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Abstract— The need for optimised utilisation of scarcely
available radio resources is prevalent. An efficient use
of radio resources could lead to higher spectral efficient
transmission on wireless channels. A promising scheme
for wireless multimedia transmission at a lower cost is
adaptive modulation and coding (AMC). In this paper, a
new scheme for AMC is devised. A prioritized adaptive
CDMA modulation and a graded resource technique is
proposed for the maximisation of radio resources and for
the realisation of next wireless generation. Rate compati-
ble punctured turbo-code (RCPT) method and diversity
technique with power controlled error (PCE) are also
employed for better results. Simulations were carried out
and the proposed algorithms demonstrate an improved
throughput and robustness over the existing systems.
These improvements arise from efficient radio resource
management algorithms.

I. INTRODUCTION

Radio resource management (RRM) is the system
level control of radio transmission characteristics in
wireless communication systems [1], [2]. This system
allows parameters such as transmit power, transmit rate
and modulation schemes to be controlled in order to
utilise the limited radio spectrum resources and radio
network infrastructure efficiently. In order to achieve an
improved and efficient utilisation of resources, adaptive
radio resource management schemes that can adjust
the radio communication parameters dynamically to the
quality of service (QoS) and throughput requirements are
considered. These schemes are particularly considered
in the design of wireless systems [3], [4], in view
of maximising the system spectral efficiency without
sacrificing the system performance. This scheme has
been considered as a better algorithm for fading channels
[3], [5].

Radio resource management algorithm is described
using the AMC scheme [6]-[11] and is proposed as the
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solution for the next generation wireless systems. Also, it
is currently the major technique in the standards for 3rd-
Generation (3G) wireless systems. The AMC scheme is
deliberately developed to achieve high spectral efficiency
on fading channels [12]-[14]. The approach adopted in
achieving spectral efficiency using AMC on wireless
communications is to match the modulation, coding and
other signal parameters to the conditions on the radio
wireless communication channel [15]. These conditions
involve path loss, the interference due to signals coming
from other transmitters, the sensitivity of the receiver and
the available transmitter power margin [15].

This paper proposes an efficient adaptive radio re-
source management (ARRM) for better optimisation of
wireless channel conditions. The approach employed a
prioritised scheme whereby a parameter is given priority
over another parameter. In this work a prioritised CDMA
system is considered for adaptation in broadband direct
sequence code division multiple access (DS-CDMA)
wireless networks. This method has potential for optimis-
ing the utilisation of scarcely available radio resources
for the realisation of next wireless generation. To achieve
this, two processes have to be followed, which are to
develop efficient adaptive CDMA schemes and evaluate
the schemes via simulation. The adaptive CDMA system
has the advantage of flexibility, and it can provide high
transmission quality and throughput.

The remainder of this paper is organised as follows: In
the next section, the system model is presented. Section
III describes the proposed efficient ARRM algorithm.
In Section IV, we discuss the simulation results, while
conclusions are drawn in section V.

II. T HE SYSTEM MODEL

A. The Channel Model

In this Section, the Corazza and Vatalaro model
is considered [16] for the satellite wireless transmis-
sion systems. This wireless model is based on wide-
band channels. In this model, low earth orbiting (LEO)
satellite communication network systems and spread-
spectrum based code division multiple access (CDMA)
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technologies are considered. The binary phase-shift key-
ing (BPSK) and quadrature-shift keying (QPSK) are
applied for the transmission in the Ka-band mobile
satellite wireless systems.

Considering the diversity system, a fading signal en-
velop αl, l = 1, 2, . . . , L at the user’s path is modeled.
The αl is used to a represent Rice-lognormal wireless
channel. This can be defined as the product of two
independent process written asαl = SlRl, where Sl

represents lognormal random variable modelling long-
term shadowing effects, andRl represents Rice random
variable modelling short-term diffuse multi-path fading
over a direct signal component. The probability density
function of the instantaneous received signal power is
given by [16], [17]
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The Rice factorKl is the ratio of the direct signal power
to the diffuse multi-path power andβl = E[R2
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whereh = (In10)/20, µsl and σsl represent the mean
and standard deviation (in dB) of the associated normal
variate respectively.

