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Abstract—This paper proposes a new scheduling scheme which
based on the extended E-model, Channel- and QoS-Aware
(known as E-MQS scheduler) for real-time traffics in LTE
downlink direction. The real-time services (VoIP, Video, etc.)
are very sensitive to network impairments such as delay, packet
loss, jitter, etc. The proposed scheduling scheme is based on the
extension of the E-model and the consideration of Maximum
Queue Size (MQS) as a factor for the metric. Since this scheduling
scheme considers Mean Opinion Score (MOS) values, thus, it
gets higher user perception. The simulation results show that the
proposed scheme has the performance which not only satisfies
QoS requirements of real-time services but also outperforms the
Frame Level Scheduler (FLS), Modified Largest Weighted Delay
First (M-LWDF) and Exponential/Proportional Fair (EXP/PF)
schedulers in terms of delay, cell throughput, Fairness Index
(FI) and Spectral Efficiency (SE), especially for Video flow. Our
proposed scheduler also significantly improves the Packet Loss
Rate (PLR) in comparison with the M-LWDF and EXP/PF
schedulers for both VoIP and Video flows. The performance
evaluation is compared in terms of Delay, PLR, Throughput, FI
and SE for FLS, M-LWDF, EXP/PF schedulers and our proposed
one.

Index Terms—Scheduling algorithm, Resource allocation, Real-
time services, LTE, QoS, E-model, QoE, MQS.

I. INTRODUCTION

The Long Term Evolution (LTE) is developed by the Third
Generation Partnership Project (3GPP) [1]. It is a mobile
network which has high data rate, low delay and fully packet-
based. It means to improve the capability of legacy system by
increasing data rates and extending superior Quality of Service
(QoS) for various multimedia applications. Basic components
of LTE network include a powerful eNodeB (eNB) station and
several User equipments (UEs) in addition to a gateway [2].
The eNB station combines with core network through several
standard complicated protocols. Basic packet scheduling is
carried out by the network operator in both UE and eNB sta-
tion for both uplink as well as downlink. However, according
to the 3GPP, there are no firm specifications for scheduling
technique in LTE network. One of the most important modules
of packet scheduling is Radio Resource Management (RRM)
which decides users that would transmit their data on the air
interface. The packet scheduling should integrate fairness in
terms of throughput as well as the service policies to which
users subscribe [3].

In this paper, we propose a new downlink scheduling
scheme for real-time communications in LTE network with
the consideration of user perception. There are several papers

which mentioned it. Specifically, authors in [4], [5] proposed
a new Quality of Experience (QoE)-driven LTE Downlink
Scheduling for VoIP Application that is based on QoE min
(i.e. MOS score at least equals 3.5 for VoIP Application)
and they optimize number of users to access a cell. In [6],
the authors a cross-layer design scheme that jointly optimises
three different layers of wireless protocol stack, namely Appli-
cation, Medium Access Control (MAC) and Physical layers.
The purpose of this paper is to maximize network resource
utilization and user-perceived quality of service (also called
Quality of Experience - QoE). These papers proposed a new
LTE Downlink Scheduler but not based on the E-model. The
paper which is closest to our paper described in [7]. In this
paper, the authors proposed a new scheduling scheme for VoIP
service in LTE networks by using the user satisfaction as a
metric for their scheduler. The authors used the E-model to
predict user perception via MOS score, and then this factor
used in the metric for scheduling decision. However, in this
paper, authors did not consider the impact of network jitter for
E-model. In addition, in the metric of the scheduler, there is
no the presence of the MQS, and the authors evaluated only
for VoIP traffic. In our paper, we extend the idea in [7] by
extending the E-model and propose to consider the MQS as
an essential and effective factor for the metric. We used the
extended E-model to predict the MOS score and use this score
as a main factor in the metric. Besides, we see that, the MQS
factor has significant effects on the system performance. In the
LTE-Sim [8], this factor is fixed equal to 0. This means the
MQS is infinite. So that, in the scheduling process, the MQS
is not considered. However, in fact, the MQS should be a finite
value because if the MQS value is infinite then the delay will
increase and the congestion could be increased. Therefore, the
MQS needs to be considered as a essential factor in the metric
of the scheduling algorithms.

The rest of this paper is organized as follows: Overview
of the system model is described in section II. In section III,
we present the proposed scheduling scheme. The simulation
results and performance evaluation of the proposed scheduler
are analysed in section IV. The conclusion and future work is
represented in section V.

