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ABSTRACT
In Long Term Evolution-Advanced (LTE-A), Carrier Aggre-
gation (CA) allows user to simultaneously transmit and re-
ceive data on multiple carriers resulting in increased through-
put. Carriers need to be selected to maximize load balancing
and the spectral efficiency. In this paper, a load balancing
CC selection scheme which can be optimized for the Quality
of Service (QoS) required by users is proposed. Feedback
fluid queue model has been used to analyze and optimize
the performance of the proposed scheme.
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1. INTRODUCTION
The objectives of Long Term Evolution (LTE) are reduced
latency, higher user data rate, improved system capacity and
coverage [1]. Long Term Evolution-Advanced (LTE-A) tar-
gets for 1 Gbps downlink speed for each user. To achieve
this, increase in bandwidth is required as, a single carrier
of 20MHz in LTE is not sufficient. Carrier Aggregation
(CA), a feature of LTE-A aggregates more than one car-
rier together to provide higher bandwidth. With CA, upto
five carriers can be combined together to provide 100 MHz
bandwidth. Each carrier is called Component Carrier (CC).
The CC can be of two types, Primary Component Carrier
(PCC) and Secondary Component Carrier (SCC). PCC is
always connected to the user while SCCs can be activated
or deactivated. A smart load balancing algorithm for CC
selection can be utilized to maintain spectral efficiency and
QoS requirements. In this paper, an adaptive load balanc-
ing algorithm for LTE-A CA based system is proposed. The
proposed algorithm is capable of balancing the load across
different carriers and also considering the service require-
ments of user.

The rest of the paper is organized as follows. In Section 2,
research in CC selection methodologies in Radio Resource
Management (RRM) framework and the motivation behind
this research work are discussed. In Section 3, performance
model is proposed and the fluid queue analysis is presented.
The performance analysis of the proposed model is numer-
ically illustrated in Section 4. Finally concluding remarks
and future work are given in Section 5.

2. RELATED WORK
In RRM framework of LTE-A [2], first, PCC is selected for
a user and then depending on traffic load and QoS require-
ments, SCC’s are allotted. CC selection plays an important
role in optimizing the system performance with CA. There
have been different scheduling algorithms proposed in the
literature for CA based systems. In [3], it is proposed to as-
sign maximum CCs to the LTE-A user to achieve maximum
efficiency. In [4], least load method is introduced in which
the data is assigned to the CC that has the least amount
of load. The users however, arrive randomly with different
sizes of files for transmission and it is difficult to completely
avoid the idle CCs. To overcome this issue, CC coupling
schemes have been modeled in [5] [6]. In CC coupling, if
any of the CC is in busy state the user can be switched to
the other CC. There are two challenges. First, handling the
CC switch delay and second, development of the efficient
coupling methods for multiple CC.

Lesser scheduling delay is also a required factor, especially
for real time data. A scheduler algorithm has been designed
to meet the QoS level of real time traffic in [7]. The data
arriving will first be classified into Real Time (RT) (e.g., live
streaming) and Non Real Time (NRT) (e.g. emails) traffic
by a classifier and divided in RT and NRT queue respec-
tively. The algorithm proposed aims at optimizing the sys-
tem overall throughput while maintaining the required QoS
of the RT traffic by providing more RB’s (Resource Block)
to it. Each RB constitutes 12 sub-carriers providing a band-
width of 180 KHz. It also corresponds to a sub-frame in time
domain, with Transmission Time Interval (TTI) of 1 ms. To
best of our knowledge, an efficient scheme for load balanc-
ing across different carriers has not been proposed. In real
time networks, the scenario is quite dynamic and one carrier
may be overloaded while the others idle. On switching the
data there would be scheduling delay and overhead incurred
which would add to the delay and bandwidth consumed.
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Therefore, the scheduling algorithm should be devised such
that there is always an even balance across the carriers to
maximize the efficiency. Since LTE-A focuses on reducing
the packet delay, it is important to keep the scheduling de-
lay minimum. Keeping these requirements in mind, we have
proposed a load balancing CC selection scheme that reduces
the delay of the network.

3. PROPOSEDSCHEMEAND ITS PERFOR-
MANCE MODEL

3.1 Load Balancing CC Selection Scheme
The first scheduler has the information of the CCs load and
on the basis of the buffer content (the buffer content rises
above a certain level), the data should be switched to other
carriers. In this paper, we propose a model with two thresh-
olds for CC selection. The two thresholds divide the buffer
into three regimes, the rate of the data input to the carrier
depending on the regime of the buffer. If the data is above
the first threshold denoted by T (1), the rate of the input data
should be decreased and routed to another carrier. If the in-
put data rate increases further above the second threshold,
denoted by T (2), the input rate turns down to 0, i.e., the
data inflow to the carrier is stopped completely. To provide
adaptable service according to the class of traffic, the pa-
rameters (input rate in different regimes, the two thresholds
value) of the model should be adjusted. We have analysed
performance model through the feedback fluid queue.

