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and Hüseyin K Tütüncüoglu for their good work.

Finally, I would like to thank my parents for their love and support

throughout my life.

München, November 2016 Ming Li



Abstract

This work addresses the mobile networks, such as LTE (Long Term

Evolution). The key objective is to improve the system performance

in means of user satisfaction. Two main potential bottleneck links are

identified, i.e. the Radio Interface and the transport network link from

base station to core network.

Therefore, first a utility based radio scheduling algorithm is pro-

posed. The scheduling algorithm, which maximizes the aggregated

QoE, is proven to be optimal analytically. In a second step the re-

source limitation on the second bottleneck link, the S1 interface in the

transport network is considered in addition. The mathematical prob-

lem is formulated considering the resource on both bottleneck link and

maximizing the aggregated user satisfaction. The formulated problem

is proven to be a convex optimization problem, and then solved using

the Lagrangian relaxation method. In addition, computational advan-

tageous heuristics are developed and compared in simulations against

legacy approaches and the optimal solution.
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Chapter 1

Introduction

Mobile communication continues to evolve at a lightning fast pace

through endless innovations. In the last few decades, several gener-

ations of mobile communication have been developed that each gen-

eration brings significantly improved system performance, profoundly

richer user experience, and dramatically reduced cost. In order to meet

the ever growing mobile user demands and network loads, new revolu-

tionary communication technologies and services are developed rapidly

to keep up with this competition. The 3rd Generation Partnership

Project (3GPP) introduces Long Term Evolution (LTE) to ensure the

competitiveness for the long term. In LTE (-Advanced), a new air in-

terface and a new radio access network are introduced to provide signif-

icantly higher throughput and lower latency, greatly improved system

capacity and coverage compared to those of the 3G systems. These

improvements lead to increased users’ satisfaction on the received ser-

vices, known as Quality of Experience (QoE). However, the problem

of spectrum scarcity will still exist in mobile networks. According to

Cisco investigation published in 2015, the number of mobile-connected

devices has already exceeded the number of people on earth, and by

2019 there will be nearly 1.5 mobile devices per capita [Cis15]. The

1
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number of users and the traffic that they generate increase extremely

fast, while the bandwidth resource stays very limited. Therefore, in

order to guarantee a certain Quality of Service (QoS) and more impor-

tantly, to improve the users’ perceived QoE, it is necessary to have an

efficient resource management mechanisms.

Video streaming

HD video 
streaming

Web browsing

FTP file 
download

Video streaming

HD video 
streaming

Web browsing

FTP file 
download

QoE unaware

QoE aware

Figure 1.1: Example of the benefit by QoE based radio resource
allocation

The key objective of radio resource allocation mechanisms is to

make the best use of limited resources and to enhance the users’ expe-

rience, under time varying channel conditions. The different scheduling

disciplines regarding fairness, QoS provisioning and spectrum efficiency

have been extensively researched. However, radio scheduling aims not

only to improve the network performance, but also to increase the users’

QoE. QoE is often measured by Mean Opinion Score (MOS) and can be
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mathematically represented by a utility function. QoE, defined as “the

overall acceptability of an application or service, as perceived subjec-

tively by the end user” [IT07], is not a linear function of QoS (Quality

of Service) parameters and very much depends on the application. For

instance, for a user streaming high quality audio the difference in means

of user satisfaction when served with 2 instead of 1 Mbit/s is low, if

not negligible, whereas the user is obviously much more content when

served with 100 instead of 50 Kbit/s.

One of the major innovations of this work is that a utility based

radio resource scheduling framework with the focus of maximize the

aggregated QoE in a cell is proposed. Figure 1.1 gives an example of

the benefit by QoE based radio resource allocation. In this example, the

video streaming and web browsing users need less amount of resources

to get satisfied while the High-definition (HD) video and FTP (File

Transfer Protocol) file downloading users need much higher resources.

With the QoE aware scheduling, the radio resources are scheduled in

a smarter way to the users who have the highest QoE gains. In other

words, the resources are given to the users who are most demanding.

For instance, if there are only few radio resources available, most of the

resources will be given to the video streaming and web browsing users

since they can achieve a high QoE with fewer resources compared to

other users. On the other hand, if there are more resources available,

more resources will be scheduled to the HD video and FTP users since

the video streaming and web browsing users are already satisfied with

less resources.

In this work, first some examples on how to build up the utility

functions considering QoE are given. Then a utility based radio re-

source scheduling framework is proposed. The scheduling algorithm is

proven to be optimal analytically. The performance of the scheduler is

evaluated in several typical scenarios comparing against the well-known

proportional fair scheduler.
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Figure 1.2: Example of the benefit by joint radio and transport
optimized resource management

The radio scheduler can effectively utilize the radio resources. Nev-

ertheless, LTE access network contains two main bottlenecks: air inter-

face and transport backhaul. In legacy mobile networks, the transport

backhaul is well dimensioned to cover the typical scenarios. However,

the transport backhaul capacity is not been dimensioned to handle

all the peak scenarios with the purpose of saving Capital expendi-

tures (CAPEX) and operating expenses (OPEX). Therefore, the in case

multiple cells experienced high loads at the same time, the transport

backhaul could be overloaded as well. More importantly, the femtocell

networks use cable or broadband xDSL as the last mile solution and

usually its bandwidth is limited by the contract. Besides, Cloud-RAN

(C-RAN) is a new cellular network architecture for the future mobile
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network infrastructure [Ins11]. Since the baseband units (BBUs) are

separated from the radio access units (RAUs, or referred as Remote

Radio Heads, RRH) and moved to the cloud for centralized processing,

the backhaul to the Core Networks is a challenge since it aggregates

the traffic from over hundreds of cells.

A joint radio and transport optimized resource management scheme

is designed considering both radio and transport network limitations

which is the major focus of this work. The target is to optimize the

resource allocation in terms of deciding optimum bearer rates for dif-

ferent users dynamically according to their application types as well

as traffic variations and available network capacities of both radio and

transport networks. The innovation of this work is an algorithm that

dynamically optimizes the EPS (Evolved Packet Core) bearer rates for

all users in the LTE networks considering the limitation of radio and

transport resource with the objective of maximizing the accumulated

users’ QoE. Figure 1.2 gives an example of the benefit by the proposed

joint radio and transport optimized resource management.

In this work, the EPS bearer shaping method as well as other ex-

isted resource management schemes at LTE transport networks are dis-

cussed first. Then, the typical scenarios which the proposed joint radio

and transport optimized resource management schemes are applicable,

e.g. femtocell cluster, base station with multiple cells and Cloud-RAN

in LTE-advanced, are introduced. The resource allocation problem in

multiple cells considering transport network limitations is formulated as

a convex optimization problem, which maximizes the aggregated QoE,

and it will be solved using the Lagrangian relaxation method. The

EPS bearers are shaped according to their optimal rates for all users

at the core network. The performance of the proposed algorithms is

investigated and evaluated by simulations. Moreover, a discussion on

how often to calculate and adjust the EPS bearer rates is given based

on the complexity and performance investigations. At the end, radio

scheduling heuristic methods with reduced complexity are proposed.
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The performance is evaluated by simulations and compared with the

joint radio and transport optimized resource management scheme.

Theoretically, the mathematical models proposed in this work are

applicable to both LTE downlink and uplink. LTE downlink is focused

in this work because most of the mobile traffic today is on downlink

direction that data asymmetry between downlink and uplink on average

can be more than 10:1 according to Nokia’s investigation [Nok14].

1.1 Thesis Overview

In Chapter 2, LTE in general is introduced. The main motivation

of LTE and its key features are explained. Then the overall system

architecture, including both the radio access and core network of LTE

is described in details according to the LTE standardization. The LTE

femtocell, which is one of the typical scenarios focused in this work, is

introduced. The LTE evolution roadmap to the future is discussed in

the end.

The designed LTE simulator which is the first contribution of this

work is described in Chapter 3. The importance of network simulation

technique in communication networks is highlighted in the beginning.

An introduction to OPNET modeler is given, which is a simulation tool

used to build up the LTE simulator. The implemented network enti-

ties, channel model as well as the traffic models are explained stepwise

in detail afterwards. This chapter concludes with the explanation of

statistical evaluation methods used for performance evaluation.

In chapter 4, a utility-based radio scheduling framework in LTE

considering QoE is proposed and evaluated, which is the second contri-

bution. Firstly, the LTE scheduler and an overview of existing schedul-

ing strategies are given. Besides, the state-of-art and the motivations

of QoE based scheduling are introduced. The relationship between

QoS and QoE is discussed afterwards, and how the QoE based utility
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functions for various traffic are explained in details with several exam-

ples. Subsequently, a QoE based scheduler is proposed and analytically

proven to be optimal. The scheduling procedures are illustrated step

by step later. Finally, the performance gain of the proposed QoE based

scheduler framework is compared against the conventional proportional

fair scheduler by numerous simulations.

Chapter 5 proposes a joint radio and transport optimized resource

management scheme, which is the most significant contribution of this

work. This chapter first explains the legacy resource management

schemes in core and transport networks. Various use cases which would

be beneficial with a joint radio and transport resource management are

introduced. Afterwards, an optimal QoE based dynamic rate shaping

method is proposed. The joint resource management problem is formu-

lated as a convex optimization problem and solved by the Langrangian

relaxation method. Subsequently, the performance of this approach

is evaluated by simulations. In the end, two heuristic methods with

reduced complexity are proposed and compared against the optimal

shaping method.

Chapter 6 gives the overall conclusion of the thesis with the high-

lights of all the main achievements. Finally, an outlook concerning

future work concludes this thesis.





Chapter 2

Long Term Evolution

The roadmap of Next Generation Mobile Network (NGMN) is to pro-

vide mobile broadband services to end-users. To make this happen,

3GPP introduces Long Term Evolution (LTE) to ensure the compet-

itiveness of the 3GPP technology family for the long term. In 2008,

the ITU Radio communication Sector (ITU-R) of the International

Telecommunication Union (ITU) defined the requirements of an Inter-

national Mobile Telecommunications-Advanced (IMT-Advanced) com-

pliant system which is marketed as 4G. LTE further evolved to LTE-

Advanced to meet the ITU-R IMT-Advanced requirements. LTE in-

troduces a new air interface and radio access network, which provide

much higher throughput and low latency, greatly improved system ca-

pacity and coverage than the 3G systems. These improvements lead to

increased expectations on the end-user quality of application services

over LTE as compared to the existing 2G/3G systems. The improve-

ments impose much higher requirements on the transport network, as

well: (i) as the LTE system is designed for Packet Switched (PS) traffic,

PS based data services are expected to dominate in LTE; (ii) the signif-

icantly improved throughput and capacity of the LTE air interface will

put more load on the transport network; (iii) the higher expectations

9
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on the responsiveness of interactive applications, and on voice quality

increases the demand on lower packet delay in the transport network.

The Evolved Packet System (EPS) is composed by the Terres-

trial Radio Access Network (E-UTRAN) which is the access part of

the system, the Evolved Packet Core (EPC) which is the core part of

the system, and mobile terminals. Nevertheless, LTE has become the

colloquial name for the whole EPS system regularly used by 3GPP.

LTE is pure IP based that means both real time and data services are

served based on the IP protocol. LTE introduces a completely new

radio interface and core network to its predecessor, providing substan-

tially improved data performance. In order to support the new LTE

radio interface, an EPC has been developed. The work on specifying

the core network is known as System Architecture Evolution (SAE).

The main requirements of LTE included higher data rate, enhanced

cell edge coverage, lower latency, lower complexity, improved system ca-

pacity, and spectrum flexibility. The initial LTE standard was finalized

in December 2008 in 3GPP Release 8 [3GP09b], and the first publicly

available LTE service was launched by TeliaSonera in Oslo and Stock-

holm on December 14, 2009. Within 5 years’ time, 442 commercial LTE

networks have been launched by operators in 147 countries by the end

of 2015, according to data released by GSA (Global mobile Suppliers

Association) which makes LTE the fastest developing mobile system

ever [Ass15]. The LTE key features in Release 8 are summarized as

follows [3GP09b]:

• Simplified flat all-IP based network architecture: the key benefits

of flat IP architectures are lower cost, reduced system latency,

and decoupled radio access and core network evolution.

• Significantly increased peak data rates: up to 100 Mbps in the

downlink and 50 Mbps in the uplink in 20MHz spectrum. With

the use of Multiple-input and Multiple-output (MIMO) and beam
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forming techniques, even higher peak data rates can be achieved,

e.g. 300 Mbps in the downlink and 75 Mbps in the uplink.

• Improved spectral efficiency and cell edge coverage: spectral effi-

ciency in the downlink is targeted at 5 bps/Hz/cell and 2.5 bp-

s/Hz/cell in the uplink, which is a four times improvement over

its predecessor: High Speed Packet Access (HSPA).

• Reduced latency: both control plane and user plane latencies

are reduced significantly, e.g. 5 ms user plane latency in upload

condition which is up to 80% less than the delay in HSPA. These

enhancements are especially beneficial to real-time services.

• Mobility: LTE provides high performance up to 120 km/h moving

speed while maintaining services up to 350 km/h.

• Flexible radio planning: scalable usage of frequency spectrum

from 1.25 MHz to 20 MHz.

• Efficient multiple access techniques: Orthogonal Frequency Di-

vision Multiplexing Access (OFDMA) and Single-carrier FDMA

(SC-FDMA) as the multiple access techniques for downlink and

uplink respectively.

2.1 LTE Multiple Access Schemes

OFDM has been adopted as the downlink transmission scheme for LTE

downlink. OFDM is favored due to the fact that it is very robust against

frequency selective fading channels, and therefore a low complexity of

the equalization is needed to overcome frequency selectivity. It can

significantly enhance the spectrum efficiency by adapting the modula-

tion and coding scheme per sub-carrier according to the channel con-

dition of each sub-carrier. In addition, OFDM is able to make use

of different bandwidth by varying the number of OFDM sub-carriers

used for transmission. OFDM is widely used in modern mobile and
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wireless communication systems, e.g. Worldwide Interoperability for

Microwave Access (WiMAX), Digital Video Broadcasting (DVB), and

Wireless Local Area Network (WLAN).

2.1.1 OFDM and OFDMA

1 ms

User #1 scheduled

User #2 scheduled

User #1, Time 
frequency fading

User #2, Time 
frequency fading

Figure 2.1: An example of channel dependent scheduling in LTE
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Like FDM systems, in which signals from multiple transmitters

are transmitted simultaneously over multiple sub-carriers, OFDM also

uses multiple sub-carriers. In OFDM the sub-channels are orthogo-

nal to each other. So they can be closely spaced to each other with-

out causing interference. OFDM does not require guard intervals be-

tween the sub-channels and therefore can achieve a higher system spec-

tral efficiency compared to conventional FDM systems. Besides, the

OFDM sub-channels have narrow bandwidths and therefore OFDM is

more resistant to frequency selective fading than single carrier systems.

OFDM has a long symbol duration (low symbol/transmit rate) since a

data stream is modulated into several sub-carriers before transmission.

Therefore fading is slow enough for the channel to be considered as

constant during one OFDM symbol interval [Dah07].

OFDM can be combined with multiple accesses with time, fre-

quency separation of the users, allowing simultaneous transmissions

of multiple mobile terminals. This scheme is referred as Orthogonal

Frequency Division Multiple Access (OFDMA). In OFDMA, users are

allocated a specific number of subcarriers for a predetermined amount

of time. They are referred to as physical resource blocks (PRBs) in

the LTE specifications which is the smallest granularity in LTE radio

resource allocation. As shown in Figure 2.1, a PRB has a time dura-

tion of 1 ms and a frequency spacing of 180 KHz (12 subcarriers by 7

OFDM symbols). The LTE base station can make use of the different

user channel conditions to allocate PRBs to the users periodically ev-

ery 1 ms. Figure 2.1 gives an example of channel aware radio resource

allocation in LTE downlink with 2 users. The upper part of the figure

represents the user channel conditions. The lower part of the figure

shows the resource along the time that the PRBs are allocated to the

user with better channel condition along the time.
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2.1.2 SC-FDMA

Single-carrier FDMA is a frequency-division multiple access scheme

that is adopted for LTE uplink access and transmission. SC-FDMA

has an additional DFT (Discrete Fourier Transform) procession step

prior to the conventional OFDMA procession, and therefore can be

seen as a special kind of OFDMA. Single-carrier is used in LTE uplink

instead of multiple carriers OFDMA in LTE downlink. Comparing to

OFDMA, SC-FDMA provides a lower peak-to-average ratio (PAPR)

that can improve the transmission efficiency and reduce the cost of the

amplifier and the power consumption at the same time, making it a very

attractive characteristic for uplink transmission by mobile terminals.

2.2 LTE Overall System Architecture

Figure 2.2 shows the overall high-level network architecture of LTE,

which is also referred as EPS. It is comprised of three main compo-

nents: User Equipment (UE), Evolved UMTS Terrestrial Radio Access

Network, and Evolved Packet Core. The E-UTRAN is the access part

of the network which is responsible for radio-related functionalities in-

cluding radio resource allocation and scheduling, coding and transmis-

sion. The EPC provides the core network functions such as mobility,

policy, and security management. It is based on the Internet Protocol

(IP) that enables communication to 3GPP radio access (LTE, 3G and

2G), non-3GPP radio access (WLAN and WiMAX), and fixed networks

(Ethernet and fiber).

EPS is a connection-oriented transmission network. A bearer is

defined to provide a “virtual” connection between two endpoints, e.g. a

UE and a PDN-GW (Packet Data Network Gateway) with specific QoS

attributes. Both EPC and E-UTRAN provide services according to the

QoS parameters associated to the bearer. In LTE multiple bearers can

be established for a user with multiple services, e.g., Voice over Internet
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Figure 2.2: LTE system architecture

Protocol (VoIP), and at the same time downloading a file using File

Transfer Protocol (FTP).

2.3 Core Network

The key component entities of EPC include Mobility Management En-

tity (MME), Serving Gateway (S-GW), and PDN Gateway (PDN-

GW). Besides, there are some logical entities like Policy and Charg-

ing Control Function (PCRF), and Home Subscriber Server (HSS)

[3GP15b].

• MME: It is a control plane node providing signaling and various

controlling functions including: authentication, security, roam-

ing, default/dedicated bearer establishment, tracking user mobil-

ity and handover.

• S-GW: It routes and forwards user data packets between the

base station and the PDN gateway. It is the local mobility an-

chor point for inter-eNodeB handover, as well as, the mobility
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anchoring for inter-3GPP mobility. In addition, it manages and

stores UE contexts, e.g. parameters of the IP bearer service, net-

work internal routing information.

• PDN-GW: Similar to GPRS support node (GGSN) and the

serving GPRS support node (SGSN) with UMTS (Universal Mo-

bile Telecommunications System) and GSM (Global System for

Mobile communication), PDN-GW provides connectivity to ex-

ternal packet data networks. A UE may be served by more than

one PDN-GWs simultaneously for accessing multiple PDNs that

each packet data network is identified by an access point name

(APN).

• HSS: It contains user related information supporting functional-

ities such as mobility management, call establishment and user

authentication. The HSS is composed by the Home Location

Register (HLR) and the Authentication Center (AuC).

• PCRF: It is responsible for enforcing the charging policy. In

addition, it provides the QoS authorization that specifies how a

certain data flow will be handled in accordance with the user’s

subscription.

2.4 Radio Access Network

The access network of LTE, named as E-UTRAN, contains only in-

terconnected Evolved Node Bs (base station in LTE, abbreviated as

eNodeB or eNB). Unlike the former UMTS/HSPA systems, there is no

centralized Radio Network Controller (RNC) in E-UTRAN, and there-

fore LTE is been said to have a flat architecture. The flat architecture

greatly reduces the handover latency and avoids the system vulnerable

against RNC failures. The eNodeBs are connected with each other via

X2 interface supporting functionalities such as the intra-LTE handover
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and the inter-eNB coordination. An eNodeB is connected to the EPC

via the S1 interface, and the UE via the Uu interface.
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Figure 2.3: LTE user-plane protocol stack

The LTE protocols consist a user plane and a control plane. As

the name suggests, the control plane protocols are responsible for estab-

lishing and controlling user connections, while the user plane protocols

are used for user data transfer. Figure 2.3 shows the LTE user plane

protocol stack over UE, E-UTRAN and EPC. The eNodeB acts as a

bridge between the UE and the EPC that it can send and receive data

both from and to the UE and the EPC. On one hand, it sends the

user data securely to the EPC based on the GTP tunneling protocol,

which is on top of the UDP/IP protocols, and vice versa. On the other

hand, it manages the traffic flows between the UE and the eNodeB

by scheduling the frequency spectrum resources in both downlink and

uplink directions through a set of layer 1 and 2 protocols, which are

explained in details below. Figure 2.4 further gives a detailed overview

of the air interface protocol architecture and corresponding functions

for the downlink [DS07].

• Packet Data Convergence Protocol (PDCP): There is one

PDCP entity per SAE bearer configured for a user. It performs



18 2. Long Term Evolution

User #1

User #j

IP packet

PDCP
Header compressionHeader compressionHeader compressionHeader compression

Segmentation, ARQ

Ciphering

RLCMAC

M
A

C
 s

ch
e

d
u

le
r

MAC multiplexing

Hybrid ARQ

Coding

Modulation

Antenna and 
resource mapping

PHY

Priority 
handling,
Payload
selection

Retransmission
control

Modulation
scheme

Antenna and
Resource
assignment

IP packet

Concatenation, ARQ

MAC demultiplexing

Hybrid ARQ

Decoding

Demodulation

Antenna and 
resource demapping

Header compressionHeader compressionHeader compressionHeader compression

Deciphering

eNodeB Mobile terminal 
(UE)

PHY

MAC

RLC

PDCP

SAE
bearers

Radio
bearers

Transport
channel

Logical
channels

Figure 2.4: LTE protocol architecture in downlink, based on
[DS07]



2.4 Radio Access Network 19

the IP header compression (and decompression) based on the

ROCH (Robust Header Compression) standard in order to im-

prove the efficiency of the radio interface. Besides, PDCP is re-

sponsible for ciphering and integrity protection. At the receiver

side, the corresponding deciphering and decompression are per-

formed. A detailed description of the PDCP functionality can be

found in [3GP10b].

• Radio Link Control (RLC): It provides services to the PDCP

layer in the form of radio bearer. There is one RLC entity per

radio bearer configured for a user. RLC performs segmentation,

concatenation and reassembling of the packets. It takes care of

in-sequence packet delivery to the PDCP layer. Besides, it also

performs error handling, based on the well-known Automatic Re-

peat Request (ARQ) methods.

There are three operation modes supported in the RLC layer:

Acknowledgement Mode (AM), Un-acknowledgement Mode (UM)

and Transparent Mode (TM). AM is used to provide error-free

and in-order transmission so that it is suitable for TCP based ser-

vices, such as FTP and HTTP. UM provides segmentation and

concatenation functionalities, but it does not support retrans-

mission. Therefore UM is suitable for UDP based applications

that can tolerate some losses, like VoIP. As the name suggested,

Transparent Mode does not add any overhead to the data. It can

be used for random access. More information can be found in

[3GP10c].

• Medium Access Control (MAC): It provides services to the

RLC in the form of logical channels. The major function of the

MAC is radio resource allocation and scheduling of radio resources

in both uplink and downlink considering users’ QoS over the air

interface. There is only one MAC entity per eNodeB, responsible

for both downlink and uplink scheduling. In addition, it supports
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Hybrid Automatic Repeat Request (HARQ) retransmissions for

improved reliability[3GP10a].

• Physical Layer (PHY): It provides its services to the MAC in

the form of transport channels. It handles physical layer functions

including coding/decoding, modulation/demodulation, multiple

antenna mapping etc.

Figure 2.5 gives an example of LTE data flow with three IP pack-

ets through all the protocol layers over the air interface in downlink

direction [Dah07]. The header compression and ciphering is been per-

formed at the PDCP layer. A PDCP header is added to each IP packet

and sent to the RLC layer. The RLC layer then performs concatena-

tion and/or segmentation and adds an RLC header for each RLC PDU

(Packet Data Unit). The header information is used for retransmissions

and in-order delivery in the UE. The MAC layer assembles a number of

RLC PDUs into a MAC SDU (Service Data Unit), and adds a header

to form a transport block. The size of a transport block depends on the

user channel condition and the number of PRBs allocated to the UE.

At the physical layer, a CRC (Cyclic Redundancy Check) is added to

the transport block for error-detection. The PHY layer then transmits

the modulated signal over the air interface.

2.4.1 Medium Access Control

The MAC layer of the eNodeB, which is the lowest sub-layer of layer

2, has the most important function in Radio Resource Management

(RRM). It is responsible for radio resource allocation and packet schedul-

ing for both downlink and uplink. It provides services to the RLC

layer via logical channels, and connects to the PHY layer via transport

channels. The MAC layer performs multiplexing and demultiplexing of

the logical channels, and maps the logical channels to the appropriate

transport channels. Besides, the MAC layer supports HARQ with soft

combining, providing robustness against transmission errors.