II. THE SYSTEM MODEL

A. The E-model

E-model is a computational model developed and standard-
ized by ITU-T [9]. It is used to estimate the MOS for narrow
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band audio quality. The output of the model is R-factor. The
values of this R-factor in range of 0-100 where 100 is the
best and 0 is the worst quality. And then, it is mapped to
the corresponding MOS value. The standard R-factor in the
E-model is defined as follows:

R = R0 − Is − Id − Ief +A (1)

In which: R0: The basic signal-to-noise ratio which consists
of noise sources such as circuit and room noise. In this model,
its value is set to 94.2. Is: The simultaneous impairment factor,
it is the sum of all impairments which may occur more or less
simultaneously with the voice transmission. In this model, the
default value is set to 0. Id: The delay impairment factor,
representing all impairments due to delay of voice signals.
Ief : The equipment impairment factor, capturing the effect
of signal distortion due to low bit rates of the codec and
packet losses of random distribution. A: The advantage factor,
capturing the fact that some users can accept a reduction of
quality due to the mobility of cellular networks. In this model,
this factor is set to 0.

In above factors, Id and Ief are affected by end-to-end delay
and packet loss, respectively, while R0 and Is do not depend
on network performance. The R-factor is then translated into
the MOS as follows [9]:

MOS =


1, if R < 0

1 + 0.035×R+ 7× 10−6 ×R× (R− 60)×
(100−R), if 0 ≤ R ≤ 100

4.5, otherwise
(2)

After setting the default values for the E-model, Equation
(1) can be rewritten as follows:

R = 94.2− Id − Ief (3)

We see that, when voice packet transmitted over an IP
network, is is affected by many network impairments such as
PLR, delay, jitter, etc. In the E-model, there is no presence of
network jitter. In order to improve use satisfaction, we propose
to add the Ij factor to the E-model. Hence, the E-model can
be described as the following formula:

R = 94.2− Id − Ief − Ij (4)

Equation (4) shows that the R-factor depends on end-to-end
delay (Id), total loss probability (Ief ), and network jitter (Ij).
Hence, in order to compute the R-factor, we must to count
these factors. The Id is a factor which is affected by end-to-
end delay and is calculated as follows [10]:

Id = 0.024× d+ 0.11× (d− 177.3)×H(d− 177.3)
(5)

In which: H(x) is the Heavyside function:

H(x) =

{
0, ifx < 0
1, otherwise

(6)

In equation (5), d represents the total end-to-end delay (or
mouth-to-ear delay) of speech packet. It can be calculated

via some functions in LTE-Sim tool. The Ief is determined
according to packet loss. In order to compute this factor, we
use the equation in [7] as follows:

Ief = λ1 + λ2 × ln(1 + λ3 × el) (7)

Where: The λ1 represents the voice quality impairment
factor caused by the encoder, λ2 and λ3 represent the effect
of loss on voice quality for a given codec. Such that, these
factors depend on the voice codec used. In this study, we
use LTE-Sim [8] to simulate. This simulation tool supports
only G.729 codec, thus, for this codec, the factors above has
values as follows: λ1 = 11, λ1 = 40, λ3 = 10. While el is the
total loss probability (consisting of network and buffer layout)
which has the value in range of 0..1. This factor is computed
directly via some functions in the LTE-Sim tool.

The Ij represents the impacts of network jitter to voice
quality. It also depends on the voice codec. In this paper, we
use the method proposed in [11] as follows:

Ij = C1 ×H2 + C2 ×H + C3 + C4× e−T/K (8)

In which: C1, C2, C3, C4 are coefficients, K is time instant.
These factors depend on the voice codec, for the G.729 codec,
these factors have the values as follows: C1 = −15.5, C2 =
33.5, C3 = 4.4, C4 = 13.6,K = 30. The factor of T is the
fixed buffer size of the voice codec. For the G.729 codec,
the packet size is 20ms, thus, we select T = 40ms. The H
is a factor of Pareto distribution and in range of 0.55 to 0.9.
According to [11], the MOS drops when H increases, thus, in
this study, we select H = 0.6 for the simulation.

The final expression of the R-factor when utilizing the
G.729 codec is described in Equation (9).

R = 64.28− [0.024× d+ 0.11× (d− 177.3)×
H(d− 177.3)]− 40× ln(1 + 10× el)− 13.6× e−4/3

(9)
The R-factor is then mapped to the MOS via equations (2)

. MOS is one of the important factors for the metric in our
scheduler.

