecessary VHOs,
thus reducing the associated signaling load. In [8], a com-
parison between load balancing principles and service-
based CRRM policies is performed.

Several RAT selection principles based on the signal
strength (coverage) and instantaneous load are sug-
gested in [9]. VHOs are performed according to a given
signal-to-noise ratio threshold, which is selected to ob-
tain a certain load distribution.

In [10], a terminal-based strategy where users compete
for the best RAT, and a network-based strategy where
the network chooses the users to serve at any given time
are compared. The work assesses the performance gain
due to both multi-radio access and multi-user diversity
with respect to the non-multi-radio case, where users are
constrained to connect to the same RAT.

A theoretical study on the distribution of multiple
bearer services onto different subsystems in multi-access
wireless systems is shown in [11]. Based on subsystem’s
multi-service capacities, near-optimum subsystem ser-
vice allocations that maximize combined multi-service
capacity are derived through optimization methods.

As it can be derived from the previous revision, dif-
ferent solutions based on diverse approaches have been

proposed in the literature for the RAT selection problem
in heterogeneous wireless systems. However, the work
in this field is still open and more efforts must be de-
voted to the development of adaptive and user/service
efficient solutions. In this context, this work advances the
state-of-the-art by proposing novel algorithms that are
not basically based on system performance and require-
ments but that focus on providing adequate QoS levels
under heterogeneous traffic scenarios while optimally
exploiting the overall available radio resources.

3 PROPOSED ALGORITHMS

The solutions proposed in this work are characterized by
the use of utility functions that numerically quantify the
factors taken into account in the RAT selection decision
and assign a utility value to each available RAT. These
utility functions have been designed in order to provide
an adequate trade-off between modeling accuracy (i.e.,
representation of the considered system aspects) and
implementation complexity (i.e., ready availability of
the required input information) in real systems. In the
first proposed algorithm, the utility function quantifies,
based on the perceived channel quality, the estimated
throughput that may be expected from each candidate
RAT. Therefore, this approach will be referred to as UBET
(Utility Based on Expected Throughput) algorithm. In
the second proposed algorithm, the transmission rate
expected from each candidate RAT is also taken into
account, but the utility that each user assigns to a
given transmission rate depends on that required by the
service in order to achieve an adequate QoS level. Hence,
this second approach will be referred to as UBReQoS
(Utility Based on Required Quality of Service) algorithm.

3.1 UBET Algorithm
In heterogeneous networks, diverse RATs with different
capabilities are available. In principle, high QoS levels
could be expected if users were assigned to the RAT
with the best capabilities in terms of transmission rate.
This policy, however, could lead to undesirable situa-
tions where such RAT would remain heavily loaded,
even congested, while the resources of other alternative
RATs would be underutilized. For a sufficiently high
number of users, other alternative RATs experiencing
lower loads might offer a suitable performance for the
requested service despite their lower transmission rates.
These observations suggest the need for more intelligent
RAT selection policies in order to exploit the available
resources in a more efficient manner. In this context,
the UBET algorithm is here proposed. The underlying
idea is to provide high QoS levels to users by preferably
assigning them to the RAT with the best transmission
capabilities until the load level supported by that RAT,
which can be associated to the experienced interference
levels and thus the measured channel quality, reaches
a value such that a better performance is expected
from other alternative RATs. To this end, each RAT is
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assigned a utility value that represents an estimation
of the throughput expected for the user if the RAT is
chosen. Every time a RAT selection decision needs to be
made for an incoming user, the RAT offering the highest
utility value (i.e., expected throughput) is selected.

The data rate expected from a RAT strongly depends
on the features of its transmission technology. In general,
RATs offer several Transmission Modes (TMs), i.e. var-
ious combinations of transmission parameters such as
modulation and coding scheme, that provide different
trade-offs between resilience to propagation errors and
transmission rates. In this case, the TM employed is usu-
ally changed dynamically according to the experienced
instantaneous channel quality following different Link
Adaptation (LA) or Adaptive Modulation and Coding
(AMC) techniques [12], [13]. Considering these adaptive
policies, the throughput, and hence the utility for each
RAT, can be estimated using the BLock Error Rate (BLER)
for each TM as a function of the channel quality. Assum-
ing a set of Tm TMs in RAT m, Tm = {TMm

i }i=1,2,...,Tm ,
the throughput ΓTMm

i
(γm) for each transmission mode

TMm
i of RAT m can be expressed as a function of the

channel quality γm experienced in such RAT as:

ΓTMm
i

(γm) = RTMm
i
·
[
1− BLERTMm

i
(γm)

]
(1)

where RTMm
i
∈ R+ represents the data rate of transmis-

sion mode TMm
i and BLERTMm

i
(γm) ∈ [0, 1] represents

the BLER measured for the experienced channel quality
γm when TMm

i is used. Assuming as usually done that
the TM maximizing the throughput is always employed,
the envelope of these curves can be used as an estimation
of the throughput that may be experienced if RAT m
is selected. Thus, this envelope constitutes the utility
function of the UBET algorithm. The utility function for
the m-th RAT, denoted as Um1 (γm), is thus computed as:

Um1 (γm) = max
i

ΓTMm
i

(γm) , i = 1, 2, . . . , Tm (2)

By applying this general method to every available
RAT, a set of curves representing an estimation of the
expected throughput as a function of the channel quality
is obtained for each candidate RAT. Figure 1 shows an
example of Um1 (γm) for the HSDPA technology.