2.4 Radio Access Network 21

R
LC

h
ea

d
er

Pa
yl

oa
d

M
A

C
h

ea
d

er
P

a
yl

o
a

d

P
D
C
P

R
LC

M
A
C

P
H
Y

R
LC

h
ea

d
er

Pa
yl

oa
d

R
LC

h
ea

d
er

Pa
yl

oa
d

M
A

C
h

ea
d

er
Pa

yl
oa

d

Tr
an

sp
o

rt
 b

lo
ck

C
R

C
Tr

an
sp

o
rt

 b
lo

ck
C

R
C

H
ea

d
er

Pa
yl

oa
d

H
ea

d
er

Pa
yl

oa
d

PD
CP

h
ea

d
er

Pa
yl

oa
d

R
LC

 S
D

U

SA
E 

b
ea

re
r 

1

H
ea

d
er

Pa
yl

oa
d

H
ea

d
er

Pa
yl

oa
d

PD
CP

h
ea

d
er

Pa
yl

oa
d

R
LC

 S
D

U

SA
E 

b
ea

re
r 

1

H
ea

d
er

Pa
yl

oa
d

H
ea

d
er

Pa
yl

oa
d

PD
CP

h
ea

d
er

Pa
yl

oa
d

R
LC

 S
D

U

SA
E 

b
ea

re
r 

2

Figure 2.5: Example of LTE data flow, based on [DS07]



22 2. Long Term Evolution

Logical Channels and Transport Channels

The MAC provides services to the RLC in the form of logical chan-

nels, which are generally classified into control channels, used for trans-

mission of control and configuration information, and traffic channels,

used for user data transmission.

Table 2.1: A list of logical channels and transport channels
[3GP10a]

Logical channels Transport channels

Broadcast Control Channel (BCCH) Broadcast Channel (BCH)

Paging Control Channel (PCCH) Paging Channel (PCH)

Dedicated Control Channel (DCCH) Downlink Shared Channel (DL-SCH)

Multicast Control Channel (MCCH) Multicast Channel (MCH)

Common Control Channel (CCCH) Uplink Shared Channel (UL-SCH)

Multicast Traffic Channel (MTCH) Random Access Channel (RACH)

Random Access Channel (RACH)
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Figure 2.6: Example of mapping of logical channels to transport
channels

In the meantime, the PHY offers services to MAC in the form

of transport channels, which specifies how and with what character-

istics the information is transmitted over the radio interface. There
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is a Transport Format (TF) that contains the information about the

transport block size, the modulation scheme, and the antenna mapping

associated with a transport block.

The logical channels and control channels are listed in Table 2.1

according to 3GPP standards [3GP10a]. Figure 2.6 gives an example

of mapping between the logical channels and the transport channels.

For a detailed description of the logical and transport channels and the

mapping between them, please refer to [Dah07].

Packet Scheduling

The MAC is responsible for the allocation of the time-frequency

resources to one or multiple terminals for both uplink and downlink. As

stated earlier, the minimum granularity of the time-frequency resource

that the MAC can handle is a PRB, which has a time duration of 1

ms and a frequency spacing of 180 KHz. In every Transmission Time

Interval (TTI), which is 1 ms, the MAC decides the allocation of PRBs

to one or more UEs, as well as the corresponding transport block size,

the modulation and coding scheme, and the antenna mapping (in case

of multi-antenna transmission).

Because 3GPP does not specify any scheduling strategy, the radio

resource allocation and packet scheduling has been widely researched

with the key objective to make the best use of limited resources un-

der time varying channel conditions. The user channel conditions are

reported to the MAC by the Channel Quality Indicator (CQI), and

therefore the MAC can decide how to make the best use of the ra-

dio resources. Figure 2.7 gives an example of the channel aware radio

resource allocation in LTE downlink with 2 users. It shows that the

radio resource allocation in LTE can exploit channel variations in both

frequency and time domains. In addition to the channel quality, a well-

designed scheduler should also take the QoS requirements as well as the

buffer status and priorities into account. For instance, the real-time ser-

vices such as VoIP, need a low delay while the best effort services are

more sensitive to the data rate.
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Figure 2.7: An overview of the downlink and uplink scheduling,
based on [DS07]

The basic function of the uplink scheduler is similar to the down-

link. Nevertheless, the uplink transmission can only use single carrier,

which has an additional requirement that only continuous PRBs can be

allocated to one UE. Besides, unlike the scheduling decision is per ra-

dio bearer based on downlink, the uplink scheduling decision is per UE

based. The UE then decides which radio bearer(s) should be served.

An overview of downlink and uplink scheduling mechanisms can be seen

in Figure 2.7. Chapter 4 summarizes and compares the most widely

used scheduling strategies.

Hybrid ARQ

Similar to the HSPA system, LTE uses the HARQ protocol with

soft combining to provide robustness again transmission errors. Figure
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2.8 gives an example of a HARQ process in LTE that multiple par-

allel stop-and-wait processes are used in the HARQ protocol [Dah07].

When a transport block is received, the receiver tries to decode it and

informs the transmitter about the outcome of the decoding operation

that whether a retransmission is needed through the ACK/NAK (Ac-

knowledgement/Negative Acknowledgement) flag. With the use of mul-

tiple parallel stop-and-wait processes, the data can be delivered to the

RLC out-of-sequence. For instance, the transport block 5 was success-

fully decoded before transport block 3, since it is being delayed by a

retransmission. In LTE, the RLC is responsible for the packet reorder-

ing in the case of AM and UM transmission modes.

Receiver processing
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Figure 2.8: Example of a HARQ process in LTE, based on [DS07]

Although the HARQ can recover most of the transmission errors,

some residual transmission errors may still exist and therefore it may

fail to deliver error free data blocks to the RLC. For example, a NAK

is incorrectly interpreted as an ACK by the transmitter in the order of

1% [Dah07]. The packet errors will trigger TCP congestion avoidance

resulting a reduction of the TCP performance. In RLC AM, these
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errors are further detected and recovered by the RLC retransmissions

to deliver error-free data to higher layers.

2.5 LTE Femtocell
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Figure 2.9: Mobile data traffic’s phenomenal growth indoors
[Nok11]

According to Cisco investigation [Cis15], global mobile data traffic

will increase nearly tenfold between 2014 and 2019. Mobile data traffic

will grow at a compound annual growth rate (CAGR) of 57% from

2014 to 2019, reaching 24.3 exabytes per month by 2019. It is an

acknowledged fact that most of the mobile data is generated in the

indoor environments such as homes, offices, shopping malls, hotels,

and indoor venues. Figure 2.9 shows that the indoor traffic dominates

today’s mobile data traffic by more than 80%. However since the radio

signals are seriously attenuated by the walls and other obstacles, the

indoor performance is significantly poorer than outdoor. The latest

trend to solve this problem is to introduce a large number of small cells,

which can be connected to the operator’s network by using existing user

broadband (e.g. xDSL/Cable/Fiber) connection, for indoor coverage.
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Table 2.2: Comparison of femto-, pico-, micro- and macrocell

Femto Pico Micro/metro Macro

Indoor/Outdoor Indoor
Indoor or

outdoor
Outdoor Outdoor

Number of users 4 to 16 32 to 100 200 200 to 1000+

Max. tx power 20 to 100 mW 250 mW 2 to 10 W 40 to 100 W

Max. cell radius 10 to 50 m 200 m 2 km 10 to 40 km

Bandwidth 10 MHz 20 MHz 20, 40 MHz 100 MHz

Backhaul
DSL, cable,

fiber
Microwave

Fiber,

microwave

Fiber,

microwave

The macrocells are traditional base stations with high transmission

power and wide coverage up to tens of kilometers. Microcells, with a

smaller size and reduced transmission power, are installed mainly in

urban areas to offload the macrocells traffic. Even smaller picocells are

deployed in areas with very dense phone usage, such as office buildings

and shopping malls.

Table 2.2 gives a comparison of the different types of cells. As the

name suggested, a femtocell is a very low-power cellular base station

with small coverage, typically designed for use in a home or small busi-

ness in the indoor environments only. Unlike the other three types of

cells that are usually installed and maintained by the mobile network

operators, the femtocells are usually installed by the end user in their

homes or offices, and therefore the femtocells are designed to be au-

tonomous. Cisco estimates that by 2019, 67% of mobile data traffic

will be offloaded from the macro network [Cis14].

Figure 2.10 shows the femtocell system architecture along with the

legacy LTE macrocell system. A femtocell base station is often been

called Home eNodeB (HeNB). The femtocell stations have the same

functions as macrocell stations and can provide such as radio resource

management functions. Unlike the macrocell stations which directly
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Figure 2.10: LTE femtocell system architecture [3GP09a]

connect to the EPC, the femtocell stations are connected using broad-

band IP, such as DSL or cable modems, to the EPC via a femtocell

gateway. A femtocell gateway is composed by a security gateway that

may connect to hundreds of femtocells, and a signaling gateway which

aggregates, validates and authenticates traffic of the individual femto-

cell.

2.6 LTE Evolution Roadmap

3GPP initiated the investigation on LTE since 2004 and specified the

first release of LTE (Rel-8) in March 2009. In 2008, the ITU Radio

communication Sector (ITU-R) of the International Telecommunica-

tion Union (ITU) defined the requirements of an International Mo-

bile Telecommunications-Advanced (IMT-Advanced) compliant system

which is marketed as 4G. LTE further evolved to LTE-Advanced to

meet the ITU-R IMT-Advanced requirements from the Rel-10. One of

ultimate goals of the long term evolution is to provide one thousand
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Figure 2.11: LTE evolution roadmap [Hua13]

times of capacity as its predecessor. LTE keeps evolving by introduc-

ing new features, supporting more services, by multiple market phases:

LTE-A, LTE-B and LTC-C and more in the future, as shown in Figure

2.11 [Hua13].

In the initial release, Rel-8 defined the basis of LTE technolo-

gies, including a flat network architecture, exploiting OFDMA and

SC-FDMA as donwlink (DL) and uplink (UL) multiple access technol-

ogy, supporting a scalable bandwidth up to 20 MHz. Rel-9 introduced

more features as dual layer beamforming, positioning, Self-organizing

Network (SON).

From 3GPP Rel-10 onwards, LTE evolves to LTE-Advanced to

meet and exceed the IMT-Advanced system requirements. LTE-A (Rel-

10/Rel-11) supports wider bandwidths with carrier aggregation up to

100 MHz and higher-order spatial multiplexing with up to 8x8 MIMO

in DL and 4x4 MIMO in UL. The cell peak rate has been boosted

more than ten times up to 3 Gbps on downlink and 1.5 Gbps on uplink

compared with Rel-8. Heterogeneous Networks (HetNets) containing
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a variety of cell sizes, e.g. femtocell, picocell, as well as relay nodes

are studied to improve the coverage. Coordinated Multi-Point (CoMP)

and enhanced inter-cell interference coordination (eICIC) are the two

key features in Rel-11 to improve performance especially at the edge of

cells. eICIC is an interference control technology to prevent inter-cell

interference by assigning different subframes (different time ranges) for

different users in the cell egde. CoMP is a new technology based on

network MIMO. By coordination of multiple sites, a user at the cell

edge is able to receive and combine signals from multiple cell sites.

And the user’s transmission can be received and processed by multiple

sites.

Macrocell
Small cell

UEUser-plane data

User-plane data

Carrier 1 @ f1

Carrier 2 @ f2

Figure 2.12: Example scenario of dual connectivity

LTE-B (Rel-12/Rel-13), which is currently under development, is

the second phase of LTE-Advanced, targeting more than 30 fold in-

crease of capacity and 10 fold increase of cell edge performance. LTE-

B introduces LTE-Hi (LTE Hotspot improvement) to optimize the

hotspot and indoor transmission of small cells. LTE-B improves the

multi-antenna performance with 3D-beamforming which can further

boost the performance of both SU-MIMO (Single-user MIMO) and

MU-MIMO (Multi-user MIMO). Besides, LTE-B is designed to sup-

port better Multi-RAT (Multi-Radio Access Technology) interworking

between LTE and WiFi, GSM and UMTS, providing better mobility
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management, resource allocation and traffic offloading. In addition,

dual connectivity, which is also known as the inter-site carrier aggre-

gation, can split the data transmission over multiple base stations to

improve the user throughput as seen in Figure 2.12.

LTE-C in the future is supposed to provide 1000 fold of capac-

ity and 800 fold of energy efficiency, and support more users with di-

verse services. Some preliminary studies have been made, e.g. LTE in

unlicensed spectrum, enhancements of CA, Machine-Type Communica-

tions (MTC), Device-to-device (D2D) communications, Full-Dimension

MIMO, Indoor positioning, etc. With more spectrum, more small cells

and higher transmission efficiency, the well-known 1000x capacity chal-

lenge can be conquered in near future [Hua13].

In addition, 3GPP has initiated preliminary studies on a new gen-

eration of 5G standards, which may be introduced in the early 2020s.

Three distinct 5G network visions had emerged including a super-

efficient mobile network, a super-fast mobile network and a converged

fiber-wireless network [GSM15]. A 5G workshop (5G Workshop - The

Start of Something) was held by 3GPP in September 2015. Three high

level use cases are addressed in the workshop: enhanced mobile broad-

band, massive machine type communications and ultra-reliable and low

Latency Communications [3GP15a].





Chapter 3

LTE Simulation Method

3.1 Introduction

In an era of information explosion, in order to meet the ever growing

mobile user demands and network loads, new revolutionary commu-

nication technologies and services are developed rapidly to keep up

with this competition. The increased complexity of communication

protocols, large scale networks and coexistence of multiple communi-

cation standards put great challenges for the network researchers and

developers. No matter deploying a new network, upgrading the cur-

rent the network or testing new protocols, assessments on the network

performance and reliability must be performed in order to reduce the

investment risk of network construction and improve the network per-

formance. For instance, the network engineers need to optimize the

performance in protocol developments and the operators need to as-

sure that the networks are designed properly to meet the demands.

Various methods, including mathematical modeling and analysis,

prototype implementation, and network modeling and simulation, are

33
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used by network engineers. Mathematical analysis has a lower com-

plexity and is usually faster than the network simulation and the pro-

totype method. Nevertheless, it is usually not applicable for end-to-end

large scale networks since the network component behavior or perfor-

mance is dependent on the remaining parts of the network. There-

fore the Kleinrock’s independence assumption is violated [Kle75], since

the end-to-end network cannot be decomposed and analyzed hop-by-

hop independently. The prototype implementation method can offer a

straightforward insight on the system performance in the real world.

However, it is very complicated and costly to set up the test-bed in-

cluding the hardware assembling and protocol implementation, and so

on. Owing to this fact, this method is only applicable to small scale

networks. In addition, the prototype implementation is sometime not

possible for the future technologies that not yet available.

Network simulation, which is a technique that the network behav-

ior is modeled in a program by modeling the network entities and their

interactions based on some mathematical models, or playing back the

observations captured from a real network, can be used to study large

scale networks with high accuracy. Unlike the prototype method that

is very time consuming and costly setting up a test bed with multi-

ple servers, routers and links, etc., network simulation allows engineers

and researchers to test the network behavior in a more efficient way.

Furthermore, network simulation can easily reproduce some networking

phenomena, such as wireless radio interference.

Therefore, the network simulation is adopted for the investiga-

tions in this work due to the above mentioned merits. There are many

popular network simulators available, such as OPNET Modeler (or

Riverbed Modeler, OPNET was purchased by Riverbed) [Riv16], NS

[NS16], openWNS [OPE15], OMNeT++ [OMN16], NetSim [Net16],

etc. Among them, OPNET Modeler is one of the most successful sim-

ulators with high reputations, and widely used by many operators,

vendors, infrastructure providers. Besides, it is widely used in military,
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education, banking, insurance areas as well. It provides a rich model

library, including many protocols and vendor nodes which are well doc-

umented. The OPNET Modeler is therefore adopted in this work to

design, implement and evaluate the LTE simulation model.

The rest of this chapter is organized as follows: Section 3.2 gives

a general introduction to OPNET Modeler. The simulation framework

and implementation details are discussed in Section 3.3. The user traf-

fic models are explained afterwards in Section 3.3.5, and the statistical

analysis method on simulation results processing is illustrated in Sec-

tion 3.4.

3.2 OPNET Modeler

The OPNET Modeler was initially created by two PhDs in MIT (Mas-

sachusetts Institute of Technology) in 1986 and became commercialized

one year later. So far it has thousands of clients, covering a variety of

companies, banks and governments in many areas. For example, the

infrastructure companies like Cisco, Nokia, and operators as AT&T are

using OPNET for researches, simulations and tests. OPNET Modeler

was purchased by Riverbed Technology, which is a leading company

in application performance infrastructure and has 26,000+ customers

include 97% of the Fortune 100 and 98% of the Forbes Global 100 with

around 1 billion dollars in annual revenue [Riv16]. OPNET Modeler

was renamed as Riverbed Modeler since version 18.0. The simulator

used in this work is based on the OPNET Modeler version 17.5, however

the developed model is compatible with the newer versions.

An overview of the OPNET Modeler is shown in Figure 3.1. The

OPNET Modeler offers many advanced features including a powerful

and user friendly graphical interface, a hierarchical and objected ori-

ented approach, comprehensive tools for result analysis and a build-in

event tracing debugging tool (OPNET Debugger (ODB)). The OPNET
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Project Editor Node Editor Process Editor Code Editor (C/C++)

Figure 3.1: OPNET Modeler editor overview

Modeler is able to perform end to end network architecture design, sys-

tem level simulation, protocol development and optimization, network

application optimization and deployment analysis, etc.

The OPNET Modeler uses hierarchical network modeling. From

the protocol point of view, it follows the Open Systems Interconnect

(OSI) architecture, with a top to bottom protocol structure from ap-

plication layer, TCP layer, IP layer, ARP layer, MAC layer to Physical

layer. From the network topology point of view, it provides a 3-layer

modeling mechanism: the top layer shows the whole network layout

seen in the project editor; the middle layer is the node layer with a layer

based model seen in the node editor, reflecting the device/router/server

behavior; the bottom layer is the process layer, modeled by a Finite-

State Machine (FSM) seen in the process editor. The detailed coding

for each state of a FSM can be edited in the code editor. The 3-layer

models correspond to the networks, devices, and protocols from top to

bottom, which reflects the construction of a real network.
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The object-oriented modeling is used in the OPNET Modeler. The

same class of nodes can use a same node model with different config-

urations. For instance, deploying multiple eNBs in a scenario can use

a same eNB model, but these eNBs can be configured with different

bandwidth, location, transmission power and other parameters. The

detailed modeling of protocols is based on the FSM which is driven by

discrete events. The FSM does not have to check whether to change

to another state from time to time, but only gives a response until a

packet arrived or other events. Therefore, compared to time driven

simulations, this improves the computation efficiency dramatically.

In addition, the OPNET Modeler has a rich library for creating

communication links, packet formats, and interface control information

and so on. And to be noticed, all the source codes and libraries in

OPNET Modelers are well documented. For further information of

OPNET Modeler, please refer to [Riv16].

3.3 Simulator Design

3.3.1 LTE Reference Model and Scenario

The objective of this work is to investigate the utility based resource

management schemes in LTE considering QoE and evaluate the pro-

posed framework by simulation. QoE is defined as “the overall ac-

ceptability of an application or service, as perceived subjectively by

the end user” [IT07] and it depends on the end-to-end system per-

formance. LTE is composed by two components: the access network

and the core network. Both are responsible for resource management,

and therefore both have important impact on the system performance.

For example, in the LTE core network, the access gateways control the

user data rate by traffic shaping. In the access network, the radio re-

source management is mainly done by radio scheduling which is one of
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Figure 3.2: LTE reference model

the main functions of the eNB. In addition, the routers in the trans-

port network, which connects the core and the access networks, have

traffic management functions, e.g. service differentiation by transport

scheduling. These important elements that have major impacts on the

end-to-end user performance are considered in the LTE simulation ref-

erence model, shown in in Figure 3.2. The simulation reference model

includes a server, PDN and service gateways, and a couple of routers,

base stations and users.

The simulator is implemented according to the reference model and

an example scenario is shown in Figure 3.3. The high layer protocols

are relying on the build-in models provided by OPNET Modeler with

some extensions, such as the application and TCP/IP layers. How-

ever, the OPNET LTE model has very complex implementations on

the control plane protocols. The control plane protocols are mainly
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responsible for establishing and controlling user connections, which are

not main factors concerned in this work. Besides, the radio related

protocols in the OPNET LTE model is not well structured following

3GPP specifications, that all the radio related protocols (PDCP, RLC

and MAC) are implemented in a single layer. For these reasons, a com-

pletely new implementation is conducted, which is one contrition of

this thesis work. The protocols for LTE can be separated into control

plane protocols and user plane protocols. The control plane protocols

are simplified modelled. The user plane protocols are used for resource

management and data transfer are modelled in details with necessary

details according to 3GPP specifications. The 1-tier network layout,

PDN and service gateways, channel and mobility models, as well as

the radio scheduler are implemented by the author. The simulator ar-

chitecture and some other functionalities, e.g. GTP tunneling, PDCP

layer and RLC layer protocols, were developed in collaboration with

other colleagues [Zak12] [Tos13].

In the following sections, the major node entities including UE,

eNB, PDN and service gateways, and their interconnections are further

introduced. The network topology and layout, channel and mobility

models are discussed afterwards.

3.3.2 LTE Node Models

3.3.2.1 User Equipment Node Model

The UE node model and its protocol stack are shown in Figure 3.4. The

node is modified based on the OPNET LTE user node. It follows the

OSI top-down protocol standard. The standard build-in protocols in

OPNET Modeler, including application, TCP/UDP and IP are adopted

as high layer protocols. The LTE Uu protocols, including PDCP, RLC,

MAC and physical layer, are newly implemented according to 3GPP

standards.
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Figure 3.3: An example scenario in OPNET Modeler

The LTE Uu protocols were introduced in Section 2.4. The pack-

ets need to buffered at the PDCP layer before scheduling. Each bearer

has its own buffer, therefore the packets need to be classified and put

into its corresponding buffer. The main functionalities of the PDCP

layer are modelled, including uplink packet classification based on QoS

attributes, UL user and bearer identification, UL PDCP buffer manage-

ment and DL PDCP de-capsulation. The concatenation/segmentation

function of the PDCP PDU into RLC PDU for UL traffic and the

reassemble function for DL traffic are supported. The UL HARQ is

covered by the MAC layer. The physical channels are emulated at the

MAC layer by a link-to-system mapping, which will be discussed in

Chapter 4.

There are many parameters that can be configured separately for

the individual users. For instance, some parameters, such as the serving

eNB and cell, the application type and profile, the mobility speed, the
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RLC operation mode, are associated with a user.

3.3.2.2 eNB Node Model

In LTE, the base station design is the most important part in the radio

access network. In LTE, the eNB is responsible for the radio resource

management and scheduling. Besides, it provides a tunnel connecting

to the transport network. As it is shown Figure 3.5, there are two parts

in the eNB: the transport protocols and the Uu protocols.

The LTE Uu protocol stack on the right provides the interface to

the UE. The PDCP layer on the top has the following functions: DL
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packet classification based on QoS attributes, DL user and bearer iden-

tification, DL PDCP buffer management and UL PDCP de-capsulation.

There are three operation modes supported in RLC layer: Transparent

Mode, Acknowledgement Mode (AM) and Un-acknowledgement Mode

(UM). Besides, the concatenation/segmentation function of the PDCP

PDU into RLC PDU for DL traffic and the reassemble function for UL

traffic are supported by the RLC. Since multiple users served by the

same eNB are sharing the same radio channels, the Media Access Con-

trol (MAC) layer is responsible for resource allocation and scheduling.

More details will be discussed in Chapter 4. The physical channels are

emulated at the MAC layer by a link-to-system mapping, which will be

discussed in Chapter 4.

The transport protocols include GTP-U, UDP/IP and Ethernet.

The GTP-U terminates the transport network tunneling for DL traf-

fic and tunnels the UL traffic towards the service gateway. There are
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many configurable parameters are associated to each eNB, such as the

scheduling method, the transmission power and the cell spectrum band-

width.

3.3.2.3 Service Gateway Model

The service gateway routes and forwards user data packets to the PDN

gateway or eNBs, while also acting as the mobility anchor for the user

plane during inter-eNodeB handovers and as the anchor for mobility

between LTE and other 3GPP technologies. It is responsible for cre-

ation, deletion, and modification of bearers for individual users con-

nected to the EPS [3GP11b]. In this work, only the performance of

LTE is focused, therefore the handover to other 3GPP technologies are

not considered. So the service gateway is implemented in a simplified

way. Figure 3.6 shows that the service gateway connects to the PDN

gateway and the eNB.

The service gateway stores and manages the IP bearer service. A

bearer shaping function is implemented based on the Token Bucket al-

gorithm [Tan02]. The bearer shaping, which is a resource management

in the LTE core network, is used to control the bearer rate. The bearer

shaping is discussed and evaluated in Chapter 5. A bearer is a traf-

fic separation element that enables differentiated treatment of traffic

based on its QoS requirements, and provides a logical path between

the UE and the gateway located in the EPC. Each bearer is assigned

to a certain data rate, according to the QoS parameters (e.g. Guaran-

teed Bit Rate (GBR) and Maximum Bit Rate (MBR) for the GBR type

bearers, and Aggregate Maximum Bit Rate-AMBR for the non-GBR

type bearers). For more information, please refer to the traffic shaping

in Chapter 5.1.1.



44 3. LTE Network Simulator

Node Model: aGW_test

ip_encap

udprip

ARP0 ARP1

cpu

ip

mac0 mac1

eth_rx_0 eth_rx_1eth_tx_0 eth_tx_1

GTP

Shaper

relay

GTP-U

UDP

IP

GTP-U

UDP

IP

EthernetEthernet

Transport Protocols
(S1 interface to PDN-GW)

Transport Protocols
(S1 interface to eNB)

Shaper

Figure 3.6: LTE S-GW node model

3.3.2.4 PDN Gateway Model

The PDN gateway shown in Figure 3.7 provides the connection to the

external packet data networks. A UE may have simultaneous connec-

tivities with more than one PDN gateway for accessing multiple PDNs.