B. The correlated Scheduling algorithms

We assume that the metric assigned to the stream i on j-th
sub-channel is noted by wi,j . In order obtain the metric, the
scheduler usually need to know the average transmission rate
(R̄i) of flow i, and the flow rate available to the UE on the
j-th sub-channel. In particular, at each TTI, the estimate R̄i is
given by [8]:

R̄i(k) = 0.8× R̄i(k − 1) + 0.2× r̄i(k) (10)

Where: R̄i(k − 1): The average transmission data rate
estimating at the (k-1)-th TTI. r̄i(k): The rate allocated to
i-th flow during the k-th TTI.

In the following subsections, we will describe the metric of
several well-known scheduling algorithms which are related
to our proposed scheduling scheme including: FLS, M-LWDF,
and EXP/PF schedulers. We select these scheduling because
they perform well and are suitable for real-time services.
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1) The FLS scheduler: FLS is a two-level scheduling
algorithm which are called upper level and lower level.
These levels are distinct and communicate with each other
to dynamically allocate the RBs to the users. At the upper
level, a resource allocation method (called FLS) which uses a
Discrete-Time (D-T) linear control theory is performed. FLS
defines the amount of data that each real-time source should
transmit within a single frame to meet its delay constraint.
At the lower level, the algorithm uses Proportional Fair (PF)
method to allocate RBs to the users at each TTI with con-
sidering the bandwidth requirements of FLS to ensure a good
level of fairness among multimedia flows. Also at this layer,
the scheduler determines number of TTIs/RBs via that each
Real-time source will send its packets. In order to calculate
the amount of data transmitted, the FLS scheduler uses the
following formula:

Vi(k) = hi(k) ∗ qi(k) (11)

In which: Vi(k) is the amount of the data transmitted by
the flow i in LTE frame k, ’*’ operator is the discrete time
convolution, qi(k) is the queue level. It can be said that, Vi(k)
is computed by filtering the signal qi(k) via a time-invariant
linear filter with pulse response hi(k).

2) The M-LWDF scheduler: M-LWDF scheduling algo-
rithm is used to support multiple real-time services in CDMA-
HDR systems [12]. For each real-time flow, by considering the
maximum time τi, the probability is defined as the maximum
probability δi which is the time of the first packet of the
queue exceeds the fixed maximum time DHOL,i. In this
algorithm, the metrics for real-time and non real-time services
are different. In order to offer priority to real-time flows, the
metric was given as follows:

wi,j = αi ×DHOL,i × ri,j
R̄i

(12)

Where:
• ri,j : The rate assigned to i-th flow during the k-th TTI
• R̄i: The average transmission data rate estimating
• αi: A factor and is given by: αi = − log(δi)τi

3) The EXP/PF scheduler: EXP/PF is a scheduling algo-
rithm which supports multimedia applications in an adap-
tive modulation and coding and time division multiplexing
(AMC/TDM) system [13]. The main purpose of this schedul-
ing algorithm is to enhance the priority for the real-time
flows by adding the average fixed maximum time of all
active real-time flows. For the real-time services, they receive
the increased priorities when their HOL packet delays are
approaching the delay deadline. The metric of EXP/PF is
calculated as follows:

wi,j = exp(
αi×DHOL,i−X

a+
√
X

)× ri,j
R̄i

(13)

Where X is given by: X = 1
Nrt

∑
×αi × DHOL,i, with

Nrt is the number of active real-time flows in the downlink
direction.

The remaining parameters are similar to the descriptions
above.

III. THE PROPOSED SCHEDULING SCHEME

In our proposed scheduling scheme, we consider the char-
acteristics of the real-time services such as VoIP, Video, etc.
These services are sensitive to packet loss and delay, thus,
scheduling process should consider various factors. In the re-
lated scheduling algorithms above, the authors almost focused
on Head of Line packet delay, virtual token length besides
other factors such as αi, ri,j and R̄i. MOS is a parameter
which represents user perception, thus, it should appear in the
metric of scheduling algorithms. The higher MOS, the higher
user satisfaction. MOS needs be automatically calculated at the
receiver and is sent to the eNodeB via feedback technique. For
the MQS, according to our knowledge, there are no articles
which mention about it. We think that, this factor has strong
effects on the system performance. In the LTE-Sim [8], this
factor is fixed equal to 0. This means the MQS is infinite.
Hence the MQS is not considered in the scheduling process.
However, in fact, the MQS should be finite. If the MQS value
is infinite then the delay will increase and the congestion could
be thus increased. Therefore, the MQS should be considered as
a necessary factor in the metric of the scheduling algorithms.

