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Abstract— LTE, that was introduced by the third generation
partnership project (3GPP) in 2008, is a technology which
improves capacity and quality of service (QoS) requirements in
modern wireless networks. Due to rapid growth of multimedia
services and online video games, resource allocation is very
important for these delay sensitive applications. Therefore,
scheduling algorithms which allocate radio resources among
users in downlink and uplink channel, has been one of the key
problems in LTE networks. In this paper, we propose a new
scheduling algorithm based on delay to increase the throughput
for real-time traffic (video) and then simulate some of popular
downlink scheduling algorithms in LTE network and compare
their quality of service with new algorithm and the performance
of scheduler for BE traffic in terms of throughput, packet loss
and delay.
Keywords— LTE; Scheduling Algorithms; QoS; Real-time
traffic

I. INTRODUCTION
The growth demand for network services, such as Internet
telephony, web browsing, video applications, online video
games and etc. is faced with some limitations such as packet
delay and bandwidth requirements. Therefore, new challenges
in designing cellular networks e.g. LTE technology, has been
created. LTE standard covers wide range of Internet based and
multimedia services which need different quality and support
complex traffic models [1]. In LTE, Orthogonal Frequency
Division Multiple Access (OFDMA) is used in downlink
channel. In OFDMA, the available bandwidth divided into
multiple narrow-band sub-channel and allocated a group of
sub-channel to each user based on its requirements, current
system load and system configuration. OFDMA improves the
ability of system to provide higher data rate and uses diversity
of multiuser and compensates inter-symbol interference (ISI)
[2, 3].
Packet scheduling is a key mechanism for radio resource
management (RRM) to satisfy quality of service (QoS)
requirements and optimizing the system performance in LTE
networks [5]. Different algorithms are used to allocate radio
resources among users in order to satisfy quality of service

requirements, especially for real-time communications such as
Video and VOIP applications [4, 5]. Different references
evaluate the performance of various scheduling algorithms in
LTE downlink [3]-[6].
In this paper, we have studied packet scheduling algorithms
for LTE cellular networks in implication to multimedia
services and propose a new scheme to increase the throughput
for video services. A comparison of performance indexes such
as average system throughput, delay and packet loss ratio is
reported for LTE systems over a realistic simulated scenario.
The simulation results have obtained via an open source
software which called LTE-Sim simulator [7].
The rest of the paper is organized as follows. Section II
describes an overview of LTE network architecture. Different
scheduling algorithms are reviewed in section III. In section IV
we’ll describe the proposed algorithm. Section V describes
simulation scenario and examines the reported results. Finally,
section VI concludes the paper.
II. LTE NETWORK STRUCTURE
LTE is an Internet based cellular communications
technology which is introduced for 4G mobile cell phone [5].
LTE network structure consists of two layers: a radio access
network, namely the Evolved- Universal Terrestrial Radio
Access Network (E-UTRAN) and a core network, namely the
Evolved Packet Core (EPC) [5]. Fig.1 shows the network
architecture. EPC consists of Mobility Management Entity
(MME), Serving Gateway (SGW), and Packet Gateway
(PGW). The MME is the control node which processes the
signaling between the UE and the Core Network. The main
role of SGW is: routing and forwarding user data packets
among LTE nodes and managing handover among LTE and
other 3GPP technologies. The PGW is responsible for IP
address allocation for the UE, filtering of downlink user IP
packets into the different QoS-based bearers [5, 8].
LTE has been designed as a flexible radio access
technology in order to support several system bandwidth
configurations. LTE permits flexible bandwidth ranging from
1.4 MHz up to 20 MHz [5, 6]. In this technology the highest

data rate in downlink is 100 Mbps and in uplink is 50 Mbps.
The Base Station (BS) delivers the user’s data through a
shared channel. The LTE specifications provides two types of
frame structure: Frequency Division Duplex (FDD) and Time
Division Duplex (TDD). FDD uses the symmetrical frequency
to access the data transmission in downlink and uplink. In
TDD, the LTE frame is divided into two sequential halfframes so that the channel transmitter and receiver use same
frequency in different time slots [5].
Figure 2. LTE frame structure

Figure 1. The service architecture evolution in LTE networks

The packet scheduler is located in eNodeB that plays an
important role in maximizing spectral efficiency [5]. Packet
scheduler tries to improve the quality of channel by the rules
on bandwidth allocation. The packet scheduler has two
important tasks: maximizing system performance by assigning
appropriate network resources to users and also achieve a
good fairness between users. A simple model of how to
perform major parts of radio resource management and packet
scheduler is shown in Fig.3.