The traffic from different PDNs belongs to the same UE is forwarded

to the UE’s serving gateway. Another key role of the PDN gateway is

to act as an anchor for mobility between 3GPP and non-3GPP tech-

nologies which is not been considered in this work.

3.3.3 Network Layout, Channel and Mobility Model

A seven eNBs/cells hexagonal network layout, which is well known as

the 1-tier scenario, is implemented in this work. There is one cell per

eNB, and each cell has a hexagonal coverage that each user is served

by a station which is closest to the user. There is one eNB in the
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Figure 3.7: LTE PDN-GW node model

middle, while six other eNBs are around the centered eNB as the first

tier with an inter-eNB distance of 500 meters. The model is designed

to support femtocells that could be plugged into any places within the

1-tier scenario’s coverage.

The users channel conditions are updated in each TTI, which is 1

ms. The radio channel is modelled considering the three most signifi-

cant impact factors: path loss, slow fading and fast fading. Besides, the

interferences among the eNBs are dynamically calculated. The chan-

nel condition in the term of Signal to Interference plus Noise Ratio

(SINR) is updated for every PRB of all the users, considering the path

loss, the slow and fast fading, and the interferences. The SINR has

a critical impact on the radio performance. A higher SINR means a

better channel condition. With higher SINR, higher modulation and

coding schemes can be used, which results high throughput over the

radio interface. Due to the frequency and time selectivity, the SINR

values over different PRBs of a user are different. Each cell supports
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Figure 3.8: SINR map without fading

configurable bandwidth, scaling from 1.4 MHz with 6 PRBs, up to 20

MHz with 100 PRBs, according to 3GPP specifications [3GP06].

Path Loss: The urban area macro cell path loss model is applicable

for scenarios in urban and suburban areas outside the high rise core

where the buildings are of nearly uniform height [3GP11a].

L = 40·
(
1− 4 · 10−3 ·Dhb

)
·log10 (R)−18·log10 (Dhb)+21·log10 (f)+80

where: L is the path loss in dB.

R is the base station-UE separation in kilometers.

f is the carrier frequency in MHz.

Dhb is the base station antenna height in meters, measured from

the average rooftop level.
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Considering a carrier frequency of 2000 MHz and a base station

antenna height of 15 meters, the path loss is given by:

L = 128.1 + 37.6 · log10 (R)

Figure 3.8 shows a SINR map considering the macroscopic path

loss generated by the LTE TU Vienna simulator [TBK+15a]. The users

at the cell center have very high SINR values so that high modulation

and coding schemes can be used. The users at the cell boarder have

very low SINR values that nearly only the lowest modulation and coding

scheme can be used.

1

2

3

4

5

6

7

8

9

10

11

12

13

14

15

16

17

18

19

SINR (macroscopic and shadow fading)

x pos [m]
-1000 -500 0 500 1000

y 
po

s 
[m

]

-1000

-800

-600

-400

-200

0

200

400

600

800

1000

-5

0

5

10

15

20

Figure 3.9: SINR map with slow fading
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Slow Fading: It is caused by shadowing from obstacles in the propaga-

tion path between the UE and the eNB affecting the wave propagation.

A two-dimensional Gaussian process with appropriate spatial correla-

tion is desired in order to capture the macrocell diversity in a realistic

way [CG03]. A low-complexity method capable of introducing space

correlation into the Gaussian process while still preserving its statisti-

cal properties as well as inter-site correlation has been used by the TU

Vienna LTE downlink simulator [Cla05].

Figure 3.9 shows a SINR map considering macroscopic path loss

and slow fading generated by the LTE TU Vienna simulator. Each

eNB has its own slow fading map, and the inter-site correlations are

considered in the construction of the maps. Comparing to Figure 3.8,

the SINR map shows higher randomness reflecting the irregularities of

the geographical characteristics of the terrain. In this work, the slow

fading maps used in the OPNET simulator are pre-generated.

Fast Fading: Due to the multipath propagation of the wireless signal,

fast fading occurs when the coherence time of the channel (time selec-

tivity) is small relative to the symbol duration. For different frequency

with different wavelengths, a lightly different phase shift of superim-

posing components. So the channel is frequency selective due to the

superimposition of multipath components. ITU defines the Pedestrian

and Vehicular models for simulating the fast fading effects for low and

high mobility users [3GP02]. Figure 3.10 gives an example of fading

effects based on the ITU Pedestrian A model with 5 km/h speed within

1s duration over 20 MHz bandwidth at 2 GHz frequency. The channel

is both time and frequency selective that the fast fading is different

over different PRBs and changes over time. Temporary deep fading

higher than 30 dB can be observed. Therefore the scheduler should

consider the variations of channel conditions using time diversity to

avoid a temporary deep fade.
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Figure 3.10: An example of fast fading effects

Inter-eNB Interference: Unlike the previous GSM and UMTS sys-

tems, LTE is designed to have a frequency reuse factor 1. The neighbor

cells use the same spectrum band, therefore the inter-cell interference

has a critical impact on the channel condition. The interfere needs to be

considered in a multiple cell scenario. Suppose there are Nc cells/eNBs

in total, the SINR value of a user in cell j over PRB i is calculated as:

SINRi =
P txi,j ·Gi,j

N0 +
Nc∑

k=1,k 6=j
ξi,k · P txi,k ·Gi,k

Where P txi,j is the transmission power of the serving cell j over PRB

i while P txi,k is the transmission power of the neighbor cell k over PRB
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i. Gi,j is the channel fading considering the antenna gain, the path

loss, the slow and fast fading from the serving cell while Gi,k is the

channel fading from neighbor cell k. ξi,k equals to one when the PRB i

in cell k is been used, otherwise it is set to 0. N0 is the Additive White

Gaussian Noise (AWGN).

Mobility Model: Two well-known mobility models have been im-

plemented in the simulator: Random Way Point (RWP) and Random

Direction (RD) [CBD02].

RWP randomly selects an end point within the cell coverage and

moves towards the point. Once the user reaches the point, a new desti-

nation is selected. In RWP, the user density is not uniformly distributed

in a cell. The user density is high in the cell center and low in the cell

edge. This property is used to model the case that base stations are fa-

vored to be deployed in the places with high user density in reality. RD

overcomes the non-uniform user density problem by randomly selecting

a moving direction towards to the boundaries. RD has a uniform user

density within the cell coverage. Figure 3.11 shows the trajectories of

user movements based on the RD model.

3.3.4 Link-to-System Mapping

Generally, the network simulations are divided into two levels: link level

simulations and system level simulations. In link level simulations,

as the name suggests, the performance of the radio links as well as

the physical layer is evaluated on symbol or bit level, considering the

modulation, coding schemes, antenna patterns, MIMO, equalizations,

etc. On the other hand, the system level simulations, focusing on higher

layers and large-scale networks, are able to evaluate the overall system

performance. It is favorable to have a simulation model combining both

link and system level simulations. However, in reality, it is not feasible

to consider link level aspects in large-scale scenarios (e.g. with multiple

users and base stations) due to complexity. However, in order to have
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Figure 3.11: An example of user moving traces with RD mobility
model

an accurate system level model for performance evaluation, the link

level performance is emulated statistically and mapped to system level

by a Link-to-System mapping method.

In this work, a statistical Block Error Ratio (BLER) model is

adopted based on the link-to-system mapping. In the LTE scheduling,

the modulation and coding scheme (MCS) is selected according to the

channel quality, which is obtained from CQI reports. Figure 3.12 shows

BLER curves from SISO (Single-input Single-output) AWGN simula-

tions for 15 CQI values without using HARQ [TBK+15b]. Each curve

is spaced approximately 2 dB from each other. The MCS is chosen as
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Figure 3.12: BLER curves from SISO AWGN simulations for 15
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high as possible on one hand. On the other hand, the expected BLER

value should be smaller than 10% with the selected MCS. By plotting

a 10% BLER line, the 10% BLER intersection points for 15 CQI val-

ues are obtained and they are drawn in Figure 3.13. Therefore in the

system level simulation, a given effective SINR value can be mapped

to a CQI value, and the corresponding modulation and coding schemes

are decided. For example, for an effective SINR value of 10 dB, it is

mapped to CQI 9 (by a floor function), and the corresponding MCS is

known.

LTE uses OFDM technique and the signals can be mapped to

different subchannels (i.e., PRBs) for transmission. The signal over

different PRBs have different channel conditions due to the frequency
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selective fast fading, the interferences from neighboring cells and ran-

dom Gaussian noises. An effective SINR per user must be determined

considering the channel conditions over multiple PRBs. The Exponen-

tial Effective SINR Mapping (EESM) method is adopted in this work.

The EESM method was widely used because of its accuracy and sim-

plicity [BAS+05]. The effective SINR over multiple PRBs is calculated

based on eq. (3.1).

SINReff = −β · ln

[
1

N

N∑
n=1

exp

(
−SINRn

β

)]
(3.1)

where N is the total number of PRBs, SINRn is the SINR value of

the nth PRB and β is the MCS dependent scaling factor. The different

β for different MCSs can be found in [KSW+08]. As long as the user’s

effective SINR is determined, the CQI can be determined and the ap-

propriate MCS is chosen correspondingly. This information is taken

into consideration for the radio resource allocation. Based on user’s
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MCS and the number of PRBs the user gets, the Transport Block Size

(TBS) is determined based on the standard table from 3GPP [3GP10d]

(see Appendix D.1). The TBS is the amount of data can be transmitted

for the user in this TTI.

In LTE, the HARQ is used to handle the transmission error. It

includes two functionalities to increase the retransmission success prob-

abilities: chase combining and incremental redundancy. Chase combin-

ing retransmits identical copies of the original transmission. The max-

imum ratio combining technique is used at receiver to sum the packets.

According to 3GPP specifications [3GP10a], every bearer supports up

to 8 stop-and-wait simultaneous HARQ processes. In one TTI, a user

can either perform a pending retransmission or a new transmission, but

not at the same time. In case of a transmission error, a retransmission

is performed 8 ms later. This behavior is modelled in the simulator.

The transmission error rate is modelled using a statistical method. The

error rate for new transmission is set to 10% that is the same as the

target BLER rate for the effective SINR to CQI/MCS mapping. Due to

chase combining and incremental redundancy, the retransmission error

rate can be reduced effectively. In this work, the first retransmission

error rate is set to 1% while the second retransmission is set to 0%.

3.3.5 User Traffic Models

In network simulations, it is critical to model the network services and

traffic types in a proper way to get a meaningful evaluation of the

network performance. Different from the previous UMTS networks,

LTE has a full-IP packet based network. Voice over IP (VoIP) is sup-

ported in LTE to replace the conventional circuit-switch based voice

service. Some other typical real time services include real-time gaming

and streaming. These real-time services, which use User Datagram Pro-

tocol (UDP) as the transport layer protocol, have critical requirements

on the delay. Besides, the buffered video streaming, web browsing and

file downloading/uploading are the most widely used services nowadays



3.4 LTE Node Models 55

and create massive traffic on the network. These services rely on the

Transmission Control Protocol (TCP).

3.3.5.1 UDP Based Application Models

Voice over IP (VoIP): VoIP services are based on the Real-Time

Protocol (RTP) at the application layer. The VoIP services use UDP

as the transport layer protocol. UDP uses a simple but fast connec-

tionless model with no guarantee of successful delivery. UDP is favored

for the real-time VoIP services to meet the critical delay requirements.

The GSM Enhanced Full Rate (EFR) codec is one of the most widely

used voice codecs. It belongs to the family of Adaptive Multi-Rate

(AMR) codecs, with an application data rate of 12.2 kbps. Some other

codecs are supported as well which are summarized in Table 3.1. The

voice service is modeled based on an ON/OFF model representing the

talk spurt and silence periods. In addition, the compression/decom-

pression and de-jitter buffer delay are modelled. The default setting

are summarized in Table 3.2.

Table 3.1: Codec properties

Codec Properties

Codecs GSM EFR G.711 G.729a G.722.2

Codec

rate
12.2 Kbps 64 Kbps 8 Kbps 23.85 Kps

Frame

delay size
20 ms 20 ms 10 ms 20 ms

Frames

per packet
1 1 2 1

Real-time video streaming: Similar to the VoIP services, the

real-time video streaming services are based on RTP. A Constant Bit

Rate (CBR) video model is adopted with two important parameters:
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Table 3.2: Codec settings

Codecs Settings

Silence length
Exponentially distributed

with mean of 3 seconds

Talk spurt length
Exponentially distributed

with mean of 3 seconds

Compression delay 20 ms

Decompression delay 20 ms

De-jitter buffer delay 40 ms

the frame size and the inter-frame time interval (frame rate). The

real-time video streaming service is studied in the Appendix A.

3.3.5.2 TCP Based Application Model

TCP provides reliable error-free transmission services to applications.

Buffered video streaming, web browsing and file downloading/upload-

ing are TCP based applications. The OPNET Modeler supports file

transfer in both uplink and downlink directions. The GET command,

which is sent from users to the server, triggers a file downloading and

PUT command triggers a file uploading. By configuring the inter-

arrival time (IAT) or the idle time, a series of the file transfers of a user

is modeled. The TCP based traffic model can be seen in Figure 3.14

and some configurable parameters are shown as follows:

• GET percentage: The percentage of file downloading. For ex-

ample, if it is set to 50%, 50% of file transfers are file downloading

and 50% are file uploading.

• File size: The file size in bytes. It can be a fixed value or can

follow different kinds of distributions, e.g. exponential, uniform,

normal, etc.
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Figure 3.14: TCP based traffic model

• IAT: Time between the starting time (when the GET/PUT com-

mand starts) of two consecutive file transfers.

Maximum simultaneous file transfers per UE: It might hap-

pen that the next file transfer request starts before the ending of

previous file transfers. This parameter limits the number of max-

imum simultaneous file transfers. If the limit is reached, the new

request will be buffered until a file transfer is finished and the

number is below the limit.

• Idle/Reading time: The times between the ending of the pre-

vious file transfer and the beginning of the next file transfer. For

instance, this can be used to model the human behavior of web

browsing services. Humans need some time to read the current

website before taking the next action. If the idle/reading time is

used instead of IAT, there is maximum one file transfer per UE

in parallel, since a file transfer always starts after the ending of

the previous file transfer. In a simulation run, either the IAT or

Idle/Reading time should be configured.

The OPNET modeler supports a variety of TCP flavors with many

parameter settings. The default flavor used in this work is TCP New

Reno which is one of the most widely used TCP flavors nowadays. Some

typical settings are listed as follows:
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• TCP flavor: New Reno with fast recovery and fast retransmit

enabled.

• Maximum Segment Size (MMS): 1400 Bytes. This is to

avoid packet segmentation at the IP layer since more headers are

added by GTP tunneling in LTE transport networks.

• TCP receive window size: 64 KBytes.

3.4 Statistical Evaluation

The primary focus of network simulation is to evaluate the designed sys-

tem performance in steady-state. The estimation of the steady-state

performance is done by analyzing and post-processing the collected sta-

tistical data from the simulation runs. In the beginning of a simulation

run, the system needs some time to initialize the system, setting up

the routing table, starting the application profiles, etc. For instance,

many users may start file transfers in a burst. In addition, it needs

some time until the TCP based application to change the initial slow

start state into the congestion avoidance state. This initial phase is

called “warm-up” period, and the results during this period should be

omitted in result collection.

The system performance is evaluated based on the estimating of

the steady-state mean. The batch means method and independent

replications method are two of the most widely used methodologies.

The batch means method simply splits a simulation run into a num-

ber of contiguous non-overlapping batches. The sample means of the

batches are used for further statistical data processing. Nevertheless,

the correlations among the batch means very likely exist in a simulation

run. In the independent replications method, the means are calculated

from the independent replications of simulation runs to avoid the pos-

sible correlations. The method is adopted in this work and confidence



3.5 Statistical Evaluation 59

intervals are used as an indication for the quality of the estimation of

the mean.

3.4.1 Independent Replications

In this method, m independent simulations are run with the same initial

states and same system settings. Each simulation run uses a different

seed in a Random Number Generator (RNG) so that each run uses a

different series of random numbers. In the OPNET modeler, the default

RNG is Mersenne Twister (MT), which is currently the most widely

used RNG in network simulation. Assuming that xi1, xi2, xi3, ..., xiN

are the samples obtained in ith simulation run, the sample mean is

calculated by:

yi =
1

N

N∑
j=1

xij i = 1, 2, 3, ...,m

In total, m sample means are obtained by m simulation runs. The

mean and the variance of m sample means are calculated below and

they can be used in confidence interval calculation.

y (m) =
1

m

m∑
j=1

yj

S2 (m) =
1

m− 1

m∑
j=1

(yj − y (m))
2

3.4.2 Confidence Interval

The Confidence Interval (CI) [And84] is often used to express the pre-

cision and uncertainty associated with a sampling method, e.g. batch

means and independent replications. The CI is a range which contains

the real mean µ with α (0% < α < 100%) confidence level. Mathemat-

ically, let Y be a random sample and µ is the real mean (E (Y ) = µ),
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with confidence level α. The CI is an interval ([l (Y ) , u (Y )]) with the

following property:

P {l (Y ) < µ < u (Y )} = 1− α

Assuming there are m samples (y1, y2, y3, ..., ym) obtained by in-

dependent replication of simulations. y (m) and S2 (m) are the sample

mean and the variance of samples. Suppose the real variance is un-

known, the CI is calculated as:

[
y (m)−

t(α/2,m−1) · S (m)
√
m

, y (m) +
t(α/2,m−1) · S (m)

√
m

]
where t(α/2,m−1) represents the upper critical value of the Student-T

distribution with m-1 degrees of freedom. The Student-T distribution

is in use due to unknown variance leads to a larger confidence interval

comparing to known variance. In case the real variance σ is known, the

Student-T distribution is replaced by the Normal distribution and the

CI can be calculated as:[
y (m)−

zα/2 · σ√
m

, y (m) +
zα/2 · σ√

m

]
where zα/2 represents the upper critical value of the Normal distribu-

tion. To be noticed, if the number of samples is sufficiently large, e.g.

bigger than 30 [SS15], the Student-T distribution can be approximated

by the Normal distribution.



Chapter 4

Utiliy-based Radio

Scheduling in LTE

As detailed in Chapter 1, the LTE access network contains two main

bottlenecks: the air interface and the transport backhaul [3GP12]. In

legacy mobile networks, the bandwidth of transport backhaul is well

dimensioned by mobile operators considering the traffic mixture and

delay requirements to cover the typical scenarios [LLT+12], and there-

fore, the transport backhaul is typically not the bottleneck. However,

in case multiple cells have very high traffic load at the same time, the

transport backhaul could be overloaded. Besides, LTE femtocell net-

works use cable or broadband xDSL as the last mile transport and

usually its bandwidth is limited by the contract as well.

In this chapter, the transport backhaul limitation is not been con-

sidered. The transport backhaul limitation will be considered and stud-

ied in Chapter 5. Figure 4.1 shows an example scenario with an air

interface bottleneck. In this scenario, there are three cells, each with

an average radio capacity of 40 Mbps, sharing the same transport back-

haul serving with 100 Mbps. Cell A has a high traffic load while cell

B and C are nearly idle. Therefore, the transport backhaul is not a

61
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Figure 4.1: Performance limited by cell capacity (example capac-
ities) [3GP12]

limiting factor in this scenario. Over the air interface, a key mechanism

in the LTE traffic management is the packet scheduler, which decides

the amount of radio resources allocated to each active users.

The structure of of this chapter is organized as follows: in Sec-

tion 4.1, the LTE scheduler and an overview of existing scheduling

strategies are discussed. Besides, the state-of-art and the motivations

of QoE/utility-based scheduling are introduced. The relationship be-

tween QoS and QoE is discussed afterwards, and how the QoE based

utility functions for various traffic are explained in details with several

examples. Subsequently in Section 4.2, a QoE based scheduler is pro-

posed and proven to be optimal analytically. The scheduling procedures

are illustrated step by step. Afterwards in Section 4.3, the performance

gain of the proposed QoE base scheduler framework is compared against

the conventional proportional fair scheduler by numerous simulations.

Section 4.4 gives a summary of this chapter.
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4.1 State of the Art

4.1.1 LTE Scheduler in General

Hybrid ARQ
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CQI (N)ACKInput from PHY layer:

Which modulation 
and coding scheme?
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Figure 4.2: General packet scheduling framework

Figure 4.2 shows a general packet scheduling framework in LTE

downlink, which mainly contains two parts: packet scheduling and link

adaptation. In LTE, since the packet scheduling algorithm is not spec-

ified in the standard, eNodeB vendor can define their own scheduling

algorithms. The radio resource allocation and packet scheduling is per-

formed periodically every TTI (Transmission Time Interval, 1 ms in

LTE). In every TTI, the packet scheduling selects which active users to

be scheduled and decides the allocation of radio resources in terms of

PRBs among the users. The scheduler is aware of the user channel con-

ditions based on the CQI reports input from the physical layer, and it

determines the corresponding MCS (Modulation and Coding scheme).

Afterwards, based on the amount of PRBs allocated to the users and

MCS, the TBS (Transmission Block Size), which is the amount of data

that can be transmitted in the current TTI, is determined separately
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for the users to be scheduled. The PRB allocation map as well as the

corresponding MCS are broadcasted to the UEs over the control chan-

nel PDCCH. The scheduled UEs will receive their packets by accessing

the corresponding PDSCH payload.

In general, the scheduling decision depends on various factors as

seen from Figure 4.2, e.g. CQI reports, QoS attributes, buffer/queue

status and so on, which are introduced as follows:

• Channel Quality: obtained by CQI reports from the users and

can be used in channel aware scheduling. The users with good

channel quality are preferred to be scheduled.

• HARQ: it needs to decide whether there is a pending retrans-

mission. For complexly reasons, the scheduler cannot schedule a

pending retransmission and a new transmission at the same time

for the same user according to the 3GPP specification [3GP10a].

• QoS attributes: different bearer traffic associated with different

QCI (QoS Class Identifier) have different QoS requirements. The

scheduler needs to consider these QoS attributes to meet their

requirements.

• Buffer/queue status: the buffer/queue status includes the queue

length and queueing delay. The former one needs to be considered

in order to avoid buffer overflow. The latter one is considered

mainly for real-time delay sensitive traffic flows to meet the delay

requirements.

• Scheduling history: this is used to improve the fairness among

the users. The users in bad channel condition might starve or

not be served for a long time causing a severe fairness problem.
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Table 4.1: A summary of LTE scheduling strategies

Type Scheduler Simplicity
Spectrum

efficiency

Fairness
QoS pro-

visioning

Channel-unaware

(Legacy wired system)

FIFO ++ - - -

Round Robin ++ - ++ -

Blind Equal Throughput ++ - ++ -

Resource Preemption + - - +

Guaranteed Delay + - - +

Channel-aware

QoS-unaware

(Non-real

time services)

Maximum Throughput

/Maximum C/I

++ ++ - -

Proportional Fair + + + -

Throughput to Average + + + -

Joint Time and Frequency

Domain Scheduler

++ + + +

Channel-aware

QoS-aware

(Real time services)

Scheduler for

Guaranteed Data-Rate

+ - + ++

Scheduler for Guaranteed

Delay Requirements

+ - + ++

Semi-persistent Scheduler

for VoIP Support

- - + ++

4.1.2 Overview of the Scheduling Strategies for

LTE Downlink

Resource allocation has been intensively researched in wireless and mo-

bile communication networks. The radio resource allocation is always

one of the most important research topics in LTE. The key objective of

radio resource allocation mechanisms is to make the best use of limited

resources and to enhance the users’ experience, under time varying

channel conditions. [CPG+13] gives a summary on downlink packet
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scheduling in LTE cellular networks. As seen from Table 4.1, the most

widely used schedulers in LTE are classified into three categories: i)

channel-unaware; ii) channel-aware; QoS-unaware; iii) channel-aware;

QoS-aware [CPG+13]. Besides, some researches focus on energy-aware

scheduling. However, it is mainly for LTE uplink and not been con-

sidered in this work. The scheduling in LTE depends on many factors

and has various targets which normally conflict with each other. The

key design targets include simplicity, spectrum efficiency, fairness, QoS

provisioning and so on. The compromise among different targets needs

to be considered in designing scheduling schemes.

4.1.2.1 Channel-unaware

These schedulers are designed based on the assumption of time invari-

ant and error free transmission media and mostly used in legacy wired

networks [Tan07]. Since the user channel conditions are not considered,

the spectrum efficiency is low. However, these schedulers are with low

complexity and good fairness performance, and they can be used as a

benchmark for designing LTE schedulers.

FIFO serves the users in First In First Out order, therefore the

fairness is not considered at all. On the contrary, Round Robin serves

the users with a fair share of available resources while the Blind Equal

Throughput targets for throughput fairness. Resource Preemption

gives absolute priority to high priority users, which provides better

performance to the users with high priorities. However, the users with

low priorities might get starvation. Guaranteed Delay considers the

queuing time to meet the delay requirements of guaranteed delay ser-

vices. Earliest Deadline First (EDF) and Largest Weighted Delay First

(LWDF) are two disciplines [Tan07],[LL03].
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4.1.2.2 Channel-aware, QoS-unaware

In mobile networks, the scheduling can take advantage of the CQI re-

ports from the users to have multi-user diversity gain and achieve bet-

ter spectrum efficiency, by allocating the resources to the users with

relatively good channel conditions. The following schemes are mainly

designed for best effort traffic, which has no crucial QoS requirements.