The main idea of our scheduling algorithm is the con-
sideration of user satisfaction (MOS) and the MQS factor
(called also Qi,max) included into the metric of the schedul-
ing algorithm. This means the higher MOS and the lower
(Qi,max − Qi) values, the higher priority for the UE. The
fixed maximum time DHOL,i and the maximum probability
δi are included in the Equation (9) to calculate the factors of
Id, Ief , respectively. The metric in our scheduling scheme for
the real-time services is defined as follows:

wi,j =
MOSi×(Qi,max−Qi)

τi
× ri,j

R̄i
(14)

Where:
• Qi, τi, ri,j and R̄i have the same significances in the

previous formulas.
• Qi,max: The MQS of the user i. This value can be

obtained in bytes via some functions in LTE-Sim [8].
For the non real-time services, we propose to use the method

in the PF scheduler [14]. The wi,j is a priority matrix for
each RBj is assigned to UEi. It is calculated based on the
MOS, the remaining queue size (Qi,max−Qi), the maximum
time τi and the channel condition. MOS is computed at the
receiver and is feedbacked to the eNodeB in order to make
the scheduling decision of UE. MOS included in the metric
will fully exploit the user perception.

IV. SIMULATION ENVIRONMENT AND PERFORMANCE
EVALUATION

A. Simulation parameters

The basic parameters used in the simulation are represented
in the Table I.

B. Performance evaluation

In order to evaluate the performance of our scheduling
scheme, we use the LTE-Sim [8] to simulate the proposed
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TABLE I
SIMULATION PARAMETERS

Simulation Parameters Values
Simulation duration 100 s
Frame structure FDD
Cell radius 1 km
Bandwidth 10 MHz
Video bit-rate 242 kbps
VoIP bit-rate 8.4 kbps
User speed 3 km/h
Number of users 5, 10, 15, 20, 25 UEs
Maximum delay 0.1 s
MQS 105 bytes
Traffic model VoIP and Video

scheduler with the other schedulers including the FLS, M-
LWDF and EXP/PF. The performance evaluation is compared
in terms of delay, PLR, cell throughput, FI and SE. The anal-
ysis of the simulation results are represented in the following
subsection.

1) Delay: End-to-end delay (called one-way delay) is the
time required for a packet to be transmitted from source to
destination in the network. Figure 1(a) illustrates the delay of
VoIP flow. It is clear that, the M-LWDF and EXP/PF scheduler
has the same lowest delay. Our proposed scheduler (E-MQS)
has the delay which is not significantly higher than the M-
LWDF and EXP/PF schedulers and it outperforms the FLS
scheduler.

(a) Delay vs number of VoIP user (b) Delay vs number of Video user

Fig. 1. Effects of Delay vs VoIP and Video users

For the video flow, all schedulers have the delay which
slightly increase when the UEs increase as shown in Figure
1(b). Our proposed scheduler, the M-LWDF and EXP/PF
schedulers have nearly the same delay. The FLS has the delay
which is higher than the other schedulers. However, all the
schedulers have the good end-to-end delay when the number
of UE increases equal to 25. It can be included that all the
schedulers are also very suitable for video flow.

2) Packet Loss Rate: PLR shows the failure of one or more
transmitted packets to reach their destination across a network.
Figure 2(a) represents the PLR of VoIP flow. When we set the
MQS equal to 105 bytes (this factor is set equal to 0 as default
in the LTE-Sim), for the VoIP flow, all schedulers have the
decreased PLR when the number of UE increases. Normally,
the PLR increases when the number of UE increases, thus, this
case is quite special and it represents the unstableness of a real
system. As shown in the Figure 2(a), all the schedulers have
the PLR which are under 1% while the FLS has the lowest

PLR. The E-MQS scheduler has the second position while the
M-LWDF has the highest PLR.