Resource allocation in LTE networks is performed in the
time/frequency domain [9]. The LTE frame structure is shown
in Fig.2. In the time domain, the length of each frame is 10 ms,
that is divided into 10 sub-frames named Transmission Time
Interval (TTI). Radio resources are distributed every TTI, each
one lasting 1ms that every TTI consists of two time slots of 0.5
ms. Each slot contains 6 OFDM symbol in normal cyclic prefix
and 7 OFDM symbol in extended cyclic prefix [12]. In
frequency domain, LTE frame is divided into regions of 180
kHz, each one with 12 consecutive and equally spaced OFDM
sub-carriers. A Resource Block (RB) is the smallest radio
resource unit which spanning over two time slots and over one
sub-channel that can be assigned to a user for transmitting its
data [9, 5]. So the smallest part of this time-frequency grid is
called resource element consists of one subcarrier that lasts one
OFDM symbol duration.
III. OVERVIEW OF PACKET SCHEDULING TECHNIQUE IN LTE
DOWNLINK NETWORKS
Today, in order to support the increasing demand for realtime multimedia services such as VoIP and Video, it is
necessary to ensure that user’s QoS requirements has been
satisfied. So multi-user scheduling is one of the main features
in LTE systems because it’s responsible for distributing
available resources among active users.
The base station in LTE networks is evolved eNodeB
which is responsible for managing resource allocation in
downlink and uplink channels to fulfil the expectations of all
users with regard to their QoS.

Figure 3. Packet scheduler in LTE

Packet scheduling is one of the important activities of radio
resources management (RRM) module which is responsible for
radio resource allocation to satisfy the QoS requirements for
each user. All the process shown in the Fig.3 can be divided in
a sequence of operations which are repeated, in each TTI.
A list of flows that can be scheduled in current TTI is
created by eNodeB. Then parameters of channel quality and
the length of queues of MAC are stored for each flow. Next,
according to the scheduling algorithms, the metric is chosen
and calculated for all flows. After that, eNodeB calculates
amount of data that will be distributed at the MAC layer for
each scheduled flow. The best Modulation and Coding

Scheme (MCS) for transmitting the user’s data is chosen by
Adaptive Modulation and Coding module (AMC) at the MAC
layer. Physical downlink control channel (PDCCH) is used to
transmit the information about the users, the attributed RB,
and the selected MCS to terminals in form Downlink Control
Information (DCI). Every UE reads the PDCCH payload. If a
special UE has been scheduled; it attempts to access the good
PDSCH payload [5].
The QoS in LTE should be providing a balance between
fairness and throughput. Therefore the packet scheduling
algorithms should be maximizing QoS in the LTE network;
while assuring a suitable level of fairness among multimedia
flows. So far, different scheduling methods have been
proposed to support real-time and non-real time services. In
this section, we explain different popular scheduling
algorithms in LTE networks.
A. Proportional Fair
Suppose that N users exist in a cell; and ( ) denotes the
achievable transmission data rate for i-th user in the
transmission interval t which depends on the UE current CQI.
( ) is average data rate obtained for i-th user. Then,
according to the PF scheduling policy, the UE with argument
is chosen for transmission in the time slot t. The argument
defined as follows [4]:
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The average rate achieved in each time slot is updated using
the following equation:
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throughput in each time interval the user with stronger channel
conditions is scheduled.
B. Exponential Rule(EXP Rule)
This algorithm is throughput optimal and maximizes the
throughput while trying to minimize the delay for real- time
services. This rule is suggested to serve the applications with
high data rate. The EXP Rule is represented as follows [5, 10]:
()
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The parameter
is acceptable packet loss rate. is delay
threshold for i-th user. (t) is Head Of Line (HoL) packet
delay at time t. ℋ , represents the spectral efficiency for the
i-th user on the k-th sub-channel. EXP Rule also takes into
account the overall network status, because that the delay of the
considered user is somehow normalized over the sum of the
experienced delays of all users.
C. Logarithmic Rule (LOG Rule)
The LOG Rule is based on the throughput and balance in
terms of robustness and the average delay in QoS metrics. This
algorithm increases the system capacity assuming knowledge
of the incoming traffic and channel statistics [5, 11]. Its metric
is as follows:
=

log
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In this paper, we consider the following parameters [5]:

( 2)