When computing Um1 (γm) it is implicitly assumed
that the user will be assigned a channel every time it
is requested, completely neglecting the effect of other
users in the current cell that are connected to the same
RAT, and therefore competing for the available channels.
To account for this effect, a second utility function is
introduced in the definition of the UBET algorithm:

Um2 (Nm,n
u,eff , N

m,n
c ) =

1, Nm,n
u,eff ≤ Nm,n

c
Nm,n
c

Nm,n
u,eff

, Nm,n
u,eff > Nm,n

c
(3)

where Nm,n
u,eff ∈ R+ represents the effective number of

active users currently connected to the same RAT m and
the same cell n as the user that the RAT selection policy
is currently addressing, and Nm,n

c ∈ N represents the
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Fig. 1. UBET utility function Um1 (γm) for HSDPA.

number of channels available for RAT m in cell n. The
concept of effective number of active users is introduced in
order to account for the possibility offered by some RATs
to simultaneously allocate several channels to a single
user (i.e., multi-channel operation) and share a single
channel among various users (i.e., user multiplexing).
The effective number of active users is defined as:

Nm,n
u,eff =

Nm,n
u∑
l=1

αm,nl

βm,nl

(4)

where Nm,n
u ∈ N is the actual number of real users (i.e.,

mobile stations) connected to RAT m in cell n, αm,nl ∈ N
represents the number of channels simultaneously allo-
cated to user l in RAT m and cell n, and βm,nl ∈ N denotes
the total number of users (including user l) sharing the
set of αm,nl channels. Notice that Nm,n

u,eff = Nm,n
u if each

user is assigned a single channel (αm,nl = βm,nl = 1).
The final UBET utility value is computed as:

Um = Um1 (γm) · Um2 (Nm,n
u,eff , N

m,n
c ) (5)

If Nm,n
u,eff ≤ Nm,n

c , the allocation of a channel every time
it is requested is guaranteed for all cell users. In this
case Um2 (Nm,n

u,eff , N
m,n
c ) = 1, meaning that the utility value

for RAT m is given by Um = Um1 (γm). On the other
hand, if Nm,n

u,eff > Nm,n
c , some users might not receive a

channel whenever requested. Considering the worst case
scenario in which all cell users simultaneously request a
channel and assuming a relatively fair scheduling policy,
it has been assumed that if Nm,n

u,eff = r · Nm,n
c (r > 1)

in average each user would have access to a channel
Um2 (Nm,n

u,eff , N
m,n
c ) = 1/r times it is requested. Therefore,

Um = Um1 (γm)/r, meaning that in such a case a lower
throughput is expected in RAT m due to the scarcity of
channels with respect to the number of active users. The
UBET algorithm operation is summarized in Figure 2.

3.2 UBReQoS Algorithm
The UBET algorithm assigns users to the RAT with the
highest expected throughput performance regardless of
the specific user/service QoS requirements. If users of
services with low QoS requirements, which could be
satisfactorily served by several RATs, are assigned to
the RAT with the best data rates, they could degrade
the performance of other users requesting services with
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Fig. 2. UBET algorithm operation.

higher QoS requirements that can only be provided by
the RAT with the highest capabilities. This situation can
be avoided if users are allocated to a RAT offering the
required QoS level but not necessarily higher. As a first
approach, each service could be preassigned to a RAT
according to the required QoS and the RAT capabilities.
This simple solution could however be inefficient since a
service demand increase may lead to congestion on the
associated RAT. A more elaborated solution is therefore
required to satisfy the requested QoS levels while ex-
ploiting the available resources more efficiently. To this
end, the UBReQoS algorithm is here proposed.

The aim of the UBReQoS algorithm is to intelligently
distribute the users of a heterogeneous traffic scenario
among the available RATs according to the QoS level
required by the user/service. To this end, the utility func-
tion defined for this algorithm assigns to each candidate
RAT a utility value that depends not only on the data
rates offered by each candidate RAT, but also on the
specific user QoS requirements.

Due to the importance of the service’s data rate re-
quirements for the definition of the UBReQoS algorithm,
a detailed discussion of this aspect is firstly required.
The nominal average data rate needed by the considered
service to be satisfactorily provided, hereafter denoted as
Rnom ∈ R+, may be evident for some services, but not for
some others. For real-time and delay-sensitive services,
Rnom can be easily determined since these services are
generally characterized by a nominal average source bit-
rate (e.g., video at 64 kbit/s). On the other hand, the
identification of Rnom for many non-real-time services
may not be immediate. To avoid ambiguities, a method
for deriving Rnom for such services is proposed. The
idea is to compute a representative packet size value
for the service and divide such value by the time in-
terval considered by the user as admissible for each
packet transmission. Web browsing and email services
are considered here as illustrative examples, although
the proposed method could be extended to other ser-
vices. Considering these two services, the first step is
to compute FS(·), the Cumulative Distribution Function

(CDF) of the web page or email sizes S. To this end,
we have computed FS(·) considering the web browsing
and email traffic models mentioned in Section 4. Another
option would be to capture the packet sizes on a real
network and compute the empirical CDF. Once FS(·) is
obtained, a size value is then derived as Sκ = F−1

S (κ),
where F−1

S (·) is the inverse of FS(·) and the value of
κ ∈ [0, 1] depends on the target objectives. In this work,
the median packet size value (obtained for κ = 0.5,
i.e. the maximum size for 50% of the samples), is con-
sidered unless otherwise stated. Although the average
packet size would be simpler to compute, it may not be
statistically representative when packet sizes take very
dissimilar magnitudes, since a few packets with very
low/high sizes can induce appreciable changes in the
average value of the whole sequence (this trend was
indeed observed in our studies). In this case, the median
value usually is a more representative value of the packet
sizes present in a packet sequence. As a matter of fact,
our studies showed a good match between the median
packet size and the most frequently observed packet size
for the traffic models cited in Section 4. Following the
indications provided by the 3GPP in [14], a web page
or email transmission is considered to be satisfactory if
performed in less than δmax = 4 seconds (other values
may be defined for other services). For non-real-time
services, Rnom is then computed as Rnom = Sκ/δmax.

Based on the user’s service Rnom, a utility function
u1(R) is defined in order to assign a utility value to the
different data rates R offered by the candidate RATs:

u1(R) =


µ · R

Rnom
, R <

Rnom

µ
(6a)

1, R ≥ Rnom

µ
(6b)

where µ ∈ (0, 1] is introduced for a fine tuning of the
algorithm and will be discussed later on. Figure 3 depicts
u1(R) for different values of Rnom and µ. Notice that
different combinations with the same Rnom/µ ratio lead
to the same utility function u1(R).