The Maximum Throughput targets to allocate the resources only to the

users with the best channel condition regarding less the fairness. It is

an opposite extreme scheduler comparing to the Blind Equal Through-

put. Proportional Fair [KLZ09] and Throughput to Average [KPK+08]

make a compromise between Maximum Throughput and Blind Equal

Throughput, thus a trade-off between fairness and spectrum efficiency.

Joint Time and Frequency Domain Schedulers [PPM+07] have a two-

step approach and offers a good trade-off between fairness and spectrum

efficiency. The first step, a Time Domain Packet Scheduler (TDPS)

selects a subset of active users as well as HARQ users to be sched-

uled, considering the channel condition, scheduling history and QoS

attributes. In the second step, only selected users are scheduled by a

Frequency Domain Packet Scheduler (FDPS), taking the buffer status

information into consideration. Thanks to this two-step approach, the

complexity of the packet scheduler is simplified since only few amounts

of users are pre-selected for scheduling. Therefore, this scheduler is well

researched and widely adopted by the vendors.

4.1.2.3 Channel-aware, QoS-aware

In real systems, the real time traffic is scheduled prior to the elastic

traffic. The above-mentioned schemes do not consider the QoS require-

ments, and therefore not suitable for high priority traffic with strong

QoS requirements. Scheduler for Guaranteed Data-Rate [MPKM08]

and Scheduler for Guaranteed Delay Requirements (modified LWDF

seen in [AKR+01]) are designed to guarantee the minimum requited
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data rates or delay constraints. Semi-persistent scheduler for VoIP

Support is mainly designed to serve VoIP traffic exploiting its periodic

behavior (e.g. with GSM EFR codecs, a packet is generated every 20ms

when the user is active). It reduces the use of control channels by pre-

allocating resources to the active users, and therefore improves the cell

capacity [FLKV08].

4.1.3 QoE/Utility-based Scheduling

The different scheduling disciplines regarding fairness, QoS provision-

ing, spectral efficiency and spectrum efficiency are discussed above.

However in general, radio scheduling aims not only to improve the net-

work performance, but also to increase users’ QoE, which is often repre-

sented by a utility function. QoE, defined as “the overall acceptability

of an application or service, as perceived subjectively by the end user”

[IT07], is not a linear function of QoS (Quality of Service) parameters

and depends on the application. For example, for a user streaming

high quality audio the difference in means of user satisfaction when

served with 2 instead of 1 Mbit/s is low, if not negligible, whereas the

user is obviously much more content when served with 100 instead of

50 Kbit/s. Therefore QoE has drawn increasing attention in research

in communication networks and mapping between QoS and QoE for

different applications have been proposed based on experiments and

different models [FHTG10].

Utility is an abstract concept from the field of Economics and is

derived mainly from Von Neumann and Morgenstern [NM44]. The

utility-based resource allocation targets to maximize the aggregated

user satisfaction under resource constraints. This approach can be for-

mulated as an optimization problem maximizing the aggregated utility

in the system, subject to resource limitations. One of the main advan-

tages of the utility-based optimization is that, for a new traffic type

or user category, only a new corresponding utility function needs to
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be added to the existing optimization formulations. Besides, the opti-

mization formulation often allows analytical evaluation [SL05].

Utility-based radio resource allocation has been widely researched.

A utility-based adaptive bandwidth sharing for elastic traffic is pro-

posed in [Rza05] for wired networks. This is formulated as a con-

cave maximization problem with linear constraints. It is shown by

the Karush–Kuhn–Tucker (KKT) conditions [Rza05] that the optimal

bandwidth allocation can be achieved. The utility-based optimal re-

source allocation is studied in wireless networks in [KL05], [KL08],

and [CWC+11] considering the channel conditions. [KL05] proposes

a heuristic to maximize the total utility in an iterative matter. In

[KL08] the authors further prove that the performance gap between

their proposed mechanism and the optimal solution is bounded. A uni-

fied utility function for QoS traffic and best effort traffic is proposed

in [CWC+11]. In [LXZ+12] and [TCJ+11], the Mean Opinion Score

(MOS) is used as a common utility metric for the quality of experience

and the performance and feasibility are studied in LTE networks.

All the above-mentioned papers with utility based radio resource

allocation are theoretical work for general mobile networks, for example

in [KL05], [KL08], and [CWC+11]. However, in LTE, many practical

factors must be taken into consideration. Firstly, only integer amount

of radio resources in terms of PRBs can be allocated to users. Sec-

ondly, the buffer status information needs to be considered rather than

a simple full buffer model. For instance, there is only one packet gener-

ated every 20ms for the VoIP users with GSM EFR codec. Besides, in

case of TCP based traffic, there is a limited amount of packets in the

buffer, especially during the slow-start phase and fast recovery phase

in case of packet loss. Thirdly, HARQ is used for retransmission and

it should be taken into account in scheduling. In the same TTI, either

the retransmission or a transmission is allowed for one user. Fourthly,

service differentiation has not been studied in the related works. Fi-

nally yet importantly, the performance of utility based radio resource
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allocation is not intensively evaluated under a system level simulation

implemented based on 3GPP specifications.

Therefore, in the following part of the work, how the utility func-

tions should be constructed considering QoE will be discussed. The sys-

tem model and assumptions are presented afterwards. An QoE based

scheduling model is proposed and proven to be optimal theoretically.

Then, a practical scheduler is designed based on the extension of the

optimal model. The major focus of this work is for non-guaranteed bit

rate (non-GBR) traffic. Because the GBR traffic is mapped to GBR

bearers which have a higher priority over the non-GBR traffic, which is

mapped to non-GBR bearers (see Session 4.2.1). Besides, there is ad-

mission control mechanisms in LTE to make sure that when the GBR

user is accepted only when there are enough resources left to guaran-

tee certain QoS requirements [PKF+09]. Nevertheless, the extension

of the designed scheduler with GBR traffic support is studied in the

Appendix A. In Section 4.3, the performance of the proposed scheduler

framework is evaluated by simulation.

4.2 QoE-based Scheduler Design

4.2.1 LTE Quality of Service

In general, Quality of Service (QoS) is the overall performance of a

telephony or computer network. In order to measure the QoS quanti-

tatively, some key performance indicators are often used, such as trans-

mission delay, data rate, error rate and jitter and so on. In LTE,

3GPP defined the LTE QoS framework using the Evolved Packet Sys-

tem bearer model [3GP15c]. The EPS bearer provides a logical path

from the end user in E-UTRAN to the PDN gateway in EPC. All the

packets mapping to the same EPS bearer have the same forwarding

treatments, e.g. packet scheduling, queue management, rate shaping,
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etc. Different EPS bearers have distinguished QoS requirements de-

fined by 3GPP shown in Figure 4.3, allowing service differentiation

based on their corresponding priority settings. Each bearer has a set

of parameters describing the required network performance.

UE eNB S-GW PDN-GW
Peer 

Entity

E-UTRAN EPC

Internet

External BearerEPS Bearer

End-to-end Service

E-RAB

S1 BearerRadio Bearer

S5/S8 Bearer

Radio S1 S5/S8 GI

LTE/SAE

Figure 4.3: LTE bearer system overview

LTE supports multiple media services including voice call, live

streaming, HTTP, FTP and so on. There are nine different types of

bearers, identified by QoS Class Indicator (QCI). Each QCI is asso-

ciated with a set of parameters, including resource/bearer type, Allo-

cation and Retention Priority (ARP), packet delay budget and packet

loss rate requirement (see Table 4.2). These bearers are been classified

into two main categories: GBR and non-GBR traffic served by GBR

and non-GBR bearers accordingly.
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• Guaranteed Bit Rate bearers (QCI 1 to 4): these bearers provide

services with guaranteed minimum data rates as the name sug-

gested. They mainly serve high priority real time traffic, e.g. con-

versational voice or videos, real time gaming, etc. The GBR bear-

ers have a higher allocation priority over non-GBR bearers and

only second to IMS (IP Multimedia Subsystem) signaling. Be-

sides, the GBR bearers with QCI 1 to 3, which provide real time

services, have very tight delay budgets and rather loose packet

loss rate requirements. This is coherent with the demands of the

real time traffic since they are very sensitive to the delay. In

reality, these services are usually based on UDP to have a fast

end-to-end delivery without retransmission. To be noticed, the

Maximum Bit Rate (MBR), which limits the maximum bearer

rate, can be associated in a bearer.

• Non-Guaranteed Bit Rate bearers (QCI 5 to 9): on the contrary,

the non-GBR bearers mainly serve non real time services with a

lower priority compared to GBR bearers. They are been served

only when there are resources left after serving the high priority

GBR traffic. There is no guarantee on the service rate. These

bearers are mainly used for best effort applications (e.g. QCI

6, 8-9), like web browsing (HTTP), file transfer (FTP) and so

on. For such TCP based applications, delay is not as critical as

for real time applications. Nevertheless TCP based applications

have tight requirement on the packet loss, since retransmission is

needed to ensure a reliable transmission in case of packet loss, and

retransmission degrades the TCP performance. Although there is

no Maximum Bit Rate (MBR) associated with non GBR bearers,

the Aggregated Maximum Bit Rate (AMBR) is used to limit the

aggregated maximum rate over all the non GBR bearers of a user.
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Table 4.2: LTE standardized QCIs and their parameters

QCI
Resource

Type
Priority

Packet

Delay

Budget

Packet

Loss

Rate

Example Services

1

GBR

2 100 ms 10-2 Conversational Voice

2 4 150 ms 10-3
Conversational Video

(Live Streaming)

3 3 50 ms 10-3 Real Time Gaming

4 5 300 ms 10-6
Non-Conversational Video

(Buffered Streaming)

5

Non-GBR

1 100 ms 10-6 IMS Signalling

6 6 300 ms 10-6

Video (Buffered Streaming)

TCP-based (e.g., www, e-mail, chat,

ftp, p2p file sharing,

progressive video etc.)

7 7 100 ms 10-3

Voice,

Video (Live Streaming)

Interactive Gaming

8 8

300 ms 10-6

Video (Buffered Streaming)

TCP-based (e.g., www, e-mail, chat,

ftp, p2p file sharing,

progressive video, etc.)
9 9

4.2.2 Utility/QoE Functions

QoS describes the ability to provide services with an assured service

level from the network perspective. Quality of Experience (QoE), on

the other hand, reflects the end-to-end performance level from the user

perspective. It indicates how well a system can satisfy the users from

the user point of view. QoE is very much dependent on the QoS that the

network provides, and a better network QoS will result in better QoE in

general. However, this statement does not hold for all circumstances.

For example, increasing bandwidth does not help so much for VoIP

users in case of a large end-to-end network delay. Moreover, if the

network performance is limited by some part of the network due to
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congestion, improving the QoS performance of the other parts of non-

congested networks can hardly contribute any QoE improvements.

In order to provide high end user satisfaction, it is necessary to

understand the QoS requirements to achieve a perceived level of QoE

for different traffic and user categories. With the knowledge of the

QoS requirements on the network, the proper resource management

schemes can be designed accordingly at different network domains, such

as radio scheduler at base station, traffic management schemes at core

network, and so on. Consequently, there is a strong demand to study

the relationship between QoE and QoS while designing a QoE-driven

scheduler.

The Mean Opinion Score (MOS) is the most widely used subjec-

tive quality measure for QoE for decades. It was introduced in ITU-T

Recommendation P.800 [IT12a] to measure the speech quality by sub-

jective assessment methods. Its value ranges from 1 to 5, with 1 being

the worst and 5 being the best experience. The MOS can be measured

by subjective test. For instance, many testers in a “quiet” room listen

to the audio and conduct the assessment of the voice speech quality. In

addition, many mathematical models are developed for the MOS, e.g.

the E-model [IT15] for VoIP with many different codecs. The extension

to real time GBR traffic is discussed in Appendix A.

4.2.2.1 Video Streaming

The ITU-T recommendation G.1070 [IT12b] defined an assessment

method to quantify the quality of video streaming applications, con-

sidering both voice speech and visual quality of video streams. The

estimated video quality mainly takes video codec, frame rate, bit rate

and packet loss rate into consideration. The mathematical formulation

for video quality (Vq) assessment is given in the formula:

Vq = 1 + Icoding · exp

(
− PplV
DPplV

)
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Figure 4.4: Curve fitting of ITU MOS models with sigmoid func-
tion

where Icoding is the coding distortion for a given frame and bit rate

while DPplV is the degree of video quality robustness to the packet loss

rate, marked as PplV .
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This recommendation provides the default parameters for calcu-

lating the MOS for some video codecs with variable resolutions, e.g.

MPEG-4 with Quarter Video Graphics Array (QVGA) (320x240 pix-

els), and H.264 with VGA (640x480 pixels). Figure 4.4a shows the

video quality in the term of MOS over the data rate. For both codecs,

the MOS monotonically increases with the data rate. However, the

marginal MOS, which is the first order derivative of the curve, is mono-

tonically decreasing with the data rate, and this can be seen in the figure

that the slope of the curves is getting progressively smaller. For exam-

ple, the video with H.264 codec reaches almost 4 at 1 Mbps data rate,

which means the user already has a very good user experience. There is

little room for MOS improvement by getting additional 1 Mbps. Con-

sidering these two properties, the MOS is a concave function over the

data rate.

Besides, many models extend the ITU-T G.1070 method to sup-

port videos with high qualities and high data rates, e.g. HD model

[YH08], Temporal Complexity Model [HS12], Enhanced Temporal Com-

plexity Model [WZD+11]. Figure 4.4b shows that the MOS is a concave

function over the data rate for HD videos according to the HD model.

[LAS+13] gives a summary and comparison of the models. Except this

model from ITU-T, numerous previous researches for the video quality

assessment are conducted from many perspectives. A new method on

video quality assessment named Video Structural SIMilarity (VSSIM)

is proposed in [WLB02]. The video functions for different video se-

quences obtained with transcoding based the VSSIM index method are

shown in [TCJ+11]. The study shows a similar concave behavior to the

ITU-T model.

4.2.2.2 Web Browsing (HTTP)

The web browsing service has been a key service in mobile networks as

well as legacy fixes networks. The Hypertext Transfer Protocol (HTTP)

protocol is adopted to support the web service at the application layer.
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An experimental based model is proposed in the ITU-T recommenda-

tion G.1030 that the user satisfaction of web browsing depends on the

user’s expected session time which is context dependent. The browsing

session time is the time duration between requesting a search page and

requested data downloaded [IT14]. Based on many surveys, the rec-

ommendation constructs a model to predict the user satisfaction level

in terms of MOS based on the session time. The formula between the

user satisfaction and the session time is given as:

MOS =
4

ln
(
Min
Max

) · [ln (SessionT ime)− ln (Min)] + 5
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Figure 4.5: MOS over session time

The values Min and Max represent the minimum and maximum

session time which depends on the experimental session context time.

For example, the values are set to 2.16 seconds and 155 seconds when

the user’s expected session time is 60 seconds [IT14]. In addition, the

MOS is ranged between 1 and 5. It is been observed that the MOS

is a convex function of the session time from Figure 4.5. However,
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the session time depends on the page size and average serving data

rate. The session time has an inverse linear relationship with the data

rate. Subsequently, the MOS is a concave function over the data rate

for web browsing services. Some other QoE models for web traffic

are proposed in [SFC10] using logarithmic and exponential methods.

[KSM+13] conducts a subjective lab test and gives a summary of the

existing assessment model for Web traffic. Figure 4.6 shows the curve

fitting based on the lab test results provided in [KSM+13], showing the

same concave property.
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Figure 4.6: MOS over data rate

4.2.2.3 File Download (FTP)

File download, based on File Transfer Protocol (FTP) at the applica-

tion layer, is typical elastic services. For the FTP services, the user’s

satisfaction purely depends on the average effective data rate, since the

FTP file download time is proportional to the file size. In [LXZ+12], a

QoE model of file download service is defined as:
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MOS =


1.0 r < 8kbps

2.5307 · log10 (0.3136 · r) 8kbps ≤ r ≤ 315kbps

5.0 r > 315kbps

The MOS has a logarithmical relationship with the data rate, trun-

cated with the meaningful MOS range, which is between 1 and 5. Sim-

ilar to video streaming and Web services, the concavity behavior of

MOS over the data rate holds for the FTP traffic as well.

4.2.3 QoE-based Utility Functions Construction

From the QoE function analysis for video streaming, HTTP and FTP

traffic, the QoE of these elastic services mainly depends on data rates

and the MOS has a concave relationship with the data rates. In this

part, the QoE-based utility functions are proposed to unify the math-

ematical formulation for different applications. Based on the proposed

functions, the proper parameters can be easily found for various ap-

plications and user categories by the curving fitting method. Besides,

owning a unified mathematical formulation allows us to transform the

resource allocation problem to an optimization problem.

There are mainly two types of utility functions proposed in related

works shown in Figure 4.7. For example, they are used in the study of

utility-based resource allocation in wireless networks in [KL05], [KL08],

and [CWC+11]. In both functions, the utility u (r) is formulated as a

function of the data rate r with a parameter α. The parameter α

controls the shape of the curve. For instance, with a large α, the slopes

of both functions are getting sharper.

Figure 4.7 shows the utility as well as their marginal utility curves.

The function on the left is a typical concave function. With a larger

α, the utility first increase faster, and then increase slower than with

a smaller α. Correspondingly, it can be seen from the marginal utility
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Figure 4.7: Summary of two utility functions

curves that, the marginal utility with a larger α is first higher and

then smaller than that with a smaller α. When α < 1, the utility is

always positive, while on the opposite, the utility is always negative

when α > 1. However, the value of α cannot be set to 0 in the function

u(r) = r1−α

1−α since the denominator cannot be 0. Nevertheless, when

α → 1, the function is transformed into a logarithmic function by

applying L’Hôpital’s rule.

lim
α→1

r1−α

1−α = lim
α→1

elog(r)·(1−α)

1−α = lim
α→1

d
dα (elog(r)·(1−α))

d
dα (1−α)

= lim
α→1

− log(r)elog(r)·(1−α)

−1 = log(r)

The function on the right is a sigmoid function. The utility curves
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are monotonically increasing. Nevertheless, there are two parts in the

utility curves, which are separated by the critical point r0. On the left

side of the critical point, utility is a convex function while a concave

function on the right side. Since a QoE-based concave utility function

needs to be constructed for non GBR traffic, only the concave part of

this sigmoid is used. The advantage of applying this sigmoid function

is that the utility curve has a very good convergence property. Unlike

the concave function on the left, the range of utility can go to infinity

with increasing data rate; the sigmoid function converges to a center

value with an infinitely large date rate. This property is critically

important for building up a QoE based utility function since the MOS

is limited to its maximum value 5. In the main part of this work,

the concave part of the sigmoid function is adopted for further study.

However the proposed methods and optimization models are feasible

for any concave functions theoretically. Besides, the application with

the left-hand concave function is studied in the Appendix B.

Since only the concave part of the sigmoid function is used, the

critical point r0 is set to 0. Besides, due to that the MOS is limited to

the maximum value 5, two parameters A and D are introduced in the

sigmoid function shown in eq. (4.1). The parameters α, A and D are

determined by curve fitting according to the data obtained from the

ITU-T documentations or experiments.

u (r) =
A

1 + e−α·r
+D (4.1)

Table 4.3: Fitting parameter for Figure 4.8

A D α Norm of residuals

Web browsing 6.068 -1.435 0.9364 1.2022

Video Streaming 6.954 -2.542 4.104 0.1083

Figure 4.8 shows two examples of the curve fitting for web browsing

and video streaming. It shows visually that with the sigmoid function,
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Figure 4.8: Curve fitting for web and video streaming applications
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by tuning the parameters A, D and α the curves are well fitted, espe-

cially for the video streaming curve. In addition, the goodness of curve

fitting can quantified by the norm of residual which is expressed by:

normofresiduals =

√√√√ n∑
i=1

d2
i

where n is the number of data samples and d is the difference

between the original data and the value from the curve fit. The value

of 0 means a perfect fit, so it is desired to have the norm of residuals

as low as possible. The fitting parameters are shown in Table 4.3.

4.2.4 QoE-based Optimal Scheduling

In this section, a QoE-based scheduling framework for non GBR traffic

is proposed. First, it is shown that the QoE-based radio resource al-

location problem can be linearized without significant loss of accuracy.

As a result, the problem is formulated as an optimization problem

with the integer constant, since the LTE scheduler can only allocate

an integer amount of PRBs to the individual users. It will be proven

mathematically that the optimal resource allocation can be done in a

simple iterative method, utilizing the concavity property of the QoE-

based utility function. The method is optimal under two assumptions:

no retransmission is considered; and the active users have enough data

in the buffer to be transmitted in the current TTI. Then, a practical

scheduler is designed based on the optimal allocation method that can

be applied in a real system, taken the buffer information, the HARQ

and other practical issues into consideration.

In the QoE function, the utility is a function of data rate. Nev-

ertheless, the radio scheduler allocates the radio resource in terms of

PRBs to its users every TTI. In LTE, the available bandwidth resources

in terms of PRBs are scheduled to the active users periodically every

TTI. A PRB, which has 180 KHz bandwidth, is the minimum resource
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unit, which can be allocated to a user in LTE. The higher amount of the

PRBs allocated to the user, the higher data rate the user can achieve.

The user data rate depends on the MCS and the allocated number of

PRBs. The allocated number of PRBs and MCS of a user are used to

lookup the Transport Block Size (TBS). And the TBS is the amount of

data that can be transmitted by the user in the current TTI. This gives

the achievable throughput over the air interface, which is illustrated in

Figure 4.9.

It can be seen from Figure 4.9, that the data rate has a near linear

relationship with the number of PRBs, which identifies the allocated

bandwidth to a user. Therefore, without significant loss of accuracy,

the data rate ri of user i is approximately proportional to the allocated

bandwidth bi, which can be described by the linear function ri = bi ·σi.
The coefficient σi varies with the MCS. It is pre-computed for each

MCS based on the data provided by 3GPP. Table C.1 in the appendix

shows the curve fitting statistics including the R-square values, which

measure how well the applied curves fit the input data.
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Figure 4.9: LTE throughput over number of PRBs
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Therefore, the utility can be expressed as a function of bandwidth

allocated to the user as u (ri) = u (bi · σi). The coefficient σi is a

positive real number of user i in the current TTI, and therefore the

achievable data rate ri is directly proportional to the allocated band-

width bi. Consequently, the utility is a concave function of bi given

that the utility is a concave function of ri. In LTE, the scheduler only

allocates an integer amount of PRBs to the users, which means that

the allocated bandwidth bi can only be the non-negative integer multi-

ple of 180 KHz. Considering this limitation, the utility is expressed as

a function of the number of PRBs, and the problem is formulated as

follows:

Problem I (4.2) is formulated as:

max

(
N∑
i=1

Ui (ni)

)
s.t.

N∑
i=1

ni = R ni ∈ Z+ (4.2)

with N is the number of users, R is the number of PRBs, ni is a

variable representing the number of resource blocks assigned to user i.

Ui is the concave utility function of the user i depending on the number

of PRBs the user gets.

Lemma : The available PRBs are allocated to the user in an iter-

ative manner. In each iteration, one available PRB is assigned to the

user who has the maximum marginal utility, and the marginal utility of

that user is updated for the next iteration. This method results in the

optimal solution.

Proof : Assume {N1, N2, ..., NN} is the optimal solution of the

above problem, we have:

Umax =
N∑
i=1

Ui (Ni)

∣∣∣∣
N1+N2+...+NN=R

≥
N∑
i=1

Ui

(
Ni
′
)∣∣∣∣
N
′
1+N

′
2+...+N

′
N=R

∀
{
Ni
′
}

(4.3)
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Assume we have now (R+ 1) PRBs, we have a new Problem II

(4.4):

max

(
N∑
i=1

Ui (ni)

)
st.

N∑
i=1

ni = R+ 1 ri ∈ Z+ (4.4)

Consider a feasible solution {N1, N2, ..., Nk + 1, ..., NN} of Prob-

lem II with k is chosen such that:

Uk (Nk + 1)− Uk (Nk) = max
i∈[1,N ]

{Ui (Ni + 1)− Ui (Ni)} (4.5)

The resulting total utility is:

U =

N∑
i=1

Ui (Ni) + Uk (Nk + 1)− Uk (Nk)

Consider another feasible solution of Problem II:{
N
′′

1 , N
′′

2 , ..., N
′′

N

}∣∣∣N∑
i
N
′′
i =R+1

.

1. N
′′

k ≥ Nk + 1 (user k gets equal or more than Nk + 1 PRBs){
N
′′

1 , N
′′

2 , ..., N
′′

k − 1, N
′′

N

}
is a feasible solution of Problem I, be-

cause N
′′

1 +N
′′

2 +...+N
′′

k −1+...+N
′′

N = R. According to eq. (4.3),
N∑
i=1

Ui (Ni) ≥ U1

(
N
′′

1

)
+ U2

(
N
′′

2

)
+ ...+ Uk

(
N
′′

k − 1
)

+ ...+ UN

(
N
′′

n

)
Furthermore, Uk (Nk + 1) − Uk (Nk) ≥ Uk

(
N
′′

k

)
− Uk

(
N
′′

k − 1
)

because Uk is a concave function, so its marginal utility decreases

with increasing R. Therefore:
N∑
i=1

Ui (Ni) + Uk (Nk + 1)− Uk (Nk) ≥ U1

(
N
′′

1

)
+ U2

(
N
′′

2

)
+ ...