The PF algorithm uses the achievable transmission data
rate ( ) and average throughput ( ) of each user on every
sub-carrier in a past window of length T, so this approach is
fair and increase the system throughput. The parameter T
means the trade-off between fairness and throughput. If the
value of T is T =∞, the allocation resources according to PF
scheme is decided solely by instantaneous SINR, leading to
maximize system throughput and
slight
fairness
characteristics. On the other hand, if value of T parameter is
T=1, scheduling becomes fair [12]. In this case, the resources
are allocated to a user with high priority after computing the
channel conditions. The resource allocation continues until all
resources are allocated. Therefore, the algorithm schedules a
user when its instantaneous channel quality is relatively high
compared to the average channel conditions. To maximize

c=1.1 , γ =

( 5)

D. Frame Level Scheduler (FLS)
The FLS is a two-level scheduling algorithm with higher
and lower levels [11]. Two different algorithms are executed
in these two levels. A low complexity scheduling algorithm
based on discrete time linear control theory is implemented in
the higher level. It calculates the quota of data that each realtime source should send within a single frame, to satisfy its
delay constraint. The proportional fair (PF) algorithm is
implemented in the lower level to allocate radio resources, to
assure a suitable level of fairness among multimedia flows.
The following equation calculates the quota of data to be
transmitted:
( )=ℎ( )∗ ( )
( 6)
( ) represents the amount of data that is
Where
transmitted during the k-th frame; * operator is the discrete
time convolution. ℎ ( ) is pulse response of a time-invariant

linear filter. The equation (6) tells that the amount of data to be
transmitted by i-th flow over the k-th LTE frame is obtained by
filtering the signal ( )(i.e., the queue level) through a timeinvariant linear filter with pulse response ℎ ( )[11]. So we can
say that the FLS is based on fairness and is used in multimedia
application to ensure the delay requirement. Also it is a good
option for video applications due to the low packet loss.
E. Maximum Throughput (MT)
The strategy known as Maximum Throughput (MT) aims at
maximizing the overall throughput by assigning each RB to the
user that can achieve the maximum throughput (indeed) in the
current TTI [5]. Its metric can be simply expressed as:

algorithms allocate the resources to video users in this
situation. The average throughput, delay and PLR are
calculated for video flows and BE flows with simulator. The
number of UEs with video flows is chosen in 5 steps from 5 to
45.
The radius of cell is assumed 1 Km and interferes with 7
adjacent similar cells. Mobility of each UE is described with
the random direction model. We assume that speed of each
user is 3km/h. The video flow is encoded at the rate of 242kbps
using the H.264 encoder. Simulation parameters are
summarized in Table I.
TABLE I.

( 7)
= ()
( ) was described in PF algorithm. MT is
obviously able to maximize cell throughput, but, on the
other hand, it performs unfair resource sharing since
users with poor channel conditions (e.g., cell-edge
users) will only get a low percentage of the available
resources.
IV. THE PROPOSED ALGORITHM
Considering the characteristics of real-time traffic,
especially in regard to the delay requirements, a scheduling
process should consider various factors. So we should compute
the HOL delay and achievable transmission data rate of packets
for our metric. The LOG Rule metric increases with a
logarithmic behavior as the head of line delay increases. We
want to increase the total throughput of system in presence of
HOL delay and achievable transmission data rate. It makes that
resource blocks allocated to the user with high delay and high
data rate. So in this way we use both of them in our metric to
maximize total throughput of system for real-time traffic. We
can show this metric in (8):
= log

+
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As mentioned above, our objective is toward real-time
services. MT has the ability to obtain a higher significance in
the amount of traffic delivered compared with PF which
provides fairness measures and efficient use of bandwidth. We
assume that if more packets were delivered, this would mean
less packet loss, thus contributing to better QoE and QoS. The
simulation result will show performance of new method
compared with LOG Rule and others.

Parameters
Simulation
Duration
Frame Structure

Values

Radius

1 KM

Bandwidth

5MHz

120
FDD

Number of users

70

User Speed

3 km

Video bit-rate

242 kbps

Traffic Model

H.264, Random Direction

Maximum Delay

0.04

Number of cells

7

cluster

4

To compare the performance of the above discussed
scheduling algorithms, an open source simulator for LTE
networks so called LTE-Sim [7] is applied. The simulator
supports single and multi-cell environments, QoS management,
multi-users environment, user mobility, handover procedures,
and frequency reuse techniques. Three kinds of network nodes
are modeled: user equipment (UE), evolved NodeB (eNodeB)
and Mobility Management Entity/Gateway (MME/GW).
Several traffic generators at the application layer have been
implemented and data management for radio bearer is
supported.
The evaluation metrics are related to QoS requirements are
as follows:


Average Throughput; This metric represents the
average rate of successful message which is delivered
over physical channel. It is calculated by dividing the
size of transmitted packets over transferring time.