To understand the rationale of u1(R), assume µ = 1 at
this point. Equation (6a) then corresponds to data rates
R that are not enough to satisfyRnom. In this region,
R = Rnom/r (r > 1) is assigned a utility 1/r times the
maximum possible value; this is a simple and straightfor-
ward manner to decide the utility of different transmis-
sion rates based on the service requirement Rnom. On the
other hand, for µ = 1 equation (6b) corresponds to data
rates R capable to satisfy the required Rnom. In this case,
the utility does not increase with R and for R > Rnom the
user perceives the same utility as for R = Rnom. Hence,
a RAT providing a rate Rnom is sufficient to satisfy the
user QoS requirements, and selecting other RATs offering
higher transmission rates will not increase utility beyond
one. As a result, the user would be assigned to a RAT
capable of satisfying the data rate requirements, even
if there are other RATs providing higher data rates. This
process helps distributing traffic among RATs adequately
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Fig. 3. UBReQoS utility function u1(R).

according to the real user’s QoS needs.
The parameter µ in equation (6) is defined as the utility

u1(R) perceived by the user when the transmission data
rate R is equal to Rnom. This parameter controls the
boundary between the regions of data rates that are
regarded as sufficient or not in order to satisfy the user
QoS requirements. Although the natural choice for this
parameter would be µ = 1, other values are eligible for
a fine algorithm tuning. This parameter has been intro-
duced in order to provide a higher degree of flexibility in
the design and configuration of the algorithm and hence
a more accurate control of the algorithm performance.

Based on equation (6), a utility value can be as-
signed to each candidate RAT based on the relation
between the RAT transmission rate R and the service’s
Rnom. The difficulty in applying equation (6) comes
from the fact that the final transmission rate R a user
will experience in a certain RAT cannot be predicted
beforehand, which depends on the set of available TMs,
Tm = {TMm

i }i=1,2,...,Tm
, the corresponding data rates

Rm = {RTMm
i
}i=1,2,...,Tm , and how often each TM is

used. Since the channel quality a user will experience
if assigned a RAT cannot be predicted at the moment
of making the RAT selection decision, it is not possible
to predict the TMs the user will employ and there-
fore the resulting rate R and its corresponding utility
u1(R). To address this issue, the decision problem can
be characterized from a probabilistic point of view by
considering the set Pm = {pTMm

i
}i=1,2,...,Tm

, where each
element pTMm

i
represents the probability to use each

mode TMm
i . The probability pTMm

i
can be computed as

the quotient between the number of times that TMm
i has

been selected in previous transmissions and the number
of TM selection decisions in RAT m. The probabilities
pTMm

i
would then be updated upon each TM selection

decision. Given the sets of transmission rates offered by
each candidate RAT, Rm, and their corresponding sets
of probabilities, Pm, the utility function u1(R) can be
employed to assign a utility value to each candidate
RAT by means of a von Neumann-Morgenstern expected
utility function, which computes the expected utility
of an arbitrary lottery (set of probabilities) as a linear

combination of the individual utilities of its parts [15].
Thus, the utility for each candidate RAT is given by:

Um1 (Rm,Pm) =

Tm∑
i=1

pTMm
i
· u1

(
RTMm

i

)
(7)

The function Um1 (Rm,Pm) assigns to each candidate
RAT a utility value that depends not only on the ex-
pectable RAT transmission rates but also on the specific
user QoS requirements.

Similar to the UBET algorithm, the utility function
Um2 (Nm,n

u,eff , N
m,n
c ) defined in equation (3) is considered

to account for the negative effects deriving from user
overload. Although the RAT selection process depends
on the RATs available in a given cell and the cell user
load, the interference resulting from neighboring cells
can also impact the performance and should therefore
be taken into account in the RAT selection process. To
include the effect of interfering users, the function:

Um3 (Pm, γm) = 1−
Tm∑
i=1

pTMm
i
· BLERTMm

i
(γm) (8)

is introduced, where BLERTMm
i

(γm) represents the same
parameter as in equation (1). Since BLERTMm

i
(γm) is a

decreasing function of γm, Um3 (Pm, γm) decreases as the
channel quality γm degrades. This method is therefore
an adequate way to quantify the impact of the channel
quality and the expected usage of each TM on the utility
value of the candidate RATs.

The final utility Um for the m-th RAT is computed as:

Um = Um1 (Rm,Pm)·Um2 (Nm,n
u,eff , N

m,n
c )·Um3 (Pm, γm) (9)

The user is finally assigned to the RAT with the highest
utility value as illustrated in Figure 4. In case the maxi-
mum utility value Um = 1 is obtained for more than one
RAT, other additional criteria may be employed to make
the final decision. The solution adopted in this work
is to select the RAT offering the lowest transmission
capabilities out of all the RATs achieving Um = 1. This
approach has been chosen in order to select a RAT
capable to satisfy the required QoS level and reserve
resources in RATs offering higher performances for more
QoS-demanding services.

3.3 Channel Quality Estimation
Some of the utility functions defined in this work, in par-
ticular Um1 (γm) of the UBET algorithm and Um3 (Pm, γm)
of the UBReQoS algorithm, require the experienced
channel quality γm to be measured during system op-
eration. Although several methods have been proposed
in the literature for this purpose [16], [17], they are
usually complex, technology-dependent, and require an
important computational cost. In order to increase the
applicability of the algorithms proposed in this work and
to simplify its practical implementation, we also propose
an approximation that can be used to easily estimate the
channel quality for each candidate RAT. The proposed
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Fig. 4. UBReQoS algorithm operation.

method is not intended to provide an accurate value of
the channel quality as in [16], [17] but rather an adequate
estimation with a reduced computational cost that sim-
plifies the implementation of the algorithms proposed
in this work. To cope with the potential dimensioning
effects of channel quality estimation inaccuracies, the
approximation here described provides an estimate of
the worst case channel quality conditions that might be
experienced. Considering the worst case scenario is a
common system and network engineering approach.