...+ Uk

(
N
′′

k − 1
)

+ ...+ UN

(
N
′′

n

)
+ Uk

(
N
′′

k

)
− Uk

(
N
′′

k − 1
)

∀
{
N
′′

i

}

or
N∑
i=1

Ui (Ni) + Uk (Nk + 1)− Uk (Nk) ≥
N∑
i=1

Ui

(
N
′′

i

)
{N1, N2, ..., Nk + 1, ..., NN} is hence the optimal solution of the

Problem II.
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2. N
′′

k < Nk + 1 (user k gets less than Nk + 1 PRBs)

It exists q so that N
′′

q > Nq or N
′′

q ≥ Nq +1 . Since Uq is concave

and has decreasing marginal utility, we have:

Uq (Nq + 1)− Uq (Nq) ≥ Uq
(
N
′′

q

)
− Uq

(
N
′′

q − 1
)

According to eq. (4.5), we have:

Uk (Nk + 1)− Uk (Nk) ≥ Uq (Nq + 1)− Uq (Nq) ≥ Uq
(
N
′′

q

)
− Uq

(
N
′′

q − 1
)

And because
{
N
′′

1 , N
′′

2 , ..., N
′′

q − 1, N
′′

N

}
is a feasible solution of

Problem I, following eg. (4.2), we have:
N∑
i=1

Ui (Ni) ≥ U1

(
N
′′

1

)
+ U2

(
N
′′

2

)
+ ...+ Uq

(
N
′′

q − 1
)

+ ...+ UN

(
N
′′

n

)
Therefore:
N∑
i=1

Ui (Ni) + Uk (Nk + 1)− Uk (Nk) ≥ U1

(
N
′′

1

)
+ U2

(
N
′′

2

)
+ . . .+

Uk

(
N
′′

k − 1
)

+ . . .+ UN

(
N
′′

n

)
+ Uq

(
N
′′

q

)
− Uq

(
N
′′

q − 1
)

{N1, N2, ..., Nk + 1, ..., NN} is hence the optimal solution of the

Problem II.

This completes the proof of the lemma. To conclude, if there is one

more available PRB, this PRB will be assigned to the user who has the

maximum marginal utility given that the previous resource assignment

is optimal. If the total number of resource blocks is 1 (R = 1), the

optimal solution is trivial. The resource block is assigned to the user

k such that: Uk (1) = max
i
{Ui (1)}. If P = 2, take the solution from

P = 1, and assign the rest PRB to the user who achieves the maximum

marginal utility. If P = n, take the optimal solution when P = n− 1,

and assign the last PRB to the user who gets the maximum marginal

utility.

4.2.5 QoE-based Scheduler Design

The QoE-based radio resource allocation method above is proven opti-

mal under full buffer assumption. In this section, a practical scheduling
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framework is proposed based on the optimal allocation method con-

sidering the retransmission and user buffer status. The scheduler is

implemented in the simulator for performance evaluation.

4.2.5.1 Scheduling Procedures

Figure 4.10 shows the flow chart of the proposed QoE-based sched-

uler. The scheduling is performed periodically every 1 ms in each cell.

The retransmission users are granted with highest priority. If any re-

sources left, the resources are allocated to the active users in an iterative

manner. This iterative method was proven optimal given full buffer as-

sumption and without transmission error in Section 4.2.4. The detailed

scheduling procedures are summarized as follows:

1. Initialize the candidates’ lists. They are inserted into two lists:

(a) HARQ list for the users with pending retransmission, which

means the users experienced transmission errors 8 TTIs ear-

lier;

(b) new user list for the active users, which have packets/seg-

ments in PDCP/RLC buffers.

2. The retransmission users are granted with highest priority. Due to

chase combining, the users will be allocated with the same amount

of PRBs as they got for the last unsuccessful transmissions.

3. If there are any PRBs left, the new users in list b are taken into

consideration for scheduling. The effective SINR for each user i

is calculated based on the EESM SINR mapping method. There-

fore, the MCS is determined correspondingly and the MCS de-

pendent coefficient σi is obtained. The marginal utility for each

user i by getting a PRB is calculated by:

ui = ui (ni + 1)− ui (ni)
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Start of a TTI

Initialize the candidate list of active or HARQ users:
a. Schedule the HARQ users

b. Get the buffer status information
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d. Calculate the marginal utility
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Any PRBs left

Yes

No

Serve user k and remove user k 
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User k: Update the 
marginal utility 

Yes

Figure 4.10: Flow chart of the proposed QoE-based scheduler
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where ni is initialize as 0 for all the users. In this work, the default

utility function is ui (ri) = A
1+e−αi·ri

+ D = A
1+e−αi·bi·σi

+ D. So

it is initialized as:

ui =
(

A
1+e−αi·180KHz·σi

+D
)
−
(

A
1+e−αi·0·σi

−D
)

= A
1+e−αi·180KHz·σi

− A
2

4. The user k with the highest marginal utility will get one PRB.

The variable nk indicating the number of PRBs allocated to user k

is incremented by 1. The TBS of user k is updated and compared

with the total buffer size (PDCP+RLC layer buffer).

• If the current TBS can empty the buffer in this TTI, then

the user k is served with the current TBS. Afterwards, the

user k will be removed from the list b, which means that the

radio resource allocation process for the user is finished. If

there are any users still in the candidate list, then go to step

5; otherwise, go back to step 4;

• In case that the current TBS cannot empty its buffer, if

there are no available PRBs left, go to step 5; otherwise, the

marginal utility of user k is updated and then go back to

step 4.

5. Serve the rest users in the candidate list based on the TBS size.

The scheduling process for the current TTI is finished.

In this work, the main target of the designed scheduler is to max-

imize the aggregated user QoE that all the active users with different

services are treated equally. Nevertheless in reality, the network opera-

tors should support service differentiation over different user categories,

e.g. platinum users, business users, economy users and so on. For in-

stance, the business and platinum users are supposed to get better QoS

and QoE than economy users since they are willing to pay more for get-

ting premium services and therefore they can contribute a higher profit

to the network operators. In addition, even with the same user cate-

gory, the different services may be treated differently by the operators.
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For example, the operators might be favorable to deliver a higher user

experience for the video streaming and HTTP services other than FTP

services on purpose or vise versa. For these reasons, a weighting factor

is proposed to be added in the utility function as shown in the utility

function eq. (4.6). Since the weighting factor is a constant value for

individual user with specific services, the new utility function can be

used directly in the proposed QoE based scheduler. Nevertheless, the

target of the designed scheduler is changed to maximize the aggregated

utility instead of aggregated QoE. The application of this utility func-

tion can be seen as an extension of this work, which is studied in the

simulation scenario 4 in Section 4.3.3.

ui = wi ·
(

A

1 + e−αi·ri
+D

)
(4.6)

4.3 Simulation Scenarios and Results

In this section, the performance of the proposed QoE based scheduler

is studied by simulations. A legacy macro eNB/cell scenario which

hexagonal coverage (see Section 3.3.3) is in use for evaluation. Both

GBR and non-GBR traffic is taken into consideration. The VoIP appli-

cation which belongs to GBR traffic is scheduled with absolute priority

over non GBR traffic, including video streaming, HTTP and FTP. The

proposed QoE based scheduler is supposed to achieve a better aggre-

gated QoE by more intelligently allocate radio resources among the non

GBR users considering their QoE requirements. A typical Proportional

Fair scheduler [Zak12] is used for the comparison purpose. A random

waypoint mobility model is applied to all the users to model the user

movements. All scenarios are simulated with multiple seeds and con-

sidering the warm up period to generate confident simulation results.

A summary of simulation settings is shown in Table 4.4.

Table 4.5 shows the detailed scenario settings. The study starts

with a proof-of-concept scenario which only contains a video streaming,
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Table 4.4: Simulation system settings

Parameter Settings

Macro eNBs

settings

Pathloss: 130.5 + 37.6log10(R), R in Km [IR09]

Slow fading: Correlated Log normal, zero mean, 8db std.

and 50 m correlation distance

Small scale fading: 3GPP Pedestrian A

Transmission power: 23dBm per PRB

TCP version New Reno with 64Kbytes receiver buffer size

Traffic types

VoIP: GSM EFR, codec rate 12.2 kbps

Video Streaming: TCP based full buffer streaming

HTTP: 2MB page size

FTP: 10MB file size

Mobility model 5Km/h,Random Direction

Number of PRBs 25 PRBs (5MHz spectrum at 2.6 GHz)

Simulation time
1000s (5 runs with different seeds)

with warm up period of 300s

a HTTP and an FTP user with full buffer mode (idle time is set to 0).

In the scenario 2 and 3, there are 10 VoIP users, 3 video streaming

users, 3 HTTP users and 3 FTP users. The video streaming users are

supposed to watch a long video and therefore are active all the times.

In scenario 2, the HTTP and FTP users have no reading time. This

means the next HTTP or FTP request starts immediately after the

ending of last request. On the contrary, in the scenario 3, the HTTP

and FTP users have pause/reading times between two consecutive file

transfers (see Section 3.3.5.2). Because in reality, the users may spend

some time on reading the website or processing the last download file.

Comparing to the scenario 2, the traffic load of HTTP and FTP users

is reduced. Since the users are not active all the times and introduce a

higher randomness, it is meaningful to examine the performance of the

proposed QoE based scheduling strategy under such circumstances. In
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Table 4.5: Scenario settings

Scenario 1

Proof-of-concept

1 Video,1 HTTP, 1 FTP

All active all the time

Scenario 2

10 VoIP;

3 Video, continuous streaming;

3 HTTP, 2MB page size, 0s reading time;

3 FTP, 10MB file size, 0s reading time;

Scenario 3

10 VoIP;

3 Video, continuous streaming;

3 HTTP, 2MB page size,50s reading time;

3 FTP, 10MB file size,50s reading time;

Scenario 4

10 VoIP;

Bussiness users: 1 Video, 1 HTTP, 1 FTP;

Economy users: 1 Video, 1 HTTP, 1 FTP;

HTTP: 2MB page size, 0s reading time;

FTP: 10MB page size, 0s reading time;

the scenario 4, the service differentiation over both different traffic types

and user categories are evaluated. Two user categories are considered

that business users are given a higher weighting factor than economy

users. There are a video streaming user, a HTTP user and an FTP

user in each of the user category.

4.3.1 Scenario 1 - Proof-of-concept Scenario

There is only a video streaming, a HTTP and an FTP user with the

full buffer mode in this scenario. The performance of the proposed

scheduling framework is compared against the legacy Proportional Fair

scheduler. The purpose of this scenario is to prove the implemented

scheduler is functional as expected. The QoE based utility curves and
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Figure 4.11: Performance of the proposed PF scheduler for sce-
nario 1

their marginal utility curves for all three types of services are plotted

in Figure 4.11 for proportional fair (PF) scheduler and Figure 4.12 for

the proposed QoE based scheduler. The average downlink throughput

of each user is marked in the corresponding curves.

If the simulation time is long enough, the average channel condi-

tions for all the users tend to be the same due to random mobility.

Therefore, in a legacy PF scheduler, all the users have similar through-

put if there is no service differentiation considered. This behavior is

observed in the simulation results shown in Figure 4.11. With simi-

lar throughput, the video streaming and HTTP users have a slightly

higher QoE values than the FTP user. Nevertheless, the FTP user

has a higher marginal utility. On the contrary, with the proposed QoE
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Figure 4.12: Performance of the proposed QoE based scheduler
for scenario 1

based scheduler, all three users achieve very different throughput, but

have a similar marginal utility value. Comparing to the PF scheduler,

The HTTP user throughput nearly stays the same, but FTP user has a

much higher throughput which is taken over from the video streaming

user. However, the utility is nearly unchanged for the video stream-

ing user because the user is already satisfied with a low throughput at

around 1.5 to 2 Mbps. Allocating more resources to the video stream-

ing user does not further improve its utility. This can be seen from

its marginal utility figure that its marginal utility converges to 0 with

a fastest speed. Therefore there is no margin to further improve the
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utility when the marginal utility is very small. Among these three ap-

plications, the marginal utility of the FTP user converges to 0 with a

slowest speed. The FTP user would benefit most with a throughput

higher than 2 Mbps. Therefore, the proposed QoE based scheduler al-

locates most resources to the FTP user and least to the video streaming

user. With a little utility degradation of the video streaming user, the

utility of FTP user gets a higher gain. Consequently, the aggregated

utility (QoE in terms of MOS) is improved by the proposed QoE based

scheduler.

The principle of the QoE based scheduler is to allocate the resource

to the user with highest marginal utility in an iterative matter in each

TTI. Therefore theoretically, all the users would have the same marginal

utility. This property can be used to calculate the needed amount of

PRBs with certain amount of active users and known traffic types. In

this scenario, if there are more PRBs available, e.g. with more cell

bandwidth to 10 MHz, it is expected that the FTP user’s throughput

will increase most while the video streaming user the least. On the

contrary, if there are less PRBs available, e.g. with cell bandwidth to 1.4

MHz, the utility of the video user will be least impacted due to its high

marginal utility at a low throughput. Both throughput and utility of

the HTTP and FTP users would be decreased substantially. As a result,

when there are limited resources available, the video streaming user will

get most of the resources since it can get higher utility with less amount

of resources. The HTTP and FTP users will get more resources with

higher amount of resources. With the proposed QoE based scheduler, it

differentiates the users automatically with the purpose of maximizing

the aggregated utility. With the legacy weighted PF scheduler, the

service differentiation is fixed according to the weight settings without

awareness of QoE.



4.3 Simulation Scenarios and Results 97

 

24 48 64 96

voice packet end-to-end delay (m
sec)

0.5

1

1.5

2

video streaming data rate (Mbps)

481216

H
T

T
P

 p
ag

e 
re

sp
on

se
 ti

m
e 

(s
ec

)

16

32

48

64

FTP file upload response time (sec)

PF
QoE based

Figure 4.13: Application performance comparison for scenario 2

4.3.2 Scenario 2 and 3 - Varying Traffic Load

Figure 4.13 and 4.14 show the application performance and their cor-

responding MOS (the error bars show the 95% confidence interval) for

scenario 2. Since the VoIP users only consume very little amount of

resources (12.2 Kbps codec rate at the application layer) and they are

prioritized over the whole network with absolute priority over non-GBR

traffic, the voice packet end-to-end delays (including coding, decoding

and de-jittering delay) are the same for both schedulers. With respect

to the non GBR traffic, similar to scenario 1, the throughput of video

streaming users is reduced dramatically from 1.38 Mbps down to 0.77

Mbps with the QoE based scheduler. More resources are given to the

HTTP and FTP users. It can be seen from the figure that the average

HTTP page response time is reduced from 12.8 seconds to 11.5 seconds.

The average FTP download time is reduced greatly from 60.7 seconds
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to 43.8 seconds so that the download time is reduced by reduced 30%.

Correspondingly, the MOS of the FTP and HTTP users are improved

significantly with the QoE based scheduler. Although the throughput

of the video users is nearly halved, the MOS of the video streaming

users nearly remain at the same level (reduced by 0.03). The reason is

that the video MOS has a non-linear relation with the data rate. Thus

the video users can remain satisfied with even less amount of resources.

Therefore, the aggregated non-GBR user satisfaction in term of MOS

is increased from 28.2 to 29.9 as shown in Figure 4.14.
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Figure 4.14: MOS comparison for scenario 2

Considering the minimum MOS value (scaling between 1 and 5)

of each user is 1, the gain (G) is around 8.9% calculated based on eq.

(4.7). MOSUT and MOSPF represent the aggregated MOS for all the

non GRB users with the QoE based scheduler and PF scheduler, and

N represents the total number of non GBR users.
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G = (MOSUT−N ·1)−(MOSPF−N ·1)
(MOSPF−N ·1) · 100% = MOSUT−MOSPF

(MOSUT−N) · 100%

(4.7)
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Figure 4.15: Application performance comparison for scenario 3

As explained, the HTTP and FTP users may spend some time on

reading the website or processing the last downloaded file. The reading

time is set to 50 seconds for both HTTP and FTP users in scenario 3

instead of 0 second in scenario 2. Therefore, the traffic load of HTTP

and FTP users are reduced while the video streaming users remain

the same. In another word, the traffic share of video streaming users

is increased. Figure 4.15 and 4.16 show the application performance

and their corresponding MOS for scenario 3. Same as in the previous

scenarios, the gain comes from allocating more resources to the HTTP

and FTP users while suppressing video streaming users’ throughput.

Since the traffic share of HTTP and FTP users is reduced, the gain
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of the QoE based scheduler over PF scheduler is increased to 17.3%

comparing to 8.9% in scenario 2. The HTTP page response time is

reduced from 11.9 seconds to 9.4 seconds and the FTP file download

time is nearly halved from 45.6 seconds to 25.9 seconds. Accordingly,

the MOS value of FTP users is increased from 2.6 to 3.6 which means

the user satisfaction level is increased from fair to good. Based on the

comparison of the results between scenario 2 and 3, the conduction is

proven that when there is higher traffic share of video streaming, the

gain is higher. In principle, the more the marginal utility differs among

the users by a PF scheduler, the higher room it is for the QoE based

scheduler by more intelligently allocating the resources, and therefore

a higher gain is expected.
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Figure 4.16: MOS comparison for scenario 3

4.3.3 Scenario 4 - Different User Category

In scenario 4, the service differentiation over both different traffic types

and user categories are evaluated. There are a video streaming user, a
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HTTP user and an FTP user in each of the user category (3 business

users and 3 economy users). The weighting factor w of business users

are set to 2 while the economy users are set to 1. For the users with the

same traffic type, both the utility and marginal utility are doubled for

the business users over economy users with a same rate. Therefore, the

business users are prioritized over the economy users. The HTTP page

response time and FTP file download time is 10.9 and 38.7 seconds

respectively for economy users while they are 7.4 and 22.6 seconds

for business users. The video streaming throughput is 0.78 Mbps for

economy user and 1.04 Mps for business user. The gains of business

user over economy user range from 25% for the video streaming users

to 41% for the FTP users, and 31% for the HTTP user. The service

differentiation between the business and economy users is quite obvious.

Nevertheless, the differences are not as high as 2 times, which is the

weight difference. The reason is that the QoE based scheduler always

try to maximize the aggregated utility and due to the concavity, the
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double throughout does not give the doubled utility.

4.4 Summary

This chapter focuses on the design and implementation of an optimal

utility-based radio scheduling considering QoE in LTE. The target of

the scheduler is to maximize the aggregated QoE in a cell for elastic

traffic whose QoE, which is measured by MOS, can be approximated

by a concave relation over the data rate.

From the QoE function analysis for video streaming, HTTP and

FTP traffic, the QoE of these elastic services mainly depends on data

rates and the MOS has a concave relationship with the data rates.

Therefore, concave utility functions are used to unify the mathemat-

ical formulation for different applications. Afterwards, a QoE based

scheduler is proposed and proven to be optimal analytically. The sim-

ulation results show that the proposed QoE base scheduler framework

significantly outperforms the conventional proportional fair scheduler.



Chapter 5

Joint Radio and

Transport Optimized

Resource Management

As discussed in Chapter 1, the transport backhaul is not optimal and

can be a bottleneck for many typical scenarios. Usually, the opera-

tors do not own dedicated transport backhaul network, connecting the

Radio Access Network (RAN) and the Evolved Packet Core (EPC).

They need to lease bandwidth from 3rd party IP service providers to

get well managed transport network services for the LTE mobile back-

haul (MBH). They normally lease the transport networks from 3rd

party Internet Service Providers (ISPs) with well-defined Service Level

Agreements (SLAs). In order to fulfil the SLAs, the transport back-

haul should be dimensioned by the mobile operators considering the

traffic carried by the network and the QoS requirements [LLT+12]. In

legacy mobile networks, the transport backhaul capacity is not been di-

mensioned to handle all the peak scenarios with the purpose of saving

103
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CAPEX and OPEX. Therefore, in the case that multiple cells expe-

rienced high loads at the same time, the transport backhaul could be

overloaded as well. More importantly, the femtocell networks use cable

or broadband xDSL as the last mile solution and usually its bandwidth

is limited by the contract.

As it is shown in Figure 5.1, the LTE access network contains

two main bottlenecks: air interface and transport backhaul. On one

hand, the transport backhaul could be limited as stated above. On the

other hand, the radio capacity is limited by the available cell spectrum

and user channel conditions at the air interface. The radio spectrum

resources are scare and very expensive to use. The German government

auctioned a total 358.8 MHz spectrum mainly used for LTE networks

for 4.4 billion euro in 2010 [Ger10]. In reality, it might happen that

some cells may be congested while the others not. For example, in this

example scenario, both cell A and the aggregated transport backhaul

are limited. If there is no mechanism to control the rate of users in

congested cells, the cells may get more congested, while users in other

cells do not get enough data rates. Furthermore, users may have poor

QoE, because the data rate that the users get is not shaped according

to their application types, but often heavily influenced by the transport

protocol behavior like TCP and UDP.

It is motivated to optimize the resource allocation in terms of de-

ciding optimum bearer rates for different users dynamically according

to their application types as well as traffic variations and available net-

work capacities of both radio and transport networks. As stated in

Chapter 1, the innovation of this work is an algorithm that dynami-

cally optimizes the EPS bearer rates for all users in the LTE networks

considering the limitation of radio and transport resource with the ob-

jective of maximizing the accumulated users’ QoE.

In this chapter, the EPS bearer shaping method as well as other

existed resource management schemes at LTE transport networks are

discussed first. Then, the typical scenarios are introduced, which the
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Radio Capacity: 50 Mbps

Capacity of 3GPP RAN to

EPC Interface: 100 Mbps
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UE3

3GPP
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Figure 5.1: Performance limited by both cell and transport net-
work capacity (example capacities) [3GP12]

proposed joint radio and transport optimized resource management

schemes are applicable, e.g. femtocell cluster, base station with mul-

tiple cells and Cloud-RAN in LTE-advanced, are introduced. The re-

source allocation problem in multiple cells considering transport net-

work limitations is formulated as a convex optimization problem, which

maximizes the aggregated QoE, represented by the Mean Opinion Score

(MOS), of all users using different applications, and then solve it us-

ing the Lagrangian relaxation method. The EPS bearers are shaped

according to their optimal rates for all users at the core network. The

performance of these proposed algorithms is investigated and evalu-

ated by simulations. Moreover, a discussion on how often to adjust

the shaping rates is given based on the complexity and performance

investigations.

Although the optimal bearer shaping method can be generalized

for LTE networks, the performance evaluation focuses only on the fem-

tocell scenarios. However, a large scale network often serves hundreds

of users and solving the optimization problem may not be feasible. In

order to apply the proposed approach in large scale networks, efficient
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heuristic algorithms are developed with reduced complexity and evalu-

ated by simulations.

5.1 Resource Management Schemes at

LTE Core and Transport Networks

5.1.1 IP per-bearer Traffic Shaping

In the transport backhaul network connecting the Radio Access Net-

work (RAN) and Evolved Packet Core (EPC), as shown in Figure 5.1,

traditional traffic management schemes (e.g. packet scheduling, queue

management) are often applied on the packet level (i.e. link layer). In

addition to that, the resource allocated to each user or an application

flow in the transport network can also be controlled by a bearer shap-

ing mechanism on the flow level (i.e. IP layer). In has been introduced

in Chapter 2 that, 3GPP has defined a QoS framework based on the

Evolved Packet System (EPS) bearer model to manage various traffic

classes with different quality of service requirements. A bearer is a

traffic separation element that enables differentiated treatment of traf-

fic based on its QoS requirements, and provides a logical path between

UE and the gateway located in EPC. Each bearer will be assigned to

a certain data rate, according to the QoS parameters (e.g. Guaranteed

Bit Rate - GBR and Maximum Bit Rate - MBR for the GBR type

bearers, and Aggregate Maximum Bit Rate-AMBR for the non-GBR

type bearers). Currently, the bearer rates are simply set by the mobile

network operators or according to the subscriber contracts. Typically

the maximum bearer rate is fixed and hardly achieved, which leads to

none optimal resource utilization as well as poor users’ perceived QoE.

This problem becomes more severe in the LTE femtocell or picocell

networks.

Figure 5.2 shows the overview of the downlink traffic shaping per

bearer level at the access gateway (aGW) in EPC. The incoming packets
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Figure 5.2: Token bucket traffic shaping

are sorted by identifying the user and bearer ID and then are inserted

into corresponding token bucket shaper buffer. Each bearer has its sep-

arate buffer and shaper based on the token bucket algorithm [Tan02].

The bearer token shaping rates are set according to their corresponding

optimal shaping rates which are calculated in Section 5.3. After shap-

ing, the traffic of each bearer is aggregated and then carried through

the transport network.

It is worth to mention that the proposed algorithm in this work can

be used as an online function to dynamically change the optimal bearer

shaping rate over time (periodically or on-demand). On one hand, the

user channel conditions are changing over time due to fast fading and

mobility. On the other hand, the users may become active or inactive
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over time. Therefore, the optimization problem is being solved and

the optimal shaping rates are updated over time. By default in this

work, the update interval is 1ms which is 1 TTI (Transmission Time

Interval) in LTE. However, other update intervals are studied in this

work (discussed in Section 5.4.5).