Delay; the duration between the moments of
transmission a packet at BS and delivery at
destination.

V. SIMULATION AND RESULTS
A. Simulation Scenario
We assume n = 70 UEs which are randomly distributed in
cell. 25 UEs have received BE flow and the rest of them
receive video flow or be ideal. By trial and test, we find that
all bandwidth of downlink channel is occupied by 25 UEs
with BE traffic. We want to investigate how scheduling

SIMULATION P ARAMETERS



Packet Loss Ratio (PLR); the percentage of failed
over transmitted packets is defined as PLR.

B. Simulation Results
In this section, the behavior of different scheduling
schemes compared with new algorithm in the proposed
scenario will be studied. The video throughput per UE for
different number of video users is shown in Fig. 4. As the
results are shown, the average throughput per user decreases
when the number of UE with video application increases in all
scheduling schemes.
As shown in this figure, throughput of the PF algorithm is
the lowest of all the schemes. The reason which can be stated
is that many packets are loss during video transmission, which
in turn, assigns the resources to the BE. . However, in LOGMT, the average throughput has slightly decrease compared to
others (3% compared with 6% in EXP RUL and FLS),
because it is based on maximum achievable throughput,
thus enabling full utilization of the networks throughput. The
throughput rate affected by the PLR rate, hence the higher
amount of packet loss, a fewer packets are transmitted over
channel.

Figure 5. Average BE throughput per user

Figure 6. Packet loss ratio for video flows

Figure 4. Average video throughput per user

As Shown in Fig 5, the throughput is decreased for nonreal time flows like BE. PF performs better for BE flows
because it allocates resources to users with a good channel
quality.
The PLR curves are shown in Fig.6. The packet loss
increases as long as the number of video flows increase. LOGMT algorithm has lowest packet loss ratio, while PF has
highest one. When the number of video UEs increases, from 15
UES, PLR for all schemes increases but for LOG-MT Rule, the
PLR ranging from 2% to 30% and it is for FLS and EXP Rule
from 4% to 50%. Therefore, LOG-MT scheduler is
outperformed all scheduling algorithms in terms of PLR,
especially for real-time flows.

The average video packet delay for different schemes is
shown in Fig.7. The delay of LOG-MT Rule is less than
others. But we can see it increases for FLS very slowly and is
about 11% but for LOG-MT is about 60%. It’s logical because
LOG-MT try to increase the throughput so UEs should spend
more time in queue to send their packet correctly.
Fig.8 and Fig.9 illustrate the cell throughput (e.g. the
amount of transmitted traffic) for video and BE traffic. For
example when we have 15 video users, incoming traffic for
video is 15×242kbps equal to 3.63Mbps, but outgoing traffic
in FLS algorithm is about 3.3Mbps and for LOG-MT is about
3.5Mbps. so it shows that LOG-MT has less packet loss than
others.

In Fig. 10 and Fig. 11 throughput of video and BE UEs for
LOG-MT Rule and PF are shown. For LOG-MT in Fig. 10 the
UE throughput for video only decreases 35% when the
number of users increases. Inversely the throughput of BE
users decrease about 2.5 times (85%). The results show the
LOG-MT scheduler has good performance for video flows
compared with BE flows. However, the worst condition is
seen in Fig.11. The throughput of video UE (80 – 20Kbps) is
about 20% of desired bandwidth (240 Kbps). The main reason
is that in PF the users are not distinguished by scheduler and
video and BE applications are not differentiated.

Figure 7. Average delay for video flows

Figure 10. Average user’s throughput for video and BE flows in LOG-MT

Figure 8. Average video cell throughput

Figure 11. Average user’s throughput for video and BE flows in PF

Figure 9. Average BE cell throughput

VI. CONCLUSION
In this paper, the performance of downlink scheduling
algorithms was studied in LTE cellular network. We propose a
scenario for a combination of video and BE flows. The
simulation results shown that when the number of video flows
increase in the saturated network, the performance of different
algorithms can be evaluated. The more throughput for video
UEs and less delay and PLR in this scenario indicates the
scheduler has better performance in critical condition. The
results show that LOG-MT algorithm has better performance
in term of throughput and PLR, but FLS is better in term of
average packet delay. Although FLS perform a good behavior
in terms of throughput and PLR but its complexity is more
than others and its implementation is difficult. We hope that to
find some algorithms to perform better in this situation with
lower complexity in future work.
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