The suggested approximation is based on the CIR
value predicted by a given propagation model according
to the number of interfering users. The procedure is
here illustrated considering the downlink, but could be
used in the uplink as well. The implemented method-
ology estimates separately the carrier and interference
levels. The carrier level is obtained assuming a worst-
case situation in which the considered user is located
at the border of the cell and the serving base station
is in the center. The motivation for this approach is
to guarantee that the actual user performance on the
selected RAT will not be lower than that estimated based
on the channel quality, even in the most unfavorable
case. To estimate the interference level a distinction is
made between Frequency/Time-Division Multiple Ac-
cess (FDMA/TDMA) and Code-Division Multiple Ac-
cess (CDMA) systems. In FDMA/TDMA-based systems,
interference originates from co-channel cells separated
from the interfered cell by a distance equal to the reuse
distance D (considering only the first tier of interfer-
ing cells). Interfered and interfering users have been
assumed to be situated in the center of their respective
cells in order to eliminate mobility effects on the instanta-
neous channel quality. The CIR value for FDMA/TDMA
systems is therefore approximated by:

CIRFDMA/TDMA =

Pj
LP (dj)∑

k∈Ω

Pk
LP (Dk)

+N0 ·W
(10)

where Pj is the average transmission power of the
desired signal in the reference cell (cell j), LP (dj) is the
path loss between the center and the border of cell j (i.e.,
over a distance equal to the cell radius dj), Ω is the set of
co-channel interfering cells, Pk is the average interfering
power from the k-th interfering cell, LP (Dk) is the path
loss over a distance equal to the reuse distance Dk from
the center of the k-th interfering cell to the center of
the considered reference cell, and N0 · W represents
the thermal noise at the receiver in the reference cell,
with N0 being the noise power spectral density and W
the channel bandwidth. LP (·) depends on the selected
propagation model, not restricted by this method.

In CDMA-based systems, interference is generated in
surrounding cells but also inside the considered cell
since multipath fading decreases the orthogonality be-
tween the cell’s channelization codes, leading to some
intra-cell interference. Inter-cell interference is estimated
as for FDMA/TDMA systems. For intra-cell interference
estimation, the interfered user is supposed to be at the
cell border while the transmitting base station is in the
center. In this case, the interference power is attenuated
by an orthogonality factor α [18, p. 58], with typical
values α ∈ [0.4, 0.9] for multipath channels [19, p. 194].
Thus, for CDMA systems the CIR value is computed as
indicated in equation (11), where PTj

and PTk
represent

the average total transmitted power in the reference cell
j and in the k-th interfering cell, respectively.

CIRCDMA =

Pj
LP (dj)∑

k∈Ω

PTk

LP (Dk)
+

(PTj
− Pj)(1− α)

LP (dj)
+N0 ·W

(11)
The proposed procedure offers a simple way to es-

timate the experienced CIR for each present candidate
RAT since it only needs to know the current average
transmission power of the interfering cells and the dis-
tance to each one of them. The model can be further
simplified by assuming that all the interfering cells are
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located at a given equivalent distance (according to the
actual radio planning) and transmit at a constant average
power per interfering user. This model then establishes
a direct relation between the number of interfering users
and the CIR value, which can be stored in a table. Upon
each RAT selection decision, the number of interfering
users would be determined (the average number of
active users should be exchanged periodically among
sets of nearby base stations or core network controlling
nodes) and the associated CIR value would be queried
in the aforementioned table. With respect to the case
in which the experienced CIR is constantly measured
during system operation following previous proposals
[16], [17], the approximation described in this section
allows an easier implementation of the proposed algo-
rithms and requires a significantly lower computational
cost since the only requirement is to query a value in a
table whenever a RAT selection decision is to be made.

4 SIMULATION PLATFORM

The performance of the proposed algorithms has been
assessed by means of extensive system level simulations.
These simulations have been carried out using SPHERE,
an advanced Simulation Platform for HEterogeneous
wiREless systems [20]. The SPHERE platform integrates
three advanced system level simulators for GPRS, EDGE,
and HSDPA technologies. The specifications of their
radio interfaces are implemented in detail and radio
transmissions are emulated at the packet level. This
confers to the SPHERE platform the ability of accurately
evaluating the final user perceived QoS.

Table 1 summarizes the simulation configuration. A
cell layout of 27 omni-directional cells with a radius of
500 m is considered, with all GPRS, EDGE and HSDPA
base stations co-located in the same site for the 27 cells.
To avoid border effects, a wrap-around technique is
applied. Once a service request is granted, free chan-
nels are assigned randomly. When no free channel is
available, the requesting user is queued. For GPRS and
EDGE users, a First-Come First-Served (FCFS) schedul-
ing policy is applied, while a round robin policy is used
for HSDPA users. Unless otherwise stated, each user is
exclusively assigned a single channel (αm,nl = βm,nl = 1).
In case of multi-channel operation (αm,nl > 1), allocated
channels are not shared among users (βm,nl = 1).

The simulation platform implements all the TMs of the
simulated RATs and models their adaptive utilization by
means of a LA technique, referred to as AMC in HSDPA.
LA/AMC selects the TM that, based on certain criterion,
optimizes the performance for the experienced channel
quality conditions. For non-real-time services, the TM
maximizing the throughput in equation (1) is selected
[12]. For real-time services, the algorithm proposed in
[24] is used since it improves real-time performance.

This work considers three traffic types: web brows-
ing, email, and H.263 real-time video. The implemented
models are described in [25], [26] and [27], respectively.

Erroneously received data are retransmitted through
an Automatic Repeat reQuest (ARQ) protocol. For GPRS
and EDGE, the sliding-window selective-repeat ARQ
protocol described in the 3GPP specifications [23] is im-
plemented. For HSDPA, retransmissions are performed
by an N-channel Stop-And-Wait (SAW) protocol as de-
tailed by 3GPP in [28]. These retransmission protocols
are activated for non-real-time services where transmis-
sion reliability is of key importance and some delay can
be tolerated. Real-time services are characterized by tight
delay constraints and retransmission protocols for these
services have been deactivated to avoid excessive delays
except for HSDPA, which allows for some retransmission
attempts due to its high transmission rates.

Finally, it is worth noting that all the RATs are simulta-
neously emulated and VHOs are performed dynamically
during simulations. This modeling approach, although
time and computing resource consuming, is important
to realistically and accurately evaluate the performance
and implementation costs of CRRM techniques.