5.1.2 Transport Scheduler and Shaper

As introduced in Section 4.2.1, there are nine different types of bear-

ers, identified by QoS Class Indicator (QCI) in LTE. High priority real

time traffic flows, e.g. voice/video telephony and real time gaming,

are grouped into GBR bearers. Non-GBR bearers mainly serve non

real time services with lower priority compared to GBR bearers. In

order to provide required QoS over the transport networks, Differen-

tiated Services (DiffServ) is enabled by mapping different bearers to

corresponding PHBs (Per Hop Behavior) , which define the packet-

forwarding properties associated with a class of traffic.

For instance, the conversational applications including voice, video

conferencing and video games (QCI 1-4) are mapped to Expedited For-

warding (EF) PHBs with highest/stric priority since they requite low

packet loss, delay and jitter. The applications with QCI 6-8 are mapped

to Assured Forwarding (AF) PHBs, e.g. interactive gaming, buffered

streaming, web browsing. AF PHBs have 4 priority classes (AF 1x to

AF 4x), each class with 3 levels of dropping precedence: low, medium

and high (AF x1 to AF x3). Different PHBs are used for different RAB

types providing various QoS levels to end users in practice. The appli-

cations with the lowest priority are classified as Best Effort (BE) traffic

and mapped to the BE PHB. To be noticed, the mapping of QoS classes

to PHBs can be configured alternatively by operations depending on

the application types and user categories.

Figure 5.3 shows an IP DiffServ architecture used in this work.

The transport scheduler combines Strict Priority Queueing (SP) and

Weighted Fair Queueing (WFQ) [FPR00], [TNC+01]. SP is used to
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Figure 5.3: Weighted fair queueing scheduler and shaper

provide assured premium service to the EF PHB. When there is spare

bandwidth left after serving the EF PHB, AF and BE PHBs are served

in a weighted fair manner by setting different weights to different PHBs.

At the egress port, the aggregated traffic after transport scheduler is

shaped to a predefined data rate using Token Bucket Shaper. To be

noticed, packet discarding mechanisms can be applied to PHB buffers
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or the shaper buffer, e.g. WRED (Weighted Random Early Detection)

[Li09].

5.2 Introduction and User Cases

5.2.1 Femtocell Clusters

In mobile communications, it is an acknowledged fact that most of the

mobile data is generated indoors. More than 60% of voice calls and

90% of data traffic take place in indoor environments as pointed out by

a recent survey [Eri15]. Usually the conventional solution for increasing

network coverage is adding more network infrastructure such as tower

cells or transmitters. However, the deployment of these macrocell el-

ements can be very costly and increase the inter-cell interference in

the network. With increasing number of indoor mobile users, opera-

tors have to find a better cost efficient solution to provide necessary

Quality of Service (QoS) to the users. The latest trend to solve this

problem is to introduce a large number of femtocells, which can be

connected to the operator’s network by using existing user broadband

(e.g. xDSL/Cable/Fiber) connection, for indoor coverage. With this

approach, operators can save costs for deploying more macrocells and

offload some traffic from macrocell to femtocells. This can lead to a de-

crease in CAPEX/OPEX of operators and makes femtocell deployment

a really lucrative option [ZHY11]. An increase in user satisfaction is

also expected due to possible better indoor reception and longer battery

life because of low transmission power levels [ZZWS13].

The number of users and the traffic that they generate increase ex-

tremely fast, while the bandwidth resource is very limited. Therefore,

in order to guarantee a certain Quality of Service (QoS) and more im-

portantly, to improve the users’ perceived Quality of Experience (QoE),

it is necessary to have an efficient resource management mechanisms.
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In the LTE femtocell networks, a femtocell or multiple femtocells

(a femtocell cluster), each serve multiple users, use broadband xDSL

as the last mile transport and usually its bandwidth is limited by the

contract, e.g. with a maximum of 16 Mbps data rate. Hence, the last

mile is usually the bottleneck in the network.

Figure 5.4: Example of a femtocell cluster

However, deploying femtocells raises many new challenges, one of

which is the resource allocation for users serving by femtocells. Dif-

ferent from macrocells, whose transport network is usually appropri-

ately dimensioned, the one of femtocells is bounded to the existing

user’s broadband (e.g. xDSL). Let’s consider a scenario, in which mul-

tiple LTE femtocells share one transport network shown in Figure 5.4.

Some cells are heavily loaded while the others are lightly loaded. Fur-

thermore, the data rate of the transport network is lower than the

total throughput of all cells. If the resource allocation is carried out

independently at each cell without considering the transport network

limitation, users in low loaded cells will tend to get a much higher end-

to-end throughput than users in the highly loaded cells, resulting in
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a low fairness and overall users’ satisfaction. Therefore, the resource

allocation should be done for all cells simultaneously in a coordinated

manner, which considers not only the radio resources constraints but

also the transport network limitations.

5.2.2 Multiple Cells in one eNB

The femtocell cluster is the major focus of this work due to its limited

backhaul. However this work is not only limited to femtocell scenarios.

Theoretically, the method can be applied to a cell or a group of cells,

which share a limited transport network. As stated in the introduction

of this chapter, in legacy macrocell networks, the transport network

is carefully dimensioned according to desired level of SLAs. Neverthe-

less, the transport network can still be the major bottleneck in peak

hours or certain situations, e.g. with many users under good channel

conditions. Besides, with the exploding growth of mobile traffic, the

transport network may not be able to fulfil the SLAs.

Cell 2

Cell 3

Cell 1

S1 Front Mile
Router

Core Network
and IP

backbone

Router

S1 Last Mile with 
limited data rate RS1

Figure 5.5: 3 cells in the same eNB

As a matter of fact, it is meaningful to consider the transport

limitations in resource management. Figure 5.5 shows a typical legacy

LTE network with 3 cells in one eNB. In this example, the last mile
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access network to the eNB is limited, and it is shared by the 3 cells in

the same eNB. Since all cells in the same eNB are in the same location,

a centralized radio scheduler can be easily implemented inside the eNB

without any signaling between the cells.

5.2.3 LTE Cloud Radio Access Network (C-RAN)

Global mobile data traffic will increase nearly tenfold between 2014 and

2019. Mobile data traffic will grow at a Compound Annual Growth

Rate (CAGR) of 57 percent from 2014 to 2019, reaching 24.3 exabytes

per month by 2019 [Cis15]. One solution is to install more base stations

to handle the exploding growth of traffic volume. However, each legacy

base station needs a complete system, including power supply, backup

battery solution, cooling, a monitor system and so on. Deploying a

large-scale amount of base stations needs expensive CAPEX/OPEX

especially in the dense city area. Besides, the interference will become

more critical with the increase of stations. This will put a challenge for

interference management.

Transport network 
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Figure 5.6: LTE C-RAN cluster
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In order to overcome the above-mentioned problems, China Mobile

Research Institute introduced the cloud Radio Access Network (known

as Cloud RAN or C-RAN) for future mobile communication networks

firstly in April 2010 in Beijing, China [Ins11]. The C-RAN is a cen-

tralized, cloud computing-based architecture. The C-RAN concept is

widely accepted by operators and vendors, and it has been actively

discussed by international standardization organizations. As shown in

Figure 5.6, the Base Band Units (BBUs) for resource management and

baseband processing are detached from the radio and antennas, and

moved into the centralized processing cloud. Only the Remote Radio

Heads (RRHs), including antennas, the radio and related amplification

and filtering, are distributed among the geographical area for the sig-

nal coverage. They are connected to the centralized process cloud via

high bandwidth optical/microwave networks. Nevertheless, the C-RAN

puts additional challenge on the transport network since a LTE C-RAN

cluster can support up to several hundreds of RRHs [Inc14].

5.3 QoE based Dynamic Rate Shaping

(QoE-DRS)

In this section, a QoE based Dynamic Rate Shaping framework is in-

troduced marked as QoE-DRS. The framework is valid for any traffic

whose QoE can be modelled as strict concave functions. Figure 5.7

gives an overview of the proposed QoE-DRS. The proposed QoE-DRS

is a method that decides the optimal rates of every active user in a cell

cluster separately, which share a common transport network. The opti-

mal rates are calculated by solving an optimization problem at the core

network. The users are shaped according to their optimal rates based

on traffic shaping explained in Section 5.1.1. The QoE-DRS framework

is done in a periodic manner since the number of active users and the
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users’ channel conditions are changing over time. The default time in-

terval in this work is 1 ms. A discussion on the shaping time interval

is shown in Section 5.4.5.

Solving the optimization 
problem at the core network

Optimal shaping rates of 
individual users

Input from eNBs

1. CQI
2. QoE function

System parameters

1. Cell bandwidth of each cell

2. Transport network data rate

Figure 5.7: Overview of QoE-DRS

The resource management problem considering both the radio and

transport limitations is formulated as a concave optimization problem

in Section 5.3.1. The problem is proven to be convex and is solved

by the Lagrangian relaxation method. The method is proven that it

is valid for any kind of strict concave utility functions. The detailed

solution for the QoE based utility function is shown in Section 5.3.3.

In Section 5.3.4, a special case with the assumption that the transport

network is the dominant limiting factor is studied, which is a typical

use case in the femtocell scenario.

5.3.1 General Problem Formulation

In the above-mentioned scenarios, many cells share the same limited

transport network. In order to design an optimized resource manage-

ment scheme, both radio and transport limitations are obligated to be

considered. In Chapter 4, the QoE based radio scheduling is proposed

to maximize the aggregated QoE in a cell only considering the radio

limitation. In this section, the work is extended to consider both radio



116 5. Joint Radio and Transport Optimized Resource Management

interface and transport backhaul limitations. The resource allocation

problem is formulated as an optimization problem subject to the con-

straints from both radio and transport interfaces. The target of the

optimization problem is to maximize the aggregated user QoE in a cell

cluster. By solving the optimization problem, the optimal shaping rates

for the users in a cell cluster are determined.

The resource management problem is formulated as follows:

maxU, U =
∑
c

∑
i

ui,c (ri,c)

s.t. ∀c
∑
i

ri,c
σi,c
≤ Bc;

∑
c

∑
i

ri,c ≤ RS1

∀ri,c ≥ 0

(5.1)

The objective is to maximize the aggregated QoE (U ) which is the

summation of the QoE of all the users. bi,c is the allocated bandwidth

of user i in cell c. ri,c represents the data rate of user i in cell c, which is

proportional to bi,c (ri,c = bi,c ·σi,c, see Section 4.2.4). The QoE of the

user (ui,c) is represented by a strictly concave QoE function of its data

rate (ri,c). Over the air interface, the total available cell bandwidth is

limited by Bc in cell c, which is formulated as
∑
i

bi,c =
∑
i

ri,c
σi,c
≤ Bc.

Since all the users in a cell cluster share the same transport link (S1),

the total rate over the transport network is limited by the date rate

RS1. Suppose there are Nc number of cells sharing the same transport

network link, there will be Nc + 1 constraints in total.

H(U) =



∂2U
∂r12

∂2U
∂r1∂r2

· · · ∂2U
∂r1∂rn

∂2U
∂r2∂r1

∂2U
∂r22 · · · ∂2U

∂r2∂rn
...

...
. . .

...

∂2U
∂rn∂r1

∂2U
∂rn∂r2

· · · ∂2U
∂rn2

 (5.2)

The Lagrangian relaxation method can be used to solve the prob-

lem if the problem is convex. A continuous, twice differentiable function
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of several variables is convex on a convex set if and only if its Hessian

matrix is positive semidefinite on the interior of the convex set [BNO03].

The Hessian matrix of the optimization target function (U) in eq. (5.1)

is a square matrix of second-order partial derivatives of a scalar-valued

function shown in eq. (5.2). Suppose there are n users in total in all

the cells, the resulted Hessian matrix is a square matrix that has a size

of n× n. ∂2U
∂rj∂rk

represents the element at the j′s row and k′s column

of the matrix. Since the QoE of an individual user only depends on his

own data rate,
∂uj
∂rk

= 0 when j 6= k. So when j = k,

∂2U
∂rj2

= ∂
∂rj

(
∂U
∂rj

)
= ∂

∂rj

(
∂u1+···+∂uj+···∂un

∂rj

)
= ∂

∂rj

(
∂uj
∂rj

)
=

∂2uj
∂rj2

(5.3)

and therefore the element becomes
∂2rj
∂rj2

. Correspondingly, when

j 6= k,

∂2U
∂rj∂rk

= ∂
∂rj

(
∂U
∂rk

)
= ∂

∂rj

(
∂u1+···+∂uk+···∂un

∂rk

)
= ∂

∂rj

(
∂uk
∂rk

)
= 0

(5.4)

As a result, the resulted Hessian matrix becomes a diagonal ma-

trix. The element at j′s row and j′s column is
∂2uj
∂rj2

, which is negative

because uj is a strictly concave function of rj . Therefore, the Hessian

matrix is a diagonal matrix, and all the elements on its diagonal are

positive. The Hessian matrix (H (U)) is positive definite if the scalar

zT · H (U) · z is positive for every non-zero column vector z of n real

numbers [BNO03]. The prove for the Hessian matrix to be positive

definite is shown in eq. (5.5).
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zT ·H(U) · z =
[
a1 a2 · · · an

]


∂2r1
∂r12 0 · · · 0

0 ∂2r2
∂r22 · · · 0

...
...

. . .
...

0 0 · · · ∂2rn
∂rn2




a1

a2

...

an


= a1

2 · ∂
2U

∂r12 + a2
2 · ∂

2U
∂r22 + · · ·+ an

2 · ∂
2U

∂rn2

< 0

(5.5)

The optimization problem is proven to be concave (convex up-

wards) since its Hessian matrix is negative definite, and therefore the

Lagrangian relaxation method can be used to solve the problem. Ac-

cording to eq. (5.1), there is no equality constraint. Therefore, the

Slater’s condition is fulfilled which is a sufficient condition for strong

duality to hold for a convex optimization problem [BNO03]. Due to

the strong duality, there is no duality gap between the Lagrangian

dual problem and the primal problem. The optimal solution of the

Lagrangian dual problem is also the optimal solution for the primal

problem. The Lagrangian dual problem is formulated and shown in eq.

(5.6).

min
{λ≥0}


f︷ ︸︸ ︷

max
{r≥0}

{∑
c

∑
i

ui,c (ri,c)−
∑
c

λc

(∑
i

ri,c
σi,c
−Bc

)
− λ0

(∑
c

∑
i

ri,c −RS1

)}
(5.6)

Considering the problem f :
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f = max
{r≥0}

{∑
c

∑
i

ui,c (ri,c)−
∑
c
λc

(∑
i

ri,c
σi,c
−Bc

)
− λ0

(∑
c

∑
i

bi,c −RS1

)}
= max
{r≥0}

{∑
c

∑
i

(
ui,c (ri,c)−

(
λc
σi,c

+ λ0

)
ri,c

)
+
∑
c
λc ·Bc + λ0 ·RS1

}

=
∑
c

∑
i

max
{r≥0}


Li,c︷ ︸︸ ︷

ui,c (ri,c)−
(
λc
σi,c

+ λ0

)
ri,c

+
∑
c
λc ·Bc + λ0 ·RS1

(5.7)

Lemma: ∀bi,c ≥ 0, Li,c is a concave function and has one and only

one maximum L∗i,c. Then the dual problem becomes:

min
λ
f = min

λ

{∑
c

∑
i

L∗i,c +
∑
c
λc ·Bc + λ0 ·BS1

}
∀λ ∈ R+ ∪ {0}

(5.8)

Proof : the function Li,c is twice differentiable and its second

derivative given below is negative.

dLi,c
dri,c

=
dui,c(ri,c)
dri,c

−
(
λc
σi,c

+ λ0

)
d2Li,c
dr2i,c

=
d2ui,c(ri,c)

dr2i,c
< 0

(5.9)

L∗i,c reaches its maximum at r∗i,c if
∂Li,c
∂ri,c

(
r∗i,c
)

= 0 and r∗i,c ≥ 0.

Because L∗i,c is concave, if r∗i,c
∣∣
∂Li,c
∂ri,c

(r∗i,c)=0
< 0, it reaches its maximum

when ri,c = 0. The formulation of L∗i,c is as follows:

max {Li,c} = L∗i,c =



ui,c
(
r∗i,c
)
−
(
λc
σi,c

+ λ0

)
· r∗i,c

if
dui,c(ri,c)
dri,c

∣∣∣
ri,c=0

≥
(
λc
σi,c

+ λ0

)
ui,c (0)

if
dui,c(ri,c)
dri,c

∣∣∣
ri,c=0

<
(
λc
σi,c

+ λ0

)
(5.10)
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After calculating all the L∗i,c, the problem shown in eq. (5.8) can

be solved by a subgradient projection method to get the minimum of f

which will be explained in the next section. Due to the strong duality, f

has one and only one minimum which is also the solution of the primal

problem.

5.3.2 Subgradient Projection Method

The subgradient projection method is an iteration that starts with an

initial feasible vector λ0 ≥ 0, and generates the next iterate by taking

a step along the negative subgradient direction -sk of f at λk and

then, by projecting on the set λ ≥ 0 to maintain feasibility. Formally,

a typical iteration of the subgradient projection method is given by

λk+1 =
[
λk − tksk

]+
with tk being a positive step size at the iteration

k. In this work, the Modified Polyak’s step size is applied [PE09]:

tk = γ
f(λk)−

∧
fk

||sk||2 with
∧
fk = min0≤j≤kf

(
λk
)
− δ (5.11)

tk = γ
f
(
λk
)
−min0≤j≤kf (λk) + δ

||sk||2
(5.12)

γ, δ are positive parameters. The minimum f∗ = min0≤j≤kf
(
λk
)

is updated in each iteration, and the corresponding values of the dual

variables are updated as well. The iterations are stopped when

f
(
λk
)
− min

0≤j≤k
f
(
λk
)
≤ o

(o: a predefined value regarding to accuracy) for some iterations. The

minimum f∗ is the optimal solution which is also the optimal solution

of the primal problem.
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Figure 5.8: A visualized example of the subgradient method

Figure 5.8 gives a visualized example of the subgradient method.

There is only one cell in this example, and therefore there are two con-

straints in the primal problem. The system performance is limited by

the available cell bandwidth in the cell and the available data rate at

the transport network. Correspondingly, there are two dual variables

introduced in the Lagrangian dual problem that λ0 is introduced to

relax the data rate limitation at the transport network and λ1 is intro-

duced to relax the cell bandwidth limitation in the cell. The target is

to find the minimum f over the two dual variables. The subgradient

method starts with a feasible location. In this example, the initial point

is set to λ0 = λ1 = 0.2. The subsequent point in each iteration is based

on the current point, the negative subgradient direction and the step

size based on the modified Polyak’s step size [PE10]. It can be seen

from the figure that the point is moving towards to the minimum point.

The changing of the f over each iteration is shown correspondingly in
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Figure 5.9. f is decreasing sharply in the first 5 iterations, but after 5

iterations, f is fluctuating. For this reason, after around 5 iterations,

the minimum f∗ over all the previous iterations nearly stay at the same

value. If the minimum f∗ is not changing for some iterations, the it-

erations are stopped. Knowing the values of the dual variables to get

f∗, the corresponding values of the primal variables can be calculated.

The detailed formulations are shown in Section 5.3.3 and 5.3.4.
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Figure 5.9: A visualized example of the subgradient method
- how f varying over iterations

By solving the optimization problem, the optimal data rates of all

the active users are obtained, e.g. the data rate of user i in cell c is

r∗i,c = b∗i,c · σi,c. Afterwards, the user token bucket shaping rates are

set to their corresponding optimal date rates r∗i,c. Since the user channel

conditions are changing over time and the number of active users is

variable, the optimal shaping rates are changing over time as well.

So the optimization problem needs to be solved periodically and the

optimal shaping rates are updated correspondingly. The performance
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of the proposed method, the complexity of solving the problem and how

often should the shaping rates be updated are investigated in Section

5.4.

5.3.3 Solution for the QoE Based Utility Function

In Section 5.3.1, the problem is formulated and solved in general for

any kind of strict concave functions. A QoE based utility function

which uses the concave part of a sigmoid function (see Figure 4.7) was

studied and applied in Chapter 4. Since the concave part of the sigmoid

function is a strict concave function, theoretically the proposed solution

framework proposed in Section 5.3.1 can be used directly for the QoE

based utility function. The detailed solution process is shown in this

section.

The optimization problem is formulated as follows:

maxU, U =
∑
c

∑
i

ui,c (ri,c) =
∑
c

∑
i

(
A

1+e−αi,c·ri,c
+D

)
s.t. ∀c

∑
i

ri,c
σi,c
≤ Bc;

∑
c

∑
i

ri,c ≤ RS1

∀i, c ri,c ≥ 0

(5.13)

By introducing dual variables, the constraints are relaxed and ab-

sorbed into the optimization target function. Accordingly we get the

Lagrangian dual problem and it is shown as:

min
{λ≥0}


f︷ ︸︸ ︷

max
{r≥0}

{∑
c

∑
i

(
A

1 + e−αi,c·ri,c
+D

)
−
∑
c

λc

(∑
i

ri,c
σi,c
−Bc

)
− λ0

(∑
c

∑
i

ri,c −RS1

)}
(5.14)

Consider the problem f :
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f = max
{r≥0}

{∑
c

∑
i

(
A

1+e−αi,c·ri,c
+D

)
−
∑
c
λc

(∑
i

ri,c
σi,c
−Bc

)
− λ0

(∑
c

∑
i

ri,c −RS1

)}

= max
{r≥0}


∑
c

∑
i


Li,c︷ ︸︸ ︷

A

1 + e
−αi,c·ri,c

+D − ri,c
(
λc
σi,c

+ λ0

)+
∑
c
λc·Bc + λ0 ·RS1


(5.15)

The Hyperbolic tangent of x is defined as: tanhx = ex−e−x
ex+e−x and

it can be deduced that 1
2

(
tanh x

2 + 1
)

= 1
1+e−x . Consequently, the Li

can be represented by a hyperbolic function:

Li,c = A
1+e−αi,c·ri,c

+D − ri,c
(
λc
σi,c

+ λ0

)
= A

2

[
tanh

(αi,c·ri,c
2

)
+ 1
]

+D − ri,c
(
λc
σi,c

+ λ0

) (5.16)

The function L∗i,c is twice differentiable and its second derivative

given below is negative. ∀ri > 0, Li,c is a concave function and has one

and only one maximum L∗i,c.

dLi,c
dri,c

=
A·αi,c

4

[
1− tanh2

(αi,c·ri,c
2

)]
−
(
λc
σi,c

+ λ0

)
d2Li,c
dr2i,c

= −A·αi,c
2

4 tanh
(αi,c·ri,c

2

)
·
[
1− tanh2

(αi,c·ri,c
2

)]
< 0

(5.17)

Li,c reaches its maximum at r∗i,c if
∂Li,c
∂ri,c

(
r∗i,c
)

= 0 and ri,c
∗ ≥ 0.

The formulation of L∗i is shown in eq. (5.18) and the formulation of

the corresponding r∗i,c is shown is eq. (5.19).

L∗i,c = max
ri,c≥0

Li,c =


A
2

[
tanh

(
αi,c·ri,c∗

2

)
+ 1
]

+D − ri,c∗
(
λc
σi,c

+ λ0

)
λc
σi,c

+ λ0 ≤ A·αi,c
4

A
2 +D λc

σi,c
+ λ0 >

A·αi,c
4

(5.18)
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r∗i,c =


2
αi,c

arctanh

√
1−

4
(
λc
σi,c

+λ0

)
A·αi,c

λc
σi,c

+ λ0 ≤ Aαi,c
4

0 λc
σi,c

+ λ0 >
Aαi,c

4

(5.19)

Within each iteration, the subgradient s needs to be updated which

is calculated by eq. (5.20). The subgradient s is a column vector with

Nc + 1 lines. The first element corresponds to the relaxed constraint of

the transport network limitation. The remaining elements correspond

to the relaxed constraints cell bandwidth limitations. Therefore, sup-

pose there are Nc cells sharing the same transport network, there are

Nc + 1 elements in the subgradient vector.

s =



∂f
∂λ0

∂f
∂λ1

∂f
∂λ2

•

•

•
∂f
∂λNc


=



RS1 +
∑
i

∑
c

(
∂L∗i,c
∂λ0

)
B1 +

∑
i

(
∂L∗i,1
∂λ1

)
B2 +

∑
i

(
∂L∗i,2
∂λ2

)
•

•

•

BNc +
∑
i

(
∂L∗i,Nc
∂λNc

)



(5.20)

The formulations of calculating on the partial deviation
∂L∗i,c
∂λ0

and
∂L∗i,c
∂λc

are shown in eq. (5.21). With the subgradient s, the problem

shown in eq. (5.8) is solved by a subgradient projection method to get

the minimum of f which is explained in the Section 5.3.2.
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∂L∗i,c
∂λ0

=

 −
2
αi,c

arctanh

√
1−

4
(
λc
σi,c

+λ0

)
A·αi,c

λc
σi,c

+ λ0 ≤ Aαi,c
4

0 λc
σi,c

+ λ0 >
Aαi,c

4

∂L∗i,c
∂2λc

=

 −
2

αi,c·σi,c arctanh

√
1−

4
(
λc
σi,c

+λ0

)
A·αi,c

λc
σi,c

+ λ0 ≤ Aαi,c
4

0 λc
σi,c

+ λ0 >
Aαi,c

4

(5.21)

5.3.4 A Special Case: Bottleneck only at the Trans-

port Network

The resource management problem is formulated and solved in Section

5.3.1 in general. Section 5.3.3 gives the detailed solutions for a QoE

based utility function. Both the limitations of the transport network

and the cell bandwidth are taken into consideration as constraints in

the optimization problem. Nevertheless, there are two special cases:

• the bottleneck is only at the radio side limited by the cell band-

width;

• the bottleneck is only at the transport network side limited by

the backhaul data rate.