Regarding the PCE, the closed-loop power control
scheme proposed is adopted [18], [19]. The logarithm
mean and the standard deviation of the power envelope
p = s of the received signal are assumed to beµpl and
σpl respectively. In a power controlled algorithm, the
received power is controlled to vary around the target
power.µpl = 0dB is set and the PCE is measured byσpl.
The channel model is validated by simulation and it is
found that the performance of the system degraded with
the decrease of Rice factor,K when PCE is constant,
and with the increase of the standard deviation of the
PCE whenK is constant. This is illustrated in Figs. 1
and 2 respectively.
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Fig. 1. Simulation results of the uncoded channel performance with
Rice Factor, K ={0, 2 , 5, 7 , 15}dB, over Rice-lognormal wireless
channel
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Fig. 2. Simulation results of the uncoded channel performance with
power control error, PCE ={1.5, 2.0 , 3.5}dB over Rice-lognormal
wireless channel

B. The Receiver Model

For the receiver model, asynchronous simultaneously
active users of a spot beam transmitting via satellite
wireless transponders andL-order path diversity are
considered and is given as[17].

r(t) =
√

2Pt

M
∑

k=1

L
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αk
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l )
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The Pt is used to represent the transmitted power,ck(t)
is used to represent the spreading sequence of thekth
user,bk(t) is used to denote the message generated at
rate1/T , τk

l andφk
l represents independent time delays

and carrier phases respectively. The fading envelope
αl(t) describes the Rice-lognormal statistics, and can
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be written asαk
l = Sk

l Rk
l where Sk

l is a lognormal
PCE due to shadowing andRk

l is the independent flat
fading present atlth path of thekth user, which are
generated at rate1/Tc. Then(t) represents the additive
white Gaussian noise (AWGN) with two-sided power
spectral density ofN0/2. The processing gain is chosen
to beGc.

Considering the case of a BPSK modulated DS-
CDMA system, the output of thenth transmitted bit
of user 1, assuming that acquisition has been achieved
is given by
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Assuming perfect estimates of the channel gains, the
above equation becomes
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whereIkl
il (T ) represents the cross correlation ofith path

of thekth user andN(T ) represents zero mean Gaussian
process with varianceN0T{α1

l }2.

III. T HE PROPOSEDARRM ALGORITHM

A. Description of The Proposed ARRM Algorithm

In this Section an algorithm, which combine CDMA
modulation adaptation with MCS parameter adaptation is
described. In the traditional adaptive CDMA algorithm
the parameters such as RicianK factor, SINR, Nu

are input into the system followed by the MSC and
CDMA modulation parameters. That is, the channel
parameters are set first and after the acquisition, the
MSC with CDMA modulation parameters are assigned.
The algorithm is executed sequentially until the channel
situation changes.

In the proposed algorithm, the channel parameters
are set first as in the traditional adaptive scheme but
the processing gain is prioritised over the MCS. The
processing gain is used to increase the granularity for
the channel adaptation and thereby provide a smoother
adaptation system. Unlike ordinary AMC that provides
a coarse adaptation to the channel, the use of processing
gain provides the fine tuning to the selected MCS. This
is illustrated in Fig. 3. Also as shown in layer 2 of the
Figure, a puncturing method is used to select the coding

Fig. 3. Block diagram of ARRM system with a prioritisedGp

rate based on the channel conditions. Many papers have
presented the puncturing techniques [20]-[27]. This work
is therefore focused on the development of an efficient
algorithm and simulation of the proposed AMC. The
algorithm is designed to select MCS and the number
of processing gain. The objective of this algorithm is to
maximise the bit rate by selecting the right combination
for the number of processing gainj and the MCSi,
given a channel conditionα.

B. Design of The Proposed ARRM Algorithm

In this Section, the design process of the proposed
algorithm is explained. The flowchart of the algorithm
is presented in Fig. 4. The algorithm highlights how the
processing gain and the MCS are selected in order to
increase the transmission bit rate. The selection process
is based on the channel condition subjected to a certain
threshold valueΓ.

The adaptive processing gain algorithm firstly ini-
tialised the processing gain and MCS. Secondly, the
algorithm checks the channel conditions based on min-
imum threshold value, and increases the value of pro-
cessing gain accordingly in order to increase the bit
rate. This is dependent on the situation of the channel.
The next higher MCS would be examined only when
the maximum value of processing gain is reached. If
given a channel condition, higher MCS with a given
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Fig. 4. Flowchart of ARRM algorithm with a prioritisedGp

value of processing gain does not necessarily give a
higher bit rate than the previous MCS with a maximum
value of processing gains. Thus, the last step in the
algorithm is to check and make sure that the state with
the highest bit rate is selected. In this algorithm, a higher
priority is given to increase the value of processing gains
instead of the MCS. This adaptive CDMA algorithm for
wireless channels is designed to get as much throughput
as possible while guaranteeing a BER of10−3. In other
words, it means that the algorithm will first exploit
the processing gain starting with the lowest. The lower
the processing gain, the higher the spectral efficiency
(throughput). The algorithm considered the MCS after all
the processing gains have been exploited. The algorithm
sets its parameters based on this rule.