In fluid queue model, instead of individual customers, a con-
tinuous entity, fluid is considered. The fluid flows into the
a fluid reservoir according to a background Markov process,
and flows out dependent on the output rate of the server [8].
Depending on the state of the background process, the input
rate to the buffer content changes. Fluid queues are particu-
larly useful in telecommunication systems because the bursts
of data is transmitted in smaller sized cells or data packets
and can be considered as fluid.
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Figure 1: Schematic of the proposed performance
model
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Figure 2: Buffer obtained for corresponding CCs

Feedback fluid queue is the type of fluid queue where the
input rate to the buffer content depends on the background

process and the behaviour of the background process de-
pends on the content present in the buffer [9]. The meaning
of feedback here is completely different from the traditional
queueing systems. The feedback in fluid queue refers to con-
trol signals being sent to originating process depending on
the buffer content unlike sending the data back in the con-
ventional systems. In proposed model the input rate to the
CC depends on the content of its buffer so feedback fluid
queues are appropriate to model its behaviour.

3.2 Feedback Fluid Queueing Model
A feedback fluid queue with an infinite buffer content and a
constant output rate c is considered to analyse the proposed
performance model. In the proposed model there wouldn’t
be any overflows or losses, infinite buffer system can provide
good approximations for the finite buffer. Figure 2 shows
each CC’s buffer corresponding to the users of a particular
class of traffic. Let W (t) be the content in the buffer for a
class of traffic per CC at time t. The rate at which fluid
enters the queue per unit time is dependent on the current
state of a background irreducible continuous time Markov
chain {X(t), t ≥ 0}, defined on a state space {1, 2, . . . , d}
for d ∈ D where D is the total number of states in the
background process.

In this performance model, the background process is the
first scheduler that assigns the data to a particular CC. The
background process or the first scheduler operates in two
states, either it gives data to the CCs buffer (ON state) or
it does not (OFF state). The (i, j)th element of the sched-

uler generator is given by elements of matrix Q
(k)
ij (

˜
Q

(k)
ij at

the threshold) such that the sum of row elements is 0. Qij

for j ̸= i is the transition rate at which the background pro-
cess jumps from states i to j. R(k) for a regime k is defined
as the diagonal matrix with its ith diagonal element be given
by ir− c, where r is the input rate to the buffer (rh and 0 in
regime 1, rl and 0 in regime 2) and c is the constant output
rate of the fluid outflow from the buffer. The output rate is
constant, because some RBs are usually kept reserved for a
class of traffic and continuous scheduling for those is carried
out. While the output rate is constant, the value of r de-
pends on two parameters. First, on the state of the system,
whether it is ON or OFF. If it is ON then the rate depends
on the second parameter, i.e., the regime of buffer. The two
threshold model divides the buffer into three regimes. The
input rate is high (in regime 1) as long as the lower thresh-
old T (1) has not crossed. If that happens input rate is made
low (in regime 2). If the higher threshold T (2) is reached
the input flow is stopped completely (in regime 3) and the
content is let to flow out until comes back to T (2) (in regime
2) wherein the input flow is started again.Thus, on the basis
of the amount of fluid, content in the buffer at times t, the
system is divided into three different regimes for our model.

For all the regimes, the subsets of D consisting of ON state,
OFF state respectively are defined as:

D
(k)
+ = {i ∈ D|r(k)i > 0}

D
(k)
−

= {i ∈ D|r(k)i < 0}

where k = 1, 2, 3 depending on the regime of the buffer con-
tent. It is assumed that the input rate is not equal to the



output rate for the sake of calculations. The stability con-
dition for the system is given by:

D
∑

i=1

π
(k)
i r

(k)
i < 0

where π
(k)
i is the stationary distribution of the Markov pro-

cess with generator Q(k).

Now, we find the expression for distribution of the buffer
content, to calculate the performance measures like through-
put, delay etc. Let F (k)(x) be the equilibrium distribution
of the buffer where k = 1, 2, 3 depending on the regime of
the buffer. i.e.,

F (k)(x) = lim
t→∞

Prob{W (t) ≤ x}, x ≥ 0, k = 1, 2, 3.

The differential equations satisfied by the distribution can
be expressed in matrix form as [10]:

dF(k)(x)
dx

R(k) = F
(k)(x)Q(k)+F

(k)(T (k−1))(Q̃(k−1)−Q(k))+

F
(k)(T (k−1)−)(Q(k)−Q̃(k−1))+. . .+F

(1)(T (1)−)(−Q(1)−Q̃(1))

+F
(1)(0)(Q̃(0) −Q(1)), k = 1, 2, 3. (1)

The solution of the above differential equations is given by:

F
(1)
i (x) = a(1)exp[z(1)(1)x]v

(1)
(1) + b(1)v

(1)
(2) + c

(1) for regime 1

F
(2)
i (x) = a(2)exp[z(2)(1)x]v

(2)
(1) + b(2)v

(1)
(2) + c

(2) for regime 2

F
(3)
i (x) = a(3)exp[z(3)(1)x]v

(3)
(1) + c

(3) for regime 3

(z(k)i , v
(k)
i ) are the eigen value vector pair of z(k)i v

(k)
i R(k) =

v
(k)
i Q(k) and a(k), c(k) are the unknown coefficients for k =
1, 2, 3, b(k) for k = 1, 2 and i = 1, 2 depending on the regime
of the buffer and on-off state of the system. We obtain
total eleven unknown coefficients in the solution above whose
values can be found by the following conditions:

1. F
(1)
1 = 0. We get one equation from this condition.

2. Fi(T
(k)−) = Fi(T

(k+1)) for i = 1, 2 and k = 1, 2
This gives four equations from the continuity condi-
tions at the thresholds T (1) and T (2).