The first case is covered by Chapter 4. The second case is valid

when the backhaul is the major limiting factor which is a typical as-

sumption for femtocells. In 3GPP Release 12 [3GP13], various small

cell enhancements were studied. Owing to the fact that small cells

have very limited coverage and the users are very close to the small cell

stations, very high SINR is potentially available at the end users. Not

surprisingly, the highest supported modulation was increased from 64

QAM to 256 QAM. Combining 256 QAM with advanced 8× 8 MIMO

and Carrier Aggregation up to 5 component carriers in the downlink

direction, a user’s peak downlink data rate can be up to 3.9 Gbps.
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Nevertheless, the femtocells normally use broadband services as back-

haul, e.g. xDSL. According to a recent report in Q3 of 2015 [Tec15],

the global average internet access speed is only 5.1 Mbps. South Korea

has the highest average internet connection speed of 20.5 Mbps. So the

user’s achievable data rate and the cell capacity can be substantially

larger than the backhaul limit in the femtocell scenarios. Therefore, it

is important to study this special case which is useful for the femtocell

scenarios.

Consider the assumption that there is no cell bandwidth limita-

tion, there will be only one constraint. The optimization problem is

formulated in eq. (5.22).

maxU, U =
∑
i

ui (ri) =
∑
i

(
A

1+e−αi·ri
+D

)
s.t.

∑
i

ri ≤ RS1; ∀i ri ≥ 0
(5.22)

Accordingly, there is only one dual variable λ introduced in the

Lagrangian dual problem which is shown in eq. (5.23).

min
{λ≥0}


f︷ ︸︸ ︷

max
{r≥0}

{∑
i

(
A

1 + e−αi·ri
+D

)
− λ

(∑
i

ri −RS1

)} (5.23)

Consider the problem f :

f = max
{r≥0}

{∑
i

(
A

1+e−αi·ri
+D

)
− λ

(∑
i

ri −RS1

)}

= max
{r≥0}


∑
i


Li︷ ︸︸ ︷

A

1 + e−αi·ri
+D − λri

+ λRS1


(5.24)

Li reaches its maximum at r∗i if ∂Li
∂ri

(r∗i ) = 0 and ri
∗ ≥ 0. The
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formulation of L∗i is shown in eq. (5.25) and the formulation of the

corresponding r∗i,c is shown in eq. (5.26).

L∗i = max
ri≥0

Li =


A
2

{
tanh

[
αiri

∗

2

]
+ 1
}

+D − λri∗ ifλ ≤ Aαi
4

A
2 +D ifλ > Aαi

4

(5.25)

r∗i =


2
αi

arctanh
(√

1− 4λ
Aαi

)
ifλ ≤ Aαi

4

0 ifλ > Aαi
4

(5.26)

Let λi = Aαi
4 . Without loss of generality, it is assumed that:

0 ≤ λ1 ≤ λ2 ≤ ... ≤ λN . According to eq. (5.25) and (5.26).

f =



N∑
i=1

{
1

2αi

[
−4arctanh

(√
1− 4λ

Aαi

)
λ+

√
Aαi (Aαi − 4λ) + (A+ 2D)αi

]}
+λRS1 λ ≤ λ1

N∑
i=k+1

{
1

2αi

[
−4arctanh

(√
1− 4λ

Aαi

)
λ+

√
Aαi (Aαi − 4λ) + (A+ 2D)αi

]}
+k
(
A
2 +D

)
+ λRS1 λk < λ ≤ λk+1 ∀k ∈ [1, N − 1]

N
(
A
2 +D

)
+ λRS1 λ > λN

(5.27)

The function f =
∑
i

L∗i + λRS1 is visualized in Figure 5.10:

The function f is continuous. Except at the points where λ =

λi - as shown in Figure 5.10, it is twice differentiable and its second

derivative is non-negative as shown below:

d (dL∗i )

dλ2
i

=


A√

Aαi(Aαi−4λ)λ
≥ 0 if λ ≤ Aαi

4

0 if λ > Aαi
4

(5.28)
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Figure 5.10: Visualization of the function f

d (df)

dλ2
=
∑
i

d (dL∗i )

dλ2
≥ 0 ∀λ (5.29)

Therefore, f has one and only one minimum. Due to the strong

duality, the solution of the dual problem is also the solution of the

primal problem.

In order to find the minimum of f, the interval (λi, λi+1) containing

it needs to be determined. This is done as follows: Let λ0 = 0, at each

λi, starting from i = 0, compute: ∂f
∂λ

∣∣∣
λ=λi+δ

and ∂f
∂λ

∣∣∣
λ=λi−δ

(δ → 0) as

follows:

∂f
∂λ

∣∣∣
λ=λi−δ

=
∑
i

∂L∗i
∂λ

∣∣∣∣
λ=λi−δ

+RS1 =
N∑
k=i

[
− 2
αk

arctanh
(√

1− 4λ
Aαk

)]
+RS1

∂f
∂λ

∣∣∣
λ=λi+δ

=
∑
i

∂L∗i
∂λ

∣∣∣∣
λ=λi+δ

+RS1 =
N∑

k=i+1

[
− 2
αk

arctanh
(√

1− 4λ
Aαk

)]
+RS1

(5.30)

At λ0 = 0, we have: ∂f
∂λ

∣∣∣
λ→0

=
∑
i

∂L∗i
∂λ

∣∣∣∣
λ→0

= −∞

Therefore, if ∂f
∂λ

∣∣∣
λ=λ1−δ

> 0, the minimum is in the interval (0, λ1).

Otherwise,
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• for i > 0, if

(
∂f
∂λ

∣∣∣
λ=λi+δ

)(
∂f
∂λ

∣∣∣
λ=λi−δ

)
< 0, the minimum is at

λi

• if

(
∂f
∂λ

∣∣∣
λ=λi+δ

)(
∂f
∂λ

∣∣∣
λ=λi+1−δ

)
< 0, the minimum is between λi

and λi+1

After determining the interval of the minimum, we solve the fol-

lowing equation to get the λ∗ at which f reaches its minimum:

df

dλ
=

N∑
k=i+1

[
− 2

αk
arctanh

(√
1− 4λ

Aαk

)]
+RS1 = 0 (5.31)

using the bisection method with initial points (λ∗,λi+1). The so-

lution for the primal problem is:

r∗k =

 0 ∀k ≤ i
2
αk

arctanh
(√

1− 4λ∗

Aαk

)
∀i ≤ k ≤ N

(5.32)

5.4 Simulation Scenarios and Results

In this part, the performances of the QoE-DRS framework are evaluated

by simulations and compared to the cases using the legacy algorithm

of Fixed Rate Shaping (FRS) with a fixed maximum bearer rate (UE-

AMBR), which is set to 7.2 Mbps by default since nowadays mobile

operators provide up to a fixed 7.2 Mbps or even higher peak data

rate [Mob15]. Over the air interface, the radio resource scheduler or

MAC scheduler is responsible for scheduling the available air interface

resource in each cell without coordination. GBR traffic (VoIP) is given

to a strict priority over non GBR (video streaming, HTTP and FTP)

traffic. A Longest Waiting-time First (LWF) scheduler is used for GRB
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Table 5.1: General simulation settings

Parameters Settings

Macro eNBs

settings

(fully loaded)

7 eNBs with hexagonal coverage,

500ms inter-eNB distance

(center eNB located at the original point (0m,0m))

Pathloss: 130.5 + 37.6log10(R), R in Km [IR09]

Slow fading: Correlated Log normal, zero mean, 8db std.

and 50 m correlation distance

Small scale fading: 3GPP Pedestrian A

Transmission power: 23dBm per PRB

Femtocell

cluster settings

Building size with 40mx40m, center coordinate:(200m,0m)

3 femtocell station coordinates:

(210m, -10m), (190m, 10m), (210m,10m)

Penetration loss (interference from macro eNBs) over

the wall: 12dB mean with 8dB std.

Pathloss: 41.1 + 16.9*log10(R), R in Km [IR09]

Small scale fading: 3GPP Pedestrian A

Transmission power: 0dBm per PRB

TCP version New Reno with 64Kbytes receiver buffer size

Traffic types

VoIP: GSM EFR, codec rate 12.2 kbps

Video Streaming: TCP based full buffer streaming

HTTP: 2MB page size, Inter arrival time:

exp. distributed with mean: 50s

FTP: 10MB file size, Inter arrival time:

exp. distributed with mean: 50s

Mobility model 5Km/h,Random waypoint

aGW shaper
Token Bucket algorithm, maximum

token bucket size: 64KB

Transport limitation
16Mbps or 6 Mbps (aGW to femtocell cluster);

1Mbytes buffer size

Number of PRBs 25 PRBs (5MHz spectrum at 2.6 GHz)

Simulation time
1000s (5 runs with different seeds)

with warm up period of 300s
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Figure 5.11: LTE femtocell cluster simulation model

traffic while a typical Proportional Fair (PF) scheduler is employed for

the non-GBR traffic.

5.4.1 Lightly Loaded Scenario – Scenario 1

Figure 5.12 and 5.13 show the application performance and their corre-

sponding MOS (the error bars show the 95% confidence interval) for the

lightly loaded scenario. Since the VoIP users only consume very little

amount of resources and they are prioritized throughout the network,

the voice packet end-to-end delays (including coding, decoding and de-

jittering delay) are the same with FRS and QoE-DRS. Regarding to

the non-GBR traffic, with QoE-DRS the video streaming performance

is reduced since its data rate is limited by shaping rate. Nevertheless,
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Table 5.2: Scenario settings (scenario 1 to 3)

Transport link

limitation
Number of UEs

Scenario 1
16 Mbps

10 voips + 3 video in cell 1

3 HTTP in cell 2

3 FTP in cell 3

Scenario 2 10 voips + 10 video in cell 1

10 HTTP in ell 2

10 FTP in cell 3Scenario 3 6 Mbps

HTTP and FTP users get more resources and the download response

times are reduced dramatically. Correspondingly, the MOS of FTP

and HTTP users are improved significantly with QoE-DRS. Though

achieving less data rate with QoE-DRS, the MOS of video streaming

users nearly remain the same. The reason is that the video MOS has

non-linear relation with the data rates. Thus the video users can re-

main satisfied with even less amount of resources as seen from Figure

4.11. With little performance degradation of video users, the satisfac-

tions of HTTP and FTP users are improved significantly. Therefore,

the aggregated non-GBR user satisfaction in term of MOS is increased

from 35.6 to 40.6 shown in Figure 5.13. Considering the minimum

MOS value (scaling between 1 and 5) of each user is 1, the gain (G)

is around 18.8% calculated based on eq. (5.33), which is already used

in 4. MOS2 and MOS1 represents the aggregated MOS for all the

non GRB users with QoE-DRS and FRS, and N represents the total

number of non GBR users.

G = (MOS2−N ·1)−(MOS1−N ·1)
(MOS1−N ·1) · 100% = MOS2−MOS1

(MOS1−N) · 100%

(5.33)
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Figure 5.12: Application performance comparison for lightly
loaded scenario
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Figure 5.13: MOS comparison for lightly loaded scenario
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5.4.2 Heavily Loaded Scenario – Scenario 2

Figure 5.14 and 5.15 show the system performance with increased load.

Different from the lightly load scenario, the video users’ QoE is im-

proved with QoE-DRS. Video and HTTP users are getting more re-

sources from FTP users. That is because with low data rate, video

users have the highest marginal MOS, which is the first order deriva-

tive of the MOS curve over throughput, while the FTP user has the

lowest. The FTP users need more resources to get the same satisfaction

level as video and HTTP users. From Figure 5.15, it can be seen, both

video and HTTP users have significantly better MOS with QoE-DRS.

FTP users have slightly worse MOS with QoE-DRS, but the FTP users

have very low MOS and they are not satisfied even with FRS. The ag-

gregated MOS of non GBR users is increased from 77.8 to 84.3 which

is 13.6%.
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Figure 5.14: Application performance comparison for heavily
loaded scenariol
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Figure 5.15: MOS comparison for heavily loaded scenario

5.4.3 Very Heavily Congested Scenario

– Scenario 3

In scenario 3, the transport link is limited to 6 Mbps instead of 16

Mbps in scenario 2. As a result, the user plane is very congested. In

this situation, the video users get most of the resources with QoE-DRS

since they could be satisfied with little amount of resource. Figure 5.16

shows that HTTP and FTP users nearly cannot get any resources while

video users still have very high MOS. With FRS, there is no service

differentiation for the users with different applications since the AMBR

is very high and it does not play a role. In addition, the TCP flows

tend to have the equal share of the bottleneck link capacity. Therefore,

the users with different applications have similar throughout, but their

user satisfactions differ significantly. None of the users have a MOS

over 3 which means that all users have poor user experiences. With

QoE-DRS, most of resources are given to video streaming users and

they achieve good user experiences since their MOS values are close to

4. The HTTP users and FTP users have poor user experiences with
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both approaches. The aggregated MOS of non-GBR users is increased

from 55.5 to 63.5 which has a gain of 31.4%.
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Figure 5.16: MOS comparison for very heavily congested loaded
scenario

In all the investigated scenarios, the aggregated MOS with QoE-

DRS is higher than FRS since the proposed QoE-based bearer shaping

algorithm can dynamically and periodically adjust the shaping rate

with the purpose of maximizing the aggregated user MOS for a cell

cluster.

5.4.4 Discussion on the Complexity of the Proposed

Algorithm

It is quite obvious that the QoE-DRS algorithm is able to make service

differentiation, i.e. the resources are allocated to different services in a

way to maximize the aggregated user satisfaction. However, in practice,

it might be quite difficult to re-calculate the optimal shaping rates every

1ms. One reason is it might not be enough CPU power to solve the

optimization problem in 1ms. Figure 5.17 shows that, under scenario
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Figure 5.17: Number of iterations needed to get convergent

1 and 2, most of the cases (more than 97%), the optimal solution can

be found with only 100 iterations which is solvable on a million second

basis (less than 0.1 ms observed by simulation with Intel Core i7-3960X

[Int16]). However, it might need a longer time to get convergent with

sub-gradient method in rare cases. In scenario 3, when there are many

active users and the transport link is very congested, it needs a lot

more iterations to get the optimal results. Therefore the optimization

problem might be not solvable on a millisecond basis. In the following

section, a discussion on the impact of shaping rate time interval is

presented (the time interval to calculate the shaping rates by solving

an optimization problem). In addition, efficient heuristics with reduced

complexity are proposed and evaluated against the QoE-DRS method

in Section 5.5.



5.4 Simulation Scenarios and Results 139

5.4.5 Discussion on the Shaping Rate Update In-

terval (Based on Scenario 1)
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Figure 5.18: MOS comparison for variable shaping rate update
interval

In reality, the optimization might not be done on 1ms basis, espe-

cially in large scale networks with a very large number of users under

very congested scenarios. Besides, exhaustive signaling is needed on

uplink to carry the user radio channel information when the shaping

rate updates every 1ms. It is motivated to study the impact on the sys-

tem performance when the optimal shaping rates are recalculated on

longer time intervals. Figure 5.18 compares the performance with vari-

able shaping rate update intervals based on scenario 1. With the 100ms

update interval, the performance nearly remains the same as 1ms, and

with 1s interval, slightly performance degradation can be seen. How-

ever, as expected, significant performance degradation is observed with

10s interval. Because the radio channel information is quite outdated

after a long time. Besides, many users may become active or inactive
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within this long period. As a result, the 100ms shaping update interval

is favored from the investigation.

To be noticed, the signaling delay of the user channel information

report on the uplink is not been considered in the investigation so far.

One additional simulation with 5ms uplink signaling delay (from eNB

to EPC, see 100ms* in Figure 5.18) is been studied with 100ms shaping

update interval. The results show that the performance degradation is

neglectable with 5ms uplink delay.

5.4.6 Coexistence with Transport Scheduler

As discussed in Section 5.1.2, the transport scheduler and shaper can

provide service differentiation over the transport network. For example

in general, the GBR traffic is mapped to the EF PHBs with highest

priority. The best effort traffic is mapped to the BE PHB with lowest

priority and the rest traffic is mapped to AF PHBs. In case of non-ideal

transport network, the transport scheduler and shaper is responsible for

deciding how different PHBs share the limited resources according to

the QoS settings for different PHBs, e.g. weight settings and discarding

mechanisms.

The transport scheduler is able to differentiate services per PHB

class based according to the configurations. Nevertheless, the service

differentiation is done in a fixed manner. For example, the weight set-

tings are fixed in traditional transport scheduler, e.g. WFQ scheduler.

Besides, unlike the proposed QoE-FRS which shapes and differentiates

the traffic per bearer based, it cannot differentiate the traffic within the

same PHB. For instance, many applications might be mapped to BE

PHB and therefore they will receive the same treatment by the trans-

port scheduler. Nevertheless, the proposed QoE-FRS is a function in

the core network and can co-exist with the transport scheduler. On

the downlink direction, the proposed QoE-FRS is supposed to shape

the overall traffic, according to the transport and radio capacities prior

of the transport and radio access network. As a result, the QoE-FRS
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can leverage the resource management in LTE Radio Access Network

(RAN) and transport network theoretically since they are not congested

on the downlink direction.

Table 5.3: Scenario settings (coexistence with transport sched-
uler)

Method
Core Network Transport Network

Shaping PHB Settings Weight

WFQ 1

FRS

Video: AF21

HTTP: AF11

FTP: BE

AF21: 100

AF11: 10

BE: 1

WFQ 2

AF21: 3

AF11: 2

BE: 1

SQ
All mapped to BE -

QoE-DRS QoE-DRS

Table 5.3 shows the PHB mappings and WFQ transport scheduler

weight settings used in the simulation. The single queue (SQ) has been

used in the simulations of previous sections as well that all the traffic

is mapped to the same PHB. In WFQ 1 and 2, video streaming, HTTP

and FTP are mapped to AF21, AF11 and BE PHB correspondingly.

Among the three PHBs, AF21 is given the highest weight and BE the

lowest. In WFQ 1, the weights of three PHBs are set to 100:10:1. The

weight differences are very high that the AF21 PHB’s throughput is

100 times as high as BE PHB and 10 times as AF11 in case that there

are enough packets in the buffer of all three PHBs. In WFQ 2, the

weight differences are smaller comparing to WFQ 1. The legacy FRS

is used to shape the bearers according to their maximum bearer rates.

The performance of these methods is compared against the proposed

QoE-DRS mechanism based on the scenario 1 to 3. In the QoE-DRS

method, all the traffic is mapped to the BE PHB for demonstration.
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Nevertheless, with the proposed QoE-DRS in the core network, the

traffic is shaped according to the transport and radio access network

capacities. The resource management in transport and access network

can be leveraged.
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Figure 5.19: MOS comparison for lightly loaded scenario, with
transport scheduler
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Figure 5.20: MOS comparison for heavily loaded scenario, with
transport scheduler
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Figure 5.21: MOS comparison for very heavily congested sce-
nario, with transport scheduler

Figure 5.19 - 5.21 compare the MOS with the four methods for

all three scenarios. In this part, the full buffer mode is used for all

the users that all the applications are set to active all the time by

setting the idle time to zero. It can been seen from the three figures,

the QoE-DRS method achieves the highest aggregated MOS for all

the scenarios as expected. The proposed QoE-DRS can dynamically

differentiate the traffic in a smarter way based on the optimal bearer

rates calculated by solving the optimization problem. As referred to

the legacy transport scheduler methods, the performance regarding to

aggregated MOS differs with different scenarios. With SQ method,

theoretically, all the users with different applications will have the same

throughput. Due to no service differentiation, all the TCP flows tend

to have a fair share of the network capacity. In the lighted loaded

scenario, the SQ performs better than WFQ 1 and 2. Because the video

streaming users are already very satisfied, allocating more resources to

video streaming users will reduce the throughput of HTTP and FTP

users, and therefore degrade the aggregated MOS by WFQ 1 and 2.
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With increasing traffic load on the network, WFQ 2 becomes better

than SP and WFQ 1. In this heavily loaded scenario, the FTP users can

not be satisfied in any case. Therefore, allocate more resources to video

streaming users and HTTP users will help to increase the aggregated

MOS. Nevertheless, the WFQ 1 still allocate too much resource to video

users comparing to WFQ 2. In scenario 3, the transport network is very

congested, and WFQ 2 outperform WFQ 1 and SP methods. In this

case, most of the resources should be allocated to the video streaming

users since the video streaming users need less amount of resources to

get a relatively high MOS.

5.5 Heuristic Design

Although the optimal bearer shaping method can be generalized for

LTE networks, the performance evaluation focuses only on the femtocell

scenarios. However, a large scale network often serves hundreds of users

and solving the optimization problem may not be feasible. In order

to apply the proposed approach in large scale networks, efficient radio

scheduling heuristic algorithms are developed with reduced complexity.

Figure 5.22 shows the flow chart of the proposed QoE-based sched-

uler. The scheduling is performed periodically every 1 ms in each cell.

The retransmission users are assured with highest priority. If any re-

sources left, the resources are allocated to the active users in an it-

erative manner. This iterative method was proven optimal given full

buffer assumption and without transmission error in Chapter 4 without

transport limitations.

Two heuristics methods (different only on the priority factor for

scheduling) are proposed in this section. The method 1 is based on the

marginal QoE by getting one additional PRB which is used in Chapter

4. Besides, the method 2 is proposed by taking the marginal QoE and

the channel quality coefficient (σ, introduced in Chapter 4.2.4) into

consideration. The purpose is to allocate the PRB to the user with
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highest marginal QoE to channel quality ratio. In case the transport

network is a major bottleneck, the channel quality is becoming less

critical in radio scheduling. The resource is preferred to allocate to the

user with high marginal QoE but putting less traffic on the bottleneck

link. The detailed scheduling procedures are summarized as follows:

1. For each cell, initialize the candidates’ list. They are inserted into

two lists:

• HARQ list for the users with pending retransmission, which

means the users experienced transmission errors 8 TTIs ear-

lier;

• new users list for the active users, which have packets/seg-

ments in PDCP/RLC buffers.

2. In all cells, the retransmission users are granted with highest pri-

ority. The users will be allocated with the same amount of PRBs

as they got for the last unsuccessful transmissions.

3. If any PRBs left, the new users in list b are taken into consid-

eration for scheduling. The effective SINR for each user i is cal-

culated based on the EESM SINR mapping method. Therefore,

the MCS is determined correspondingly and the MCS dependent

indicator σi is obtained. The priority factor for each user i by

getting a PRB is calculated by:

Heuristic method 1 mi,c = ui,c (ni,c + 1)− ui,c (ni,c)

Heuristic method 2 mi,c =
ui,c(ni,c+1)−ui,c(ni,c)

σi,c

where ni,c is initialize as 0 for all the users. In this work, the de-

fault utility function is ui,c (ri,c) = A
1+e−αi,c·ri,c

+B = A

1+e−αi,c·bi,c·σi,c
+

B. So the mi,c is initialize as:
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Figure 5.22: Flow chart of the proposed QoE-based scheduler
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mi,c =
A

1 + e−αi,c·0.18·σi,c
− A

2

4. Empty the candidate list in the cells with 0 PRB. If the candidate

list is not empty in any cells, then go to step 5; otherwise complete

the scheduling in this TTI.

5. The user k in cell l that has the highest priority factor will get

one PRB. The variable nk indicating that the number of allocated

to user k is updated to 1. The TBS of user k is updated and

compared with the total buffer size (PDCP+RLC layer buffer).

The priority factor of user k in cell l is updated by the formula

below.

Heuristic method 1 mk,l = u
k,l

(nk,l + 1)− uk,l (nk,l)

Heuristic method 2 mk,l =
u
k,l

(nk,l+1)−uk,l(nk,l)
σi,c

• If the current TBS can empty the buffer in this TTI, then

the user k is served with the current TBS. Afterwards, the

user k will be removed from the list b which means the radio

resource allocation process for the user is finished. Then go

to step 6;

• Otherwise, go to step 6 directly.

6. Update the estimated achievable S1 throughput:

rest = rest + 0.18 · σk,l

rest (initial value is set to 0 Mbps) is the estimated achievable

S1 throughput with the unit of Mbps considering that the band-

width of a PRB is 0.18 MHz. σk,l is the channel quality related
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coefficient for user k in cell l who gets a PRB in the current iter-

ation. To be noticed, since the transmission is unpredictable, the

throughput estimation is updated no matter the current trans-

mission is successful or not. However, the retransmissions are not

been taken into account. Therefore, all successful transmissions

are counted for only one time.

• If rest ≥ RS1, go to step 9;

• b) Otherwise, go to step 7.

7. Check whether there are any users and PRBs left in cell l.

• If there is no remaining user in the candidate list, then go

to step 8;

• In case the candidate list is not empty, if there is no PRBs

left in cell, then serve the remaining users in cell l and empty

its candidate list.

8. Check whether there are any users and PRBs left in all cells.

• If there are any users and any PRBs left, then go to step 5;

• Otherwise, go to step 9.

9. Serve the remaining users in the candidate lists in all the cells

based on the TBS sizes. The scheduling process for the current

TTI is finished.