5 RESULTS

This section presents the results obtained by simulation
and analyzes the performance of the proposed algo-
rithms. Different traffic scenarios have been considered
in the simulations. Table 2 shows the number of users
per cell in each evaluated traffic scenario. To analyze
the performance of the proposed algorithms, several
performance metrics have been considered. Since the
user perceived performance is strongly determined by
the frequency of use of each RAT, the first evaluated
aspect is the RAT selection percentage, defined as the
quotient (expressed in percentage) between the number
of times a RAT is selected and the number of RAT selec-
tion decisions. To objectively quantify the user perceived
QoS, several traditional figures such as throughput, de-
lay or error rate have been evaluated in the context
of this work. Moreover, and to numerically quantify
the subjective user QoS perception, another figure of
merit, referred to as user satisfaction level, has also been
considered. The definition of this parameter depends on
the considered service. Following the indications in [14],
a web page or email transmission is considered to be
satisfactory if it is performed in less than 4 seconds.
A real-time video frame transmission is assumed to be
satisfactory if completed before the next video frame is
generated. The user satisfaction level is then defined as
the percentage of times the transmission of a web page,
email or video frame is satisfactory according to the
previously described service criteria. It is worth noting
that, as expected, the objective and subjective measured
figures of merit have been observed to be closely related,
i.e. higher satisfaction levels are usually associated to
higher throughput as well as lower delay and error rate
values. As a result, and given length restrictions, our
analysis will mainly focus on the user satisfaction level;
the throughput, delay and error performances will not
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TABLE 1
Configuration of the SPHERE simulation platform.

Parameter GPRS EDGE HSDPA
Environment Urban macro cellular
User speed 3 km/h

Simulated link Downlink
Number of cells 27 omni-directional

Reuse factor 3 3 1
Cell radius 500 m

Channels/cell 4 4 4
Channel allocation Random

Scheduling FCFS FCFS Round Robin
Power/channel 30 dBm 30 dBm 30 dBm

Path loss Okumura-Hata COST 231 [21]
model fc = 1.8 GHz fc = 1.8 GHz fc = 2.0 GHz

Shadowing Log-normal with standard deviation of 6 dB. Shadowing correlation implemented
model using the Gudmundson model [22] with de-correlation distance of 20 m.

Thermal noise -121 dBm -121 dBm -107 dBm
ARQ protocol Windows size of 64 blocks. Window size according to multi-slot class [23]. 4 SAW processes.
configuration Reporting period of 16 blocks. Reporting period of 32 blocks. Maximum 3 retransmissions.

LA/AMC period 60 ms 60 ms 2 ms

TABLE 2
Traffic scenarios (users/cell).

Service
Scenario

I II III
Web browsing 2 3 4
Electronic mail 2 3 4
Video 32 kbit/s 4 6 8
Video 64 kbit/s 3 4 6

Video 256 kbit/s 1 2 2
Total 12 18 24

be shown in detail for all scenarios. Finally, another
interesting aspect evaluated here is the cost derived from
the application of the proposed algorithms, quantified
by means of the signaling load in terms of the average
number of VHOs requested per minute and per user.

5.1 UBET Performance

Figure 5 shows the RAT usage percentage for the UBET
algorithm in all the considered traffic scenarios. This
figure shows the obtained performance values, aver-
aged over all the simulated services according to Table
2. However, it is worth noting that the values indi-
vidually obtained for each service are very similar to
those shown in Figure 5. Each figure shows the results
when allocating one (αm,nl = 1, βm,nl = 1) or several
(αm,nl > 1, βm,nl = 1) channels per EDGE user. For
EDGE multi-channel operation, the number of EDGE
channels per cell is not increased but kept constant at
the same value as for EDGE single-channel operation,
as shown in Table 1. GPRS and HSDPA are always here
operated in single-channel mode (αm,nl = βm,nl = 1).
As it can be appreciated, when all RATs are operated
in single-channel mode, users are assigned to HSDPA

by the UBET algorithm since HSDPA data rates are
considerably higher than those offered by GPRS and
EDGE in single-channel mode. Such difference explains
why even under high user loads (Figure 5c) UBET
massively assigns users to HSDPA. If EDGE is operated
in multi-channel mode, its offered data rates increase and
UBET moves some users from HSDPA to EDGE. This
trend accentuates as more channels are simultaneously
allocated to an EDGE user and the cell load increases.
This behavior indicates that when the candidate RATs
provide very different transmission capabilities, UBET
mostly selects the RAT offering the higher data rates,
but when such RAT capabilities are comparable, UBET
is capable to distribute users among RATs according
to the offered RAT capabilities. To verify this trend, a
network composed of GPRS and EDGE was simulated
in single-channel mode. The obtained results indicated
that GPRS and EDGE were selected by UBET 33.82%
and 66.18% of the times, respectively. In this case, since
GPRS and EDGE data rate capabilities are more similar,
a more homogeneous traffic distribution is performed by
UBET among the available RATs. This result confirms the
previous observation about UBET traffic distribution.

To analyze how the UBET operation affects the user
perceived QoS, Table 3 shows the user satisfaction level
as well as the number of VHOs per minute and per user.
First of all, it is worth noting that high satisfaction levels
are generally observed with UBET. In fact, under low
loads satisfaction values higher than 90% are observed
for all configurations. As the user load increases, the
satisfaction level decreases due to higher interference
levels and lower resource availability. Nevertheless, even
under high load conditions (scenarios II and III), the
observed satisfaction levels are comprised between 80%
and 90%, except for scenario III with EDGE operating
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Fig. 5. UBET RAT selection percentage: (a) scenario I, (b) scenario II, and (c) scenario III.

TABLE 3
User satisfaction and average number of VHOs per

minute and per user for UBET.

Scenario Parameter
EDGE channels per user
1 2 3 4

I
Satisfaction (%) 92.73 92.17 91.38 92.29

VHOs/min/user 0.00 0.00 1.11 1.37

II
Satisfaction (%) 83.09 84.02 87.99 89.51

VHOs/min/user 0.00 0.26 1.25 1.28

III
Satisfaction (%) 71.64 80.55 85.27 87.85

VHOs/min/user 0.28 0.78 1.06 1.18

in single-channel mode (71.64%). The obtained results
indicate that UBET operates adequately since it generally
fulfills its objective, i.e. to provide high user QoS levels.