3. 0 = c(3)Q(K) + F(K)(T (K−1))(Q̃(K−1) −Q(K)) +
F(K)(T (K−1)−)(Q(K) − Q̃(K−1)) + . . .+
+ F(1)(T (1)−)(−Q(1) − Q̃(1)) + F(1)(0)(Q̃(0) −Q(1))
will give another equation.

4.
∑3

i=1 c
(i) = 1 is the normalization condition.

5. Substitution of the solution of the balance equations
for k = 1, 2 in equation (1) gives four more equations.

The unique solution for the stationary distribution of the
buffer content is obtained by which the performance mea-
sures have been calculated in the following section.

4. PERFORMANCE ANALYSIS
In this section, the performance measures are calculated
and then some issues are discussed. Is the two threshold
models better than the single threshold model, if so then
how? What should be the relation between the thresholds to
achieve the optimal performance of the model? How should
the threshold and rates be varied according to the QoS re-
quired? To find the answers to above questions, we plot
buffer content, throughput, mean delay with respect to the
lower threshold T (1) by keeping different values of T (2). For
illustration purpose, the generator matrices and rate vectors
are given as follows:

Q(1) = Q(2) = Q(3) = Q̃(0) = Q̃(1) = Q̃(2) =

(

−2 2
1 −1

)

,

R(1) =

(

15
0

)

, R(2) =

(

7
0

)

.

With these values and different values of thresholds, the den-
sity distribution is found and then the performance measures
are calculated.

4.1 Mean Buffer Content
Mean Buffer content is given by

∫

∞

0
(1−F (x)dx. It is plotted

in Figure 3 and for increasing values of thresholds the buffer
content increases as the accumulations in it increase.
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Figure 3: Mean buffer content Vs thresholds

4.2 Mean Throughput
Mean throughput is given by c ∗ (1 − F (0)) where F (0) is
the density when the buffer content is 0. It is observed
from Figure 4 that, for a given value of T (2), the through-
put increases as the T (1) increases. Also, when T (1) = T (2),
which is the maximum limit for T (1), the throughput be-
comes maximum. This is also the case of a single threshold
as both T (1) = T (2) can be considered there. Hence, it is
concluded on comparing with a single threshold model (in
which the input is given at a single constant rate), proposed
model will give lower throughput.
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Figure 4: Throughput Vs thresholds

4.3 Mean Delay
Mean Delay is given by average buffer content divided by
throughput. In Figure 5, mean delay is plotted against the
threshold. It is observed that as the two thresholds get
closer, delay increase. Delay in a single threshold system
would be thus higher than proposed model of two thresh-
olds. Hence, it can be concluded that the proposed model
results in lower delay and lower throughput as compared to
model where the CC is assigned based on the single thresh-
old. Apart from throughput and delay, number of feedback
signals sent to the first scheduler also play role in adjusting
the parameters for the incoming traffic. The feedback signals
being sent result in causing overheads so it is an important
factor while designing the system. Further, it is observed
from the above results that, throughput increases when the
difference between T (1) and T (2) increases though leading to
more feedback signals being sent.

Keeping in mind the delay, throughput and amount of feed-
back involved in the model which can be designed. The
real time data has the minimum delay requirement, thus for
those packets, a lesser value higher threshold should be cho-
sen. In other words, the switching of data to other users
should be done even for low values of buffer content. The
lesser the value of lower threshold is kept, lesser would be the
delay. The bigger the difference between the thresholds, the
lesser will be the feedback signals sent. The data sent as the
best effort on the network such as emails, file sharing which
do not require as least as delay possible, thus the other pa-
rameters such as throughput can be maximized for this class
of data. Since, the data does not require minimal delay, the
higher threshold can be kept more in this case. Thus, even
a single carrier is sufficient for such data packets.

5. CONCLUSIONS AND FUTUREWORK
In this paper, a delay efficient load balancing scheme for CC
selection in CA in LTE-A is proposed. Proposed scheme
involving double threshold can be adapted according to dif-
ferent QoS requirement of user. Performance analysis of the
proposed model is presented with fluid queue and the mea-
sures such as throughput and mean delay are compared with
single threshold system. The proposed scheme is capable of
balancing load across carriers while keeping the delay lesser
than the single threshold model. The impact of this model
and implementation on higher layers such as TCP can be
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studied as future work.
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