(a) PLR vs number of VoIP user (b) PLR vs number of Video user

Fig. 2. Effects of PLR vs VoIP and Video users

For the Video flow, as shown in the Figure 2(b), also as
for VoIP flow, the PLR decreases when the number of UE
increases. However, for all the schedulers, the PLR under 1%
when the number of UE more than 12. For the FLS and E-
MQS schedulers, the PLR less than 1% for all number of UE.
For the number of UE from 5 to 12, the proposed scheduler
has the lowest PLR, when the number of UE greater than 12,
the FLS scheduler has the lowest PLR and the E-MQS keeps
the second position. In general, the FLS scheduler has the
lowest PLR and the M-LWDF has the highest PLR.

3) Cell throughput: As shown in Figure 3(a), for the VoIP
flow, the cell throughput of all the schedulers increases when
the number of UE increases. The proposed scheduler always
has the cell throughput in the top of 2 highest schedulers for
all cases of the number of the UE. This means the proposed
scheduler is very suitable for VoIP flow.

(a) Throughput vs number of VoIP
user

(b) Throughput vs number of Video
user

Fig. 3. Effects of Throughput vs VoIP and Video users

For the Video flow, in the proposed scenario, all schedulers
have the near values of cell throughput for all cases of
the number of UE as shown on Figure 3(b). This is very
interesting case. This concludes that all the schedulers are
very conformable to Video flow. Also as VoIP flow, the cell
throughput increases when the number of UE increases. This
is very good for real-time flows such as VoIP, Video, etc.

4) Fairness index: For the VoIP flow as shown on Figure
4(a), the FIs of all schedulers are not stable when the number
of UE increases. However, all these schedulers have the high
FIs. The proposed scheduler has the highest FI when the
number of UE equals 5, 15, and 20 and obtains the lowest
FIs in the case of the number of UE equals 10, and 20. In
general, the FLS has the best FI for VoIP flow.
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(a) FI vs number of VoIP user (b) FI vs number of Video user

Fig. 4. Effects of Fairness Index vs VoIP and Video users

Figure 4(b) shows the FI of the schedulers. The FI changes
when the number of UE increases. It is clear that, the FI of all
the schedulers is nearly the same. This is also a very interesting
case in the proposed scenario. This not usually happens. This
demonstrates that all the schedulers consider the FI is very
important in the metric of them.

For the FI, it can be conclusive that the FLS scheduler has
the best performance. This is due to at the lower layer of this
scheduler uses PF algorithm, thus, it ensures the good grade
of fairness among multimedia flows. The FI is high which
demonstrates that the cell-edge users have been guaranteed
the minimum performance. Hence these users can be served
when they move to the edge of the cell.

5) Spectral efficiency: The successful usage of radio re-
sources is a basic purpose of scheduling algorithms. The SE
is seen as the performance measurements for the entire cell. As
shown on Figure 5, the SE increases when the number of UE
increases. In almost case of the number of UE, the proposed
and the FLS schedulers have the same highest SE. However,
there is no the difference among schedulers.

Fig. 5. Spectral efficiency vs number of user

V. CONCLUSION

In this paper, we propose a new Channel-, QoS- and QoE-
Aware scheduling scheme for the downlink direction in LTE
network. The main idea in the proposed scheduler is the
consideration of the MOS and the MQS factors into the
metric in the proposed scheduler. The metric is based on the
user perception (MOS), the remaining queue size, the fixed
maximum time, and the channel condition. The simulation
results show that the proposed scheduler not only meets QoS
requirements for real-time services but also outperforms the
FLS, M-LWDF, EXP/PF schedulers in terms of delay, cell
throughput, FI and SE, especially for Video flow. For the
PLR in the case of VoIP flow, the proposed scheduler has the

performance not as well as the FLS scheduler. For the FI in the
case of VoIP flow, the proposed scheduler does not have the
stable performance it obtains or the highest either the lowest FI
values. The proposed scheduler also significantly improves the
delay in comparison with the M-LWDF and EXP/PF when the
number of UE more than than 12 for Video flow. It can be said
that when considering the MOS and the MQS as factors for the
metric in the proposed scheduler, the system performance has
been improved significantly, specially for Video flow. Through
all simulation results, it can be said that, the FLS has the best
performance, and the proposed scheduler keeps the second
position in scheduling for both VoIP and Video flows. So that,
the proposed scheduler is very suitable for real-time services
such as VoIP, Video, etc. for the downlink direction in LTE
system.

In this study, we have not yet considered the presence of
best-effort flow. They might bring new directions to evaluate
the proposed scheduler in heterogeneous traffic in LTE net-
work.
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