Another interesting observation from Table 3 is that for
scenarios II and III the satisfaction level increases with
the number of EDGE channels simultaneously assigned
per user. This is due to the fact that UBET assigns
a higher number of users to EDGE as the capabili-
ties of EDGE and HSDPA become more comparable,
thereby reducing the HSDPA load and increasing its
throughput performance. For example, when 4 EDGE
channels are allocated per user, the delay experienced
by video users in HSDPA improves 39.6% for scenario II
and 42.7% for scenario III with respect to the case in
which EDGE is operated in single-channel mode. On
the other hand, users assigned to EDGE operating in
multi-channel mode experience a performance slightly
lower than in HSDPA; for example, when 4 EDGE
channels are allocated per user, the average throughput
experienced for scenarios I, II and III decreseases, re-
spectively, 6.63%, 9.72% and 9.61% with respect to the
EDGE single-channel operation case. Although a lower
overall throughput performance is observed for EDGE
multi-channel operation, the UBET traffic distribution
in this case finally results in an increased global user
satisfaction level, as shown in Table 3. Therefore, as
the maximum RAT capabilities become similar, the user
distribution performed by the UBET algorithm results in
a higher global user satisfaction level. This improvement

comes at the cost of an increase in the signaling load due
to the higher frequency of VHOs between RATs. In the
case of scenario I, an increase in the signaling load is
also observed as the number of EDGE channels per user
augments, but in this case the satisfaction level remains
practically unchanged. This circumstance suggests that
under low load conditions it may not be advisable to
operate RATs with lower capabilities in multi-channel
mode since the resulting load distribution among RATs
leads to a higher cost in terms of signaling load with no
improvements in the user perceived QoS. Under higher
load situations, this strategy is able to increase the user
satisfaction, as it can be appreciated for scenarios II and
III, at the expense of an increased signaling level. In any
case, it is worth highlighting that the obtained results
suggest that when properly configured UBET is able
to provide satisfaction levels greater than 90% for low
loads, and close to 90% for moderated and high loads.

Despite the high satisfaction levels that UBET can
achieve, it suffers from an inefficient resource utilization
since the overall RAT usage is significantly unhomoge-
neous. Moreover, user QoS requirements are not directly
taken into account in the RAT decision process, which
could degrade the performance of users requesting ser-
vices with high QoS requirements as it was pointed out
in Section 3.2. To mitigate these potential disadvantages,
the UBReQoS algorithm was proposed to try to effi-
ciently distribute users among RATs based on RAT per-
formance capabilities and user/service requested QoS.

5.2 UBReQoS Performance

Figure 6 shows the RAT selection percentage for the
UBReQoS algorithm when all RATs are operated in
single-channel mode under scenario I (for scenarios II
and III the obtained percentages show similar trends).
As it can be appreciated, a different RAT selection rate is
observed for each service. Web browsing and email users
(the least QoS demanding services) are mostly assigned
to GPRS since it usually offers sufficient transmission
capabilities to provide the services’ required data rates (5
and 12 kbit/s for web browsing and email, respectively,
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Fig. 6. UBReQoS RAT selection percentage (scenario I).

according to the procedure described in Section 3.2).
Users for video at 256 kbit/s (the most QoS demanding
service) are always assigned to HSDPA, the only RAT
able to meet such QoS requirements. Finally, video users
at 32 and 64 kbit/s are mostly distributed between EDGE
and HSDPA. These RAT selection trends demonstrate
that the UBReQoS algorithm is able to distribute users
among the available RATs according to the RAT trans-
mission capabilities and user/service QoS demands.

The first consequence of the UBReQoS user distribu-
tion that becomes apparent when comparing Figures 5a
and 6 is a greater utilization of the overall available
resources with respect to the UBET algorithm, and the
fact that UBReQoS provides operators with a greater
flexibility to exploit their deployed networks. Accord-
ingly, many users that were usually assigned to HSDPA
with the UBET algorithm, even if they did not fully
require its transmission capabilities, are now directed to
other RATs with lower transmission rates. As a result,
the average throughput experienced by various services
decreases, but it is important to highlight that the UBRe-
QoS proposal has been designed to satisfy the user
QoS demands while intelligently exploiting the radio
resources, and not to maximize the system throughput.
As it can be appreciated in Table 4, the highest through-
put reduction is observed for web browsing and email
users since the transmission rates available in GPRS (the
most frequently RAT selected by UBReQoS for these
services) are significantly lower than those provided by
HSDPA (the preferred RAT with UBET). In the case
of video users at 32 and 64 kbit/s, which are mostly
allocated to HSDPA by UBReQoS, a notable throughput
reduction with respect to UBET is also observed in Table
4 since these services are in some cases allocated by
UBReQoS to EDGE, a RAT with lower data rates. On
the other hand, video users at 256 kbit/s experience a
throughput improvement when UBReQoS is employed.
Due to the traffic distribution performed by UBReQoS,
the load level supported by HSDPA decreases with
respect to UBET, leading to lower interference levels and

increased availability of resources in HSDPA. As a result,
video users at 256 kbit/s, which are always allocated
to HSDPA with both UBET and UBReQoS, experience
an increased throughput performance when UBReQoS is
employed, with relative improvements of 6.37%, 14.44%
and 28.01% for scenarios I, II and III, respectively.

Although the application of the UBReQoS algorithm
results in an appreciable throughput reduction with
respect to the UBET algorithm for web browsing, email
and video at 32 and 64 kbit/s, the assignments per-
formed by UBReQoS for such services are more appro-
priate in terms of provided QoS levels since the resulting
experienced average throughput values shown in Table
4 for UBReQoS are more in accordance with the service
required average nominal data rates. As a matter of fact,
some questionable behaviors observed for UBET (e.g.,
average throughput values for web browsing higher
than for video at 256 kbit/s), are not appreciated for
UBReQoS. Moreover, it is worth noting that the average
throughput experienced by the aforementioned services
with UBReQoS is appreciably higher than the required
average nominal data rate (notice that in general some
packets may require peak data rates considerably higher
than the average value). As opposed to the previous
services, the average throughput performance obtained
for video at 256 kbit/s is lower than the required average
data rate. However, it is important to clarify here that
this circumstance is due to the HSDPA performance
upper bound caused by the particular configuration
conditions considered in our simulations. Several factors
such as the number of users per cell needed to force
certain load conditions, the use of omni-directional an-
tennas with low cell radius, even the low GPRS/EDGE
reuse factor selected for computational cost reasons,
result in important overall interference levels for all
RATs. Such interference levels and the HSDPA single-
channel operation considered in this research constrain
the maximum throughput achieved in HSDPA, which
explains the results shown in Table 4 for video users
at 256 kbit/s. In terms of throughput performance, the
results shown in Table 4 indicate that UBReQoS not only
provides adequate QoS levels to web browsing, email
and video at 32 and 64 kbit/s according to their nominal
data rate requirements, but also is capable to enhance the
QoS level provided to the most QoS demanding service
(video at 256 kbit/s) with respect to the UBET algorithm.