IV. SIMULATION RESULTS

The parameters considered in this simulation are rate
= 1/3 and turbo encoder, which is based on the parallel
recursive systematic convolutional (RSC) encoders. This
turbo encoder is constructed from generator polynomials
(G1;G2) = (37; 23)8 . Other parameters include the
information sequence length (k), which represents the
encoded sequence length = 1,024 bits. The turbo en-
coded sequence is interleaved with a size2p · 2q block-
interleaver, where ’p’ and ’q’ are the maximum allowable
integers for a given sequence size. BPSK/QPSK modu-
lation is assumed for data demodulation at the receiver.

Gc = 32, 64, 128 is assumed for CDMA systems. The
uplink channel is assumed to be composed ofL = 16
paths and uncorrelated, wireless faded paths.

1) Effect of Throughput on Radio Resource Man-
agement Algorithms: The result in Fig. 5 presents the
different grading of radio resources. The adaptive mod-
ulation is an instance of grade-1 with one resource
and it is denoted by ’a’. The AMC is a traditional
adaptive scheme and it is represented as grade-2 with
two resources, that is modulation and coding. This is
denoted by ’b’. The adaptive CDMA provide additional
dimension to AMC and this is represented as grade-3
with three resources. It is denoted by ’c’. Given the
maximum transmission time of a codeword as time t,
the throughput performance of the adaptive algorithms
is examined for grade-1, grade-2 and grade-3 sets of
transmitter parameters as shown. It is observed that
as Eb/N0 increases the adaptation algorithm responds
by selecting transmit parameters that enable spectral
efficiency improvement. That is, increasing the number
of parameters/resources available for adaptation at the
transmitter lead to better spectral efficiency. Thus the
grade-3 adaptation achieves higher spectral efficiency
than the grade-2 and grade-1 adaptation algorithms. This
algorithm is desirable for a fading channel. Thus some
resources can be conserved by the transmitter when the
channel conditions are good and increases resources as
the channel conditions become bad.

Fig. 5. Simulation results showing the throughput of different
resource grading schemes

2) Percentage Usage of Radio Resources in adaptive
CDMA System: The percentage contributions of the
parameters and values in terms of their usage in adaptive
CDMA systems in an ideal condition are measured.
Figs. 6, 7 and 8 shows the percentage of the usage
of the processing gainGc, modulation M, as well as
modulation and coding schemes, MCS during the sim-
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Fig. 6. Percentage of processing gain used

Fig. 7. Percentage of modulation used

Fig. 8. Percentage of each MCS used

ulation. From Fig. 6, it is found that our algorithm
assigned a processing gain of 32 for 75.33% of the
transmissions, a processing gain of 64 for 18.12% of
the transmissions, and a processing gain of 128 for
6.55% of the transmissions. Fig. 7 shows the percentage
of usage of each of the modulation levels during the
simulation. BPSK was used for 56.31% and QPSK for

43.69% of the transmissions. Fig. 8 presents the percent-
age of usage of each of the MCS. In our simulations,
36.87% of the transmissions exploited MCS1, 15.50%
MCS2, 10.81% MCS3, 11.97% MCS4, 11.97% MCS5
and 12.88% MCS6. All settings can be changed with the
channel situation. The essence of this measurement are
to conserve energy during transmissions, and to improve
throughput and QoS.

V. CONCLUSIONS

In this paper, an efficient adaptive radio resource man-
agement algorithm for next generation wireless systems
is proposed. The objective of these algorithms is to
get as much throughput as possible under the condi-
tion of guaranteeing a certain transmission quality. The
simulation results indicated that significant throughput
can be obtained by the algorithms. The proposed adap-
tive CDMA algorithm is a resources-control algorithm.
The difference between the algorithm and the other
adaptive CDMA algorithm for wireless channels is that
this algorithm is developed so that the processing gain
is prioritised over the modulation and coding scheme.
Furthermore, it is observed that by increasing the number
of resources available for adaptation at the transmitter,
better spectral efficiency across the entireEb/N0 range is
achieved. Radio resources have been evaluated based on
percentage of the parameters and values in term of their
usage in adaptive CDMA system. These measurements
are necessary for the radio resources management. Thus
the amount of the resources used during transmission,
and the energy saved, could be determined.
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