5.5.1 Simulation Results

5.5.1.1 Single Cell Scenario

In this part, the performance of the proposed heuristic is evaluated

by simulations and compared to the solution of the optimization prob-

lem. Besides, the heuristic without considering the transport limitation

(marked as w/o S1) is added for comparison. It is been proven that
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Table 5.4: Scenario settings (single cell scenario)

Number of UEs

in femtocell
4 Video users, 2 Web users, 2 FTP users

Traffic type

Video: full buffer, TCP based

HTTP: 2 MB pagesize, reading time is 0s

FTP: 10 MB pagesize, idle (reading) time is 0s

Transport limitation 16 Mbps, FIFO queue, 1 Mbytes buffer size

Number of PRBs 50 PRBs (10 MHz)

without transport limitations, the heuristic is optimal (see Chapter 4).

As a result, it is meaningful to check the performance in case of trans-

port limitation.

0.75 1.5 2 3

video streaming data rate (Mbps)

3

6

8

12

HTTP page response time (sec)

12

24

32

48

FTP file download response time (sec)

Heuristic 1 w/o S1
Heuristic 1
Heuristic 2
QoE-DRS

Figure 5.23: Application performance comparison

Figure 5.23 and Figure 5.24 show the application performance and

their corresponding MOS (the error bars show the 95% confidence inter-

val). Figure 5.24 shows the average user QoE calculated over multiple
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samples. For each sample, the MOS is calculated based on a 5 seconds

batch mean of the throughput since the human beings have the sense of

user satisfaction in seconds instead of milliseconds [Shn84]. The error

bars show the 95% confidence intervals, but they are very small and

hardly visible. Considering the minimum MOS value (scaling between

1 and 5) of each user is 1, the gain is calculated based on (5.33).
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Figure 5.24: MOS comparison

For all three types of users, the application performance applying

the heuristic approaches and the optimal approach is quite close (the

three triangles shown in Figure 5.23). Looking at the video streaming

users, using the Lagrangian method and the proposed heuristic, the

video streaming data rates are reduced significantly compared to the

heuristic without the awareness of the transport limitation. However,

the MOS of video streaming users nearly remain the same as seen from

Figure 5.24. The reason is that the video MOS has non-linear relation

with the data rates. Thus, the video users can remain satisfied even

with the less amount of resources. For example, the video streaming

data rate is reduced from 2.08 Mbps with the heuristic without the

awareness of the transport limitation to 1.01 Mbps with Lagrangian
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method, while the corresponding’s MOS is only reduced from 4.41 to

4.3. For the heuristic without the awareness of the transport limitation,

it has been observed that it allocates too much air interface resources to

the users which put excessive traffic to the transport network and cause

the congestion. Due to the TCP congestion control, the TCP flows tend

to have the equal share over the congested link. Consequently, video

users have MOS around 4.4 while the FTP user has a MOS around 2.7.

On the contrary, the HTTP and FTP users get more resources and the

download response times are reduced dramatically for the Lagrangian

method and proposed heuristic. With little performance degradation

of video users, the satisfactions of HTTP and FTP users are improved

significantly. For instance, the FTP file download time is reduced from

42.1 seconds with the heuristic without the awareness of the transport

limitation to 28.8 seconds with proposed heuristic and 24.2 seconds

with Lagrangian method, while the corresponding’s MOS is increased

from 2.77 to 3.43 and 3.71 separately. Regarding to the aggregated

QoE, the proposed heuristic achieves 32.2 while the Lagrangian method

gives 32.6 and the gain is around 1.5% based on formula 7. The gain is

around 11.1% for the Lagrangian method against the proposed heuristic

without the awareness of the transport limitation.

5.5.1.2 Multiple Cells Scenario - Asymmetric Cell Loads

In this part, the performances of the proposed heuristics are compared

against the optimal bound obtained by the optimization model. Be-

sides, the modified heuristic 1 without considering the transport lim-

itation (marked as w/o S1) is added for comparison. The simulation

results of heuristic 2 w/o S1 has similar performance as heuristic 1 w/o

S1 and they are omitted in the work.

Figure 5.25 shows the average user MOS of all users in the femtocell

cluster. For each user, the average MOS is a mean value over multiple

samples. The 95% confidence intervals are shown with error bars, but

they are very small and hardly visible. The figure shows that both
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Table 5.5: Scenario settings
(multiple cells scenario - asymmetric cell loads)

Number of UEs

in femtocell cluster

8 Video users in cell 1, 4 Web users in cell 2,

4 FTP users in cell 3

Traffic type

Video: full buffer, TCP based

HTTP: 2 MB pagesize, reading time is 0s

FTP: 10 MB pagesize, idle (reading) time is 0s

Transport limitation 32 Mbps, FIFO queue, 1 Mbytes buffer size

Number of PRBs 50 PRBs (10 MHz)

heuristic 1 and 2 achieve close to optimal bound results while heuristic 2

is slightly better than heuristic 1, and they all outperform the heuristic

without the awareness of the transport limitations.

In order to evaluate our proposed algorithm, the 
corresponding radio resource allocation algorithms presented 
in Section III are implemented.  The following investigations 
are based on the simulation settings given in TABLE II.  

TABLE II. SIMULATION SETTINGS 

Parameter Settings 

Macro eNBs (cells) 
settings (fully 

loaded) 

7 eNBs with hexagonal coverage, 500ms inter-
eNB distance (center eNB located at the original 

point (0m, 0m)) 

Path loss: 130.5 + 37.6log10(R), R in Km [15] 
Small scale fading: 3GPP Pedestrian A 

Transmission power: 26dBm per PRB 

Femtocell cluster 
settings 

Building size with 40mx40m, center coordinate: 
(200m,0m) 

3 femtocell station coordinates: 

(210m, -10m), (190m, 10m), (210m,10m) 
Penetration loss (interference from macro 

eNBs) over the wall: 12dB mean with 8dB std. 

Path loss: 41.1 + 16.9*log10(R), R in Km [15] 
Small scale fading: 3GPP Pedestrian A 

Transmission power: -7dBm per PRB 

Number of UEs in 

femtocell cluster 

8 Video users in cell 1, 4 Web user in cell 2, 

4 FTP user in cell 3 

TCP version New Reno with 64Kbytes receiver buffer size 

Traffic type TCP based 

Mobility model 5Km/h, Random Direction 

Transport limitation  32Mbps (aGW->femtocell cluster) 

5Mbytes buffer size 

Number of PRBs  50 PRBs (10MHz spectrum at 2.6 GHz) 

Simulation time 1000s (5 runs with different seeds) with warm 

up period of 150s 

B. QoE Functions

Fig. 6. QoE functions used in the simulation 

 Theoretically, the proposed approaches are applicable to 

any kind of concave functions. In this paper, we use the 

concave part of a sigmoid function shown in (6) is applied as 

the QoE function. The sigmoid function is very convenient 

to model the MOS due to its convergence, since MOS is 

bounded to 5. The video and the web curves shown in Fig. 2 

based on the ITU-T reports [9], [11] are considered. By 

curve fitting, the parameters for different traffic types can be 

found which are shown in TABLE III. The QoE functions 

are plotted in Fig. 6. 
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TABLE III. PARAMETERS FOR QOE FUNCTIONS 

A B α 

Video 6.98 -2.453 1.838 

Web 5.815 -1.735 1.294 

FTP 8 -3 0.5 

C. Simulation Results

In this part, the performances of the proposed heuristics
are compared against the optimal bound obtained by the 
optimization model. Besides, the modified heuristic 1 
without considering the transport limitation (marked as w/o 
S1) is added for comparison. Heuristic 2 w/o S1 have similar 
performance as heuristic 1 w/o S1 from the simulation and 
they are omitted in the paper.  

Fig. 7 shows the average user MOS of all users in the 
femtocell cluster. For each user, the average MOS is a mean 
value over multiple samples. For each sample, the MOS is 
calculated based on 1 second batch mean of the throughput 
since the human beings have the sense of user satisfaction in 
seconds instead of milliseconds. The 95% confidence 
intervals are shown with error bars, but they are very small 
and hardly visible. The figure shows that both heuristic 1 and 
2 achieve close to optimal bound results while heuristic 2 is 
slightly better than heuristic 1, and they all outperform the 
heuristic without the awareness of the transport limitations. 

Fig. 7. Average MOS of all users 

Although the average MOS of all users do not differ so 

much among the heuristics, the performance of different user 

types are quite different which can be seen from the 

Complementary CDF (CCDF) curves in Fig. 8. From the 

figure, with the heuristic 1 w/o S1, the video users get the 

best performance while the FTP users get worst. It is been 

observed that it allocates too much air interface resources to 

the users which put too much traffics to the transport 

network and cause the congestion. Due to the TCP 

congestion control, the TCP flows tend to have the equal 

amount of share over the congested link. Thus the video 

users are very satisfied that their average MOS is over 4.3, 

but the FTP users only get an average MOS around 3. The 

optimal solution offload some resources from video users to 

FTP users, and their average MOS increased to 3.9 from 3 

while the video users’ MOS only decreased by less than 0.1. 
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Figure 5.25: Average MOS of all users

Although the average MOS of all users do not differ so much among

the heuristics, the performance of different user types is quite different

which can be seen from the Complementary CDF (CCDF) curves in

Figure 5.26. From the figure, with the heuristic 1 w/o S1, the video

users get the best performance while the FTP users get worst. The
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transport network is overloaded for the same reason explained the the

single cell scenario. Due to the TCP congestion control, the TCP flows

tend to have the equal amount of shares over the congested link. Thus

the video users are very satisfied that their average MOS is over 4.3,

but the FTP users only get an average MOS around 3. The optimal

solution offloads some resources from video users to FTP users, and

their average MOS increased to 3.9 from 3 while the video users’ MOS

only decreased by less than 0.1. With little performance degradation

on the video users, the FTP user gets more satisfied.

With scarifying the performance slightly on the video users,

the FTP user gets more satisfied. 

Fig. 8. CCDF curves for different type of users 

Both heuristic 1 and 2 show similar trends as the optimal 
solution. The detailed statistics of FTP users are summarized
in TABLE IV. Heuristic 1 has closer average MOS to
optimal solution than heuristic 2. However, the heuristic 1 
has the worst performance on the 5th percentile CDF of MOS 
(95th percentile CCDF), which represents the worse 5% cases. 
Besides, the heuristic 1 has the largest standard deviation 
indicating the MOS fluctuates more. Additionally, heuristic 1 
has the worst performance on the 5th percentile CDF of MOS 
for video and web users as well. Heuristic 2 outperform
heuristic 1 regarding to both the stability and the average
MOS in the cluster. Therefore, heuristic 2 is recommended
based on the analysis. 

TABLE IV. STATISTICS OF FTP USERS 

5th percentile 
CDF of MOS 

Average
MOS 

std. 

Heuristic 1 w/o S1 2.82 3.03 0.13 

Heuristic 1 2.92 3.82 0.41 

Heuristic 2 3.37 3.73 0.18 

Optimal bound 3.55 3.88 0.17 

V. CONCLUSION AND FUTURE WORK 

The paper proposed a new approach to solve the QoE-
based resource allocation problem in LTE femtocell cluster. 
The innovation of this research is to simultaneously allocate 
resources to users in multiple cells that share a limited- 
capacity transport network. We first modeled the problem
using convex optimization and solved it with Lagrangian

relaxation method. This analytical solution was considered as 
the benchmark for our two new designed heuristics. The
analytical solution and heuristic algorithms were 
implemented in the LTE simulation model with three
different traffic types i.e. video, web and FTP. The
simulation results showed that both heuristic 1 and 2 provide 
a better QoE for FTP users compared to the conventional 
resource allocation approach, in which the transport network 
is not taken into account. Furthermore, heuristic 2 has a 
better stability performance than 1 and results in a solution
very close to the theoretical optimal bound. Therefore it is
highly recommended.  

In this paper, we only consider rate sensitive elastic 
traffic. For future work, the extension to real-time delay 
sensitive traffic is studied. 
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Figure 5.26: CCDF curves for different type of users

Both heuristic 1 and 2 show similar trends as the optimal solu-

tion. The detailed statistics of FTP users are summarized in Table

5.6. Heuristic 1 has closer average MOS to the optimal solution than
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heuristic 2. However, the heuristic 1 has the worst performance on the

5th percentile CDF of MOS (95th percentile CCDF), which represents

the worst 5% cases. Besides, the heuristic 1 has the largest standard

deviation indicating the MOS fluctuates more. Additionally, heuristic 1

has the worst performance on the 5th percentile CDF of MOS for video

and web users as well. Heuristic 2 outperform heuristic 1 regarding

to both the stability and the average MOS in the cluster. Therefore,

heuristic 2 is recommended based on the analysis. More discussions

will be given with the following scenarios.

Table 5.6: Statistics of FTP users

5th percentile

CDF of MOS

Average

MOS
std.

Heuristic 1 w/o S1 2.82 3.03 0.13

Heuristic 1 2.92 3.82 0.41

Heuristic 2 3.37 3.73 0.18

QoE-DRS 3.55 3.88 0.17

5.5.1.3 Multiple Cells Scenarios - Varying Traffic Load

In the last scenario, the performance of the proposed heuristics as well

as the QoE-FRS mechanism are evaluated in an asymmetric scenario

that there are different user types in different cells. In this part, the

performance of the proposed heuristics is studied in several symmetric

scenarios which were used to in Section 5.4.

Figure 5.27 and 5.28 show the application performance and their

corresponding MOS for the lightly loaded scenario (scenario 1). The

VoIP users consume very little amount of resources and they are pri-

oritized throughout the network. As expected, the VoIP users are very

satisfied for all of the schemes. As referred to the non-GBR traffic, with

the heuristic 1 w/o S1, different users tend to get the same amount of

data rate due to the congestion on the transport link. As stated in
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Figure 5.27: Application performance comparison for lightly
loaded scenario

the last scenario, it allocates too much air interface resources to the

users, which put too much traffic to the transport network and triggers

TCP congestion control. On the contrary, with QoE-DRS, the video

streaming data rate is reduced since its data rate is limited by shaping

rate. Therefore, HTTP and FTP users could get more resources and

the download response times are reduced substantially. The MOS of

HTTP and FTP users are improved dramatically accordingly. With

QoE-DRS, different users share the transport and air interface capac-

ities in a dynamic and smart way. The satisfaction levels of HTTP

and FTP users are improved significantly with only little performance

degradation of the video users. Therefore, it managed to achieve the

highest aggregated MOS over all the non-GBR users among the four

schemes. The two proposed heuristics tend to allocate the resources in

a similar way as the QoE-DRS that the HTTP and FTP users are given

more resources by suppressing the data rates of the video users. The

performance of the two heuristics are nearly the same. The aggregated
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MOS is increased from 35.9 with heuristic 1 w/o S1 to 38.4 for both

heuristics. Nevertheless, it is still worse than QoE-DRS which has an

aggregated MOS of 40.7.
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Figure 5.28: MOS comparison for lightly loaded scenario
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Figure 5.29: Application performance comparison for heavily
loaded scenario
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Figure 5.29 and 5.30 compare the system performance for the sce-

nario 2 with increased load. Unlike the lightly loaded scenario, the

FTP users’ MOS is getting worse with QoE-DRS and the two heuris-

tics comparing to the heuristic 1 w/o S1. This is because with increased

number of users, it is not possible to satisfy all the users at the same

time. The FTP users cannot be satisfied anyway, since they need more

resources to achieve the same MOS comparing to video and HTTP

users. Therefore, more resources are given to video and HTTP users

since they need less resources to achieve a high MOS. Correspondingly,

both the two heuristics and QoE-DRS obtained a higher aggregated

MOS comparing to heuristic 1 w/o S1. QoE-DRS is still the best op-

tion achieving highest aggregated MOS. Between the two heuristics,

heuristic 2 is better than heuristic 1, Both heuristics can fully utilize

the transport link. But in heuristic 2, the user is prioritized based on

the utility gain over the channel quality coefficient σ (σ is bigger with

a better channel condition), while it is based only on the utility gain in

heuristic 1. Therefore heuristic 2 gives higher priority to the user with

a higher utility gain while putting less data on the congested transport

link in each iteration when allocating PRBs to the users. The heuristic

1, however, only considers the marginal utility gain by getting an ad-

ditional PRB. So heuristic 2 uses more air resources then heuristic 1.

The aggregated MOS of non GBR users is increased from 77.8 to 83.3

with heuristic 2 and 84.3 with QoE-DRS.

In scenario 3, the transport link is limited to 6 Mbps instead of 16

Mbps in scenario 2 which means the transport link is very congested.

Therefore in this scenario, the video users get most of the resources with

QoE-DRS since the video users could be satisfied with little amount of

resources. Figure 5.30 shows the HTTP and FTP users could hardly

get any resources while the video users can still get very high MOS

with QoE-DRS. Heuristic 2 has nearly the same performance as QoE-

DRS. The aggregated MOS of non-GBR users is increased from 55.5

with heuristic 1 w/o S1 to 63.5 with heuristic 2 and QoE which has a
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Figure 5.30: MOS comparison for heavily loaded scenario

gain of 31.4%. The heuristic 1 has an aggregated MOS of 61.9 which

is slightly worse than heuristic 2 and QoE-DRS.
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Figure 5.31: MOS comparison for very heavily congested loaded
scenario

In all the investigated scenarios, QoE-DRS shows the best per-

formance since it can dynamically and periodically adjust the shaping

rate with the purpose of maximizing the aggregated user MOS for a cell
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cluster. The proposed heuristic 1 w/o S1 behaves like the legacy PF

scheduler that different users are getting the same amount of resources

and therefore achieving the same data rate in long time average. Both

heuristic 1 and 2 improve the system performance regarding to the

aggregated MOS. Nevertheless, the heuristic 2 outperforms the heuris-

tic 1 in the highly loaded and congested scenarios. Especially in the

congested scenario, heuristic 2 has similar performance as the QoE-

DRS mechanism. Therefore, heuristic 2 is highly recommended for the

scenarios, providing the transport link is the major bottleneck.

5.6 Summary

In this chapter, a new resource management approach to dynamically

set optimized EPS bearer shaping rates considering the limitations of

both the air interface and the transport network is proposed, which

maximizes the aggregated QoE in a cell cluster. This approach dy-

namically shares the transport link capacity among users according to

their service types. Some typical scenarios, including femtocell clus-

ters, multiple cells in an eNB and LTE C-RAN, are introduced. The

problem is proven to be a concave optimization problem and is solved

by Lagrangian relaxation. By numerous simulations, the proposed ap-

proach results in significant performance gain, with regard to the ag-

gregated MOS, especially in case of heavy link congestion on the trans-

port network in the investigated scenarios. Besides, the traffic shaping

is done at the core network, and it is proven that the proposed shaping

method can coexist with the existing resource management schemes at

the transport network, e.g. transport network scheduler.

In order to apply this approach in real-time, the complexity of

this approach is studied. The investigation suggests that an optimum

periodic time interval shall be chosen as a tradeoff of signaling over-

head, computation effort and achievable performance. In addition, two

efficient heuristic algorithms (different only on the priority factor for
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scheduling) with reduced complexity are developed for the large scale

networks. Between the two heuristics, heuristic 2 is better than heuris-

tic 1 and close to the optimal shaping method when the transport link

is a major bottleneck. Both heuristics can fully utilize the transport

link. But heuristic 2 uses more radio resources then heuristic 1. In

heuristic 2, the user is prioritized based on the utility gain over the

channel quality coefficient σ (σ is bigger with a better channel condi-

tion), while it is based only on the utility gain in heuristic 1. Therefore

heuristic 2 is highly recommended.



Chapter 6

Conclusion

The thesis is targeted to enhance the resource management in LTE,

with special focus on improving the end users’ QoE. Firstly, the work

focuses on enhancing the radio resource scheduling which is one of the

most important research topics in LTE. A utility based optimal radio

resource scheduling framework is proposed, which maximize the aggre-

gated QoE in a cell. Secondly, the work is extended to consider both

radio interface and transport backhaul limitations, which is specially

useful for the scenarios with limited backhaul, e.g. the femtocells. A

joint radio and transport optimized resource management scheme is

proposed, which maximizes the aggregated QoE in a cell cluster which

shares the same backhaul. Moreover, efficient heuristics with reduced

complexity are proposed and evaluated.

The main work starts with an implementation of a comprehensive

LTE simulation model with necessary details based on the discrete-

event-based simulator OPNET Modeler in Chapter 3. The implementa-

tion done for this thesis includes all basic E-UTRAN and EPC network

entities with fully implemented user-plane protocol stack according to

the 3GPP specifications. The most important E-UTRAN and EPC

nodes (UEs, eNodeBs, PDN-GW, S-GW) are implemented with the

161
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respective protocols. A seven eNBs/cells hexagonal network layout,

which is well known as 1-tier scenario, is implemented in this work.

Besides, mobility models and a realistic channel model with consid-

ering interference among the eNBs are modeled to perform accurate

simulations. Additionally, a femtocell cluster is modeled. Moreover,

the existing and proposed resource management schemes in LTE, e.g.

radio scheduling, transport network scheduling, traffic shaping, etc.,

have been developed in the simulator.

In Chapter 4, an optimized QoE based radio scheduler is pro-

posed. At first, existing conventional scheduling methods as well as

utility based scheduling strategies are summarized and discussed. It

is shown by numerous examples that the QoE can be approximated

by a concave relation over data rate for elastic traffic. Therefore, the

QoE based radio scheduling problem becomes a convex optimization

problem. The proposed QoE based radio scheduler is proven to be op-

timal analytically [LTTTG15b]. Besides, it allows application in real

systems due to low complexity. By numerous simulations, the proposed

scheduler significantly outperforms the conventional proportional fair

scheduler.

In Chapter 5, both radio and transport network are considered.

The most significant contribution of this thesis work is that a new re-

source management approach to dynamically set optimized EPS bearer

shaping rates is proposed, which maximizes the aggregated QoE in a

cell cluster scenario [LTTTG15a], [LTTG15], [LTTTG15b], [LTLTG15].

The algorithm is formulated as a convex optimization problem and

solved by the Lagrangian relaxation method. This approach dynami-

cally shares the transport link capacity among users according to their

service types, which results in a significantly better aggregated QoE,

as compared to the networks with the legacy fixed rate shaping. The

simulation results show that, under the investigated scenarios the ag-

gregated MOS value increases 18.8% in the case low traffic load, 13.6%

in case of heavy load and 31.4% in case of very heavy link congestion.
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In order to apply this approach in real-time, the complexity of this

approach is studied. The investigation suggests that an optimum time

interval (to recalculate the shaping rates by solving the optimization

problem) shall be chosen as a tradeoff of signaling overhead, computa-

tion effort and achievable performance.

Although the proposed algorithm can be generalized for LTE net-

works, the performance evaluation focuses only on the femtocell sce-

narios. However, a large scale network in LTE often serves hundreds

of users and solving the optimization problem may not be feasible. In

order to apply the proposed approach in large scale networks, efficient

heuristic algorithms are developed. The heuristics are based on the

extension of the QoE based scheduling in Chapter 4 to support multi-

ple cells and consider the transport limitation. The simulation results

showed that both heuristic 1 and 2 (different only on the priority factor

for scheduling) provide a better QoE for FTP users compared to the

conventional resource allocation approach, in which the transport net-

work is not taken into account. Furthermore, heuristic 2 has a better

stability than 1 and results in a solution very close to the theoretical

optimal bound. Therefore it is highly recommended.

The simulation model can be used for other research topics in LTE

with necessary extensions. A restructured simulation model has been

used by the author in the study of network virtualization and load

balancing techniques in LTE networks [ZLZ+11], [LZL+12].

6.1 Outlook

In this work, the main target was to maximize the aggregated QoE in a

cell or a cell cluster without considering the confliction between fairness

and utilization. However, since the amount of physical channels in a

cell is limited (e.g. 25 Physical Resource Blocks (PRBs) with 5MHz

bandwidth in LTE), and only an integer amount of channels can be

allocated to each user, users with bad channel conditions might almost
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never get served, especially when the number of users is higher than

the number of PRBs. Some users under bad channel conditions might

starve or not be served for a long time causing a severe fairness prob-

lem. The problem can be solved through building the utility functions

based on the Exponential Moving Average (EMA) rate instead of the

instantaneous data rate. The advantage of this approach is, that it

guarantees the users with very bad channel conditions still to be sched-

uled. This extension has been published in [LTWTG14], and can be

found in Appendix B.

For future works, a more detailed contribution to real-time delay

sensitive traffic can be studied. Some preliminary work on this ex-

tension has already been proposed in Appendix A. A utility function

over average waiting times could be constructed for real-time traffic. A

Max-Delay-Utility (MDU) scheduling method scheduling strategy has

been evaluated in LTE networks.

In addition, the proposed resource management schemes are de-

signed for LTE downlink. Nevertheless, the mathematical models in

this work are applicable to both LTE downlink and uplink. In the

future, practical modifications for LTE uplink can be studied.



Appendix A

QoE-based Scheduling

for Real-time Services

In LTE, GBR bearers (QCI 1 to 4) provide services with guaranteed

minimum data rates to high priority real time traffic, e.g. conversa-

tional voice or videos, real time gaming, etc. These services are referred

as QoS traffic since they have tighter requirements on QoS performance,

such as delay, packet loss rate, and jitter. The QoS traffic is scheduled

prior to non QoS traffic based on channel-aware, QoS-aware schedul-

ing strategies introduction