To numerically quantify the impact of the UBReQoS
RAT selection policy on the user perception, Table 5
shows the obtained user/service satisfaction levels. In
general, user satisfaction statistics in Table 5 follow the
same trend as throughput performance results in Table
4, with the exception of video users at 32 and 64 kbit/s
in scenario III, for which the satisfaction level improves
despite the lower experienced throughput. This circum-
stance, which was already observed in Section 5.1, re-
veals that throughput improvements are not necessarily
related to higher satisfaction levels and vice versa. While
significant satisfaction reductions are appreciated for
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TABLE 4
Average throughput performance (kbit/s) for UBET and UBReQoS (κ = 0.5, µ = 1).

Service
Scenario I Scenario II Scenario III

UBET UBReQoS UBET UBReQoS UBET UBReQoS
Web browsing 291.49 18.69 246.15 14.29 206.44 13.15

Email 272.81 17.80 221.18 14.16 173.97 13.53
Video 32 kbit/s 237.28 104.34 203.21 78.21 173.48 81.92
Video 64 kbit/s 231.61 185.12 209.00 150.51 180.63 134.29

Video 256 kbit/s 233.27 248.14 210.45 240.83 185.60 237.59

TABLE 5
User satisfaction (%) for UBET and UBReQoS (κ = 0.5, µ = 1).

Service
Scenario I Scenario II Scenario III

UBET UBReQoS UBET UBReQoS UBET UBReQoS
Web browsing 97.70 59.64 96.98 44.12 94.72 34.16

Email 92.80 57.85 90.68 45.63 88.63 31.50
Video 32 kbit/s 99.53 90.96 95.20 92.38 84.60 93.78
Video 64 kbit/s 96.05 90.30 88.50 88.44 72.19 85.03

Video 256 kbit/s 52.49 55.89 42.58 54.62 27.80 49.72

web browsing and email services as a result of a more
frequent use of GPRS, the final user satisfaction for video
at 32 and 64 kbit/s is maintained around 90%, even
under high load conditions, due to a more frequent
assignment of these services to HSDPA. In the case of
video at 256 kbit/s, the throughput obtained for this
highly QoS demanding service cannot satisfy completely
its users. Nevertheles, it is interesting to note that the
UBReQoS traffic distribution is capable to increase the
user satisfaction level for the most QoS demanding
service with respect to UBET: while the improvement for
scenario I is equal to 3.40%, better results were observed
for other scenarios with higher load levels, in particular,
12.04% for scenario II and 21.92% for scenario III.

Another interesting trend observed in Table 5 is the
evolution of user/service satisfaction as system load
increases. In general, higher traffic loads result in re-
duced user/service satisfaction levels. However, differ-
ent trends are observed for UBET and UBReQoS. When
UBET is employed, a load increase severely degrades the
satisfaction level for the most QoS demanding services
(i.e., video at 256 kbit/s), while satisfaction values for
less QoS demanding services (especially web browsing
and email) remain practically unaffected. This trend is
due to the fact that UBET RAT selection decisions are
solely based on the expected RAT transmission perfor-
mances, completely neglecting the user QoS require-
ments. On the other hand, the QoS-aware RAT selection
criterion of UBReQoS is capable to handle the system
load growth in a more adequate manner, thereby pre-
serving the satisfaction level for the most QoS demand-
ing services at the expense of a satisfaction reduction for
the least QoS demanding, best-effort services.

As it has been observed, the current aggressive UBRe-
QoS configuration is able to improve the satisfaction
of the most QoS demanding services, but reduces sig-

nificantly the QoS level for the least demanding ones.
However, it is important to note that UBReQoS offers
the possibility to optimize its performance through an
adequate tuning and optimization of its configuration
parameters κ and µ, which provides operators with a
simple and flexible mean to tune the algorithm according
to their particular interests. In the following, we discuss
the optimization procedure that we have carried out in
order to minimize the impact on the least QoS demand-
ing services under different traffic load conditions.

The first UBReQoS configuration parameter, κ, deter-
mines the Rnom value for non-real-time services (web
browsing and email in this research), and thus affects
the algorithm behavior only for such services. The sec-
ond UBReQoS configuration parameter, µ, affects the
algorithm behavior for all services by correcting the
Rnom value for all of them. Based on these observa-
tions, a reasonable approach is to first determine an
adequate value of κ. In the previous results κ = 0.5
was assumed, i.e. the Rnom value considered for web
browsing and email according to the method described
in Section 3.2 corresponded to the highest packet size
Sκ for 50% of the cases, which could explain the low
satisfaction levels achieved for these services in Table
5. Therefore, an adequate value of κ should be found
with progressive increments until representative packet
size Sκ and Rnom values are obtained. Since the new
Rnom values for web browsing and email modify the QoS
requirements present in the system, a fine tuning of the
algorithm behavior through the value of µ should then
be performed until the desired performance is obtained.

Based on the previous procedure, the UBReQoS con-
figuration was optimized for scenarios I (κ = 0.9,
µ = 0.25) and II (κ = 0.7, µ = 0.25) with single-
channel operation (see Table 6). When comparing the
optimized configurations against the reference configu-
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TABLE 6
User satisfaction (%) for UBET and UBReQoS (without and with optimization).

Service

Scenario I Scenario II

UBET
UBReQoS UBReQoS

UBET
UBReQoS UBReQoS

κ = 0.5, µ = 1 κ = 0.9, µ = 0.25 κ = 0.5, µ = 1 κ = 0.7, µ = 0.25

Web browsing 97.70 59.64 94.01 96.98 44.12 62.74
Email 92.80 57.85 93.51 90.68 45.63 85.12

Video 32 kbit/s 99.53 90.96 97.27 95.20 92.38 96.86
Video 64 kbit/s 96.05 90.30 94.96 88.50 88.44 95.16
Video 256 kbit/s 52.49 55.89 55.66 42.58 54.62 53.93

ration previously considered (κ = 0.5, µ = 1), significant
performance improvements are observed for the least
QoS demanding services. In particular, the satisfaction
improvements achieved by the optimized configuration
for web browsing and email services are 34.37% and
35.66% for scenario I, and 18.62% and 39.49% for scenario
II, respectively. It is interesting to note that this satis-
faction improvements are not obtained at the expense
of the most QoS demanding ones, since the satisfaction
levels for video users at 256 kbit/s are preserved with the
optimized configuration. These results indicate that, by
means of an appropriate configuration of the UBReQoS
algorithm, it is possible to maintain the satisfaction
improvement achieved for the most QoS demanding
services with respect to the UBET algorithm while min-
imizing the impact on the rest of services, clearly high-
lighting the potential of UBReQoS to efficiently organize
transmissions in a heterogeneous framework. In fact, the
optimization of the UBReQoS algorithm shown in this
work clearly indicates that it is possible to adequately
serve multimedia traffic services through an adequate
and intelligent management of the radio resources.

The UBReQoS algorithm was also compared with a
reference case in which each service is always delivered
by the same predefined RAT, as in [3]. In this case,
the RAT for each service has been selected following
the RAT capabilities and the service QoS requirements,
resulting in the following assignments: web browsing
and email services are always provided by GPRS, video
at 32 kbit/s by EDGE, while video at 64 and 256 kbit/s
are delivered by HSDPA. Despite also looking to assign
services to RATs based on QoS requirements, UBReQoS
offers a higher flexibility and is capable to dynamically
adapt the user distribution to the instantaneously expe-
rienced load and demand conditions. The results shown
in Table 7 confirm the potential of UBReQoS to further
improve QoS and user satisfaction by dynamically and
intelligently managing the available radio resources.

It is important to remark that the intelligent QoS-
aware user distribution performed by UBReQoS is ca-
pable to dynamically adapt the user distribution to the
instantaneously experienced load and demand condi-
tions, offering adequate QoS levels under heterogeneous
multimedia traffic conditions while providing operators
with a high flexibility to efficiently exploit the overall
radio resources of their deployed networks.

5.3 Channel Quality Estimation Impact on System
Performance

This section analyzes the impact of simplifying the chan-
nel quality estimation (as described in Section 3.3) on
the proposed algorithms system performance. To this
end, the UBReQoS performance was analyzed under
two different settings. In the first one, the utility for
each candidate RAT was computed based on the value
of γm (expressed in terms of CIR) provided by the
approximations in equations (10) and (11). The second
evaluated setting considered the actual experienced γm
obtained by averaging CIR samples measured during
the simulation, which is equivalent to the use in a real
system of methods such as those proposed in [16], [17].

Table 8 shows the results obtained for the two settings
under scenario I when UBReQoS is configured with
κ = 0.5 and µ = 1 (other configurations and traffic sce-
narios show analogous trends). As it can be appreciated,
higher satisfaction levels are generally obtained when
basing RAT selection decisions on the approximations
of equations (10) and (11), with an average satisfaction
improvement of 5.1%. Bearing in mind that the channel
quality approximation is a more conservative approach,
these results can qualitatively be explained as follows.
The carrier level is computed assuming a worst-case
situation in which the user is located at the cell border.
To some extent, this approach provides some guarantees
that the RAT regarded by UBReQoS as adequate to
satisfy the user QoS requirements will also be adequate
even under the most unfavorable conditions. On the
other hand, if RAT utility values are computed based on
the current experienced channel quality, RAT selection
decisions might be based on channel quality conditions
that might not be maintained for the remaining duration
of the user connection, which can sometimes result in
optimistic RAT selection decisions. This situation may
occur for users that have been moving along positions
near to the base station (the latest CIR measurements
would indicate a good channel quality) but then move
away (the channel quality degrades). In this case, the
RAT initially regarded by the algorithm as an adequate
option to satisfy the user QoS requirements may become
insufficient to meet the user needs at the new location,
resulting in the general satisfaction decrease observed
in Table 8. In this context, approximating the channel
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TABLE 7
User satisfaction (%) for fixed-assignments strategy and UBReQoS (optimized).

Service

Scenario I Scenario II
Strategy of fixed UBReQoS Strategy of fixed UBReQoS

assignments κ = 0.9, µ = 0.25 assignments κ = 0.7, µ = 0.25

Web browsing 49.79 94.01 42.17 62.74
Email 54.32 93.51 44.98 85.12

Video 32 kbit/s 88.23 97.27 79.67 96.86
Video 64 kbit/s 92.90 94.96 95.40 95.16
Video 256 kbit/s 51.86 55.66 45.79 53.93

TABLE 8
Channel quality estimation impact on user satisfaction
(%) for UBReQoS (κ = 0.5, µ = 1) under scenario I.

Service Actual CIR Eqs. (10) & (11) Difference
Web browsing 52.11 59.64 +7.53

Email 57.40 57.85 +0.45
Video 32 kbit/s 93.43 90.96 -2.47
Video 64 kbit/s 76.79 90.30 +13.51
Video 256 kbit/s 49.14 55.89 +6.75

quality conditions not only enables an easier imple-
mentation of the solutions proposed in this work and
requires a significantly lower computational cost, but can
also provide higher satisfaction levels than accurately
measuring the current channel quality conditions.

6 CONCLUSIONS
This work has proposed new CRRM techniques de-
signed to efficiently distribute multimedia traffic in
heterogeneous wireless networks among the available
RATs while providing adequate QoS levels under het-
erogeneous traffic scenarios. Different novel criteria for
deciding adequate user-to-RAT assignments have been
proposed and evaluated by means of extensive system
level simulations. The first proposed solution is aimed at
providing high global QoS levels by selecting the RAT
with the highest estimated performance. The obtained
results show that this scheme is able to provide high sat-
isfaction levels but does not fully exploit the capabilities
of all the deployed radio networks. On the other hand,
the second proposed solution is designed to efficiently
distribute users according to RAT transmission capabil-
ities and user/service QoS requirements. The obtained
results demonstrate that this second approach is capable
to dynamically adapt the user distribution to the in-
stantaneously experienced load and demand conditions,
providing adequate QoS levels under heterogeneous
multimedia traffic conditions while efficiently exploit-
ing the overall available radio resources. Additionally,
in order to increase the applicability of the proposed
algorithms and simplify their implementation, this work
has also considered a simple approximation that can be
used to easily estimate the channel quality conditions.
The suggested approximation provides a conservative
channel quality estimate that was shown to generally
improve the performance of the proposed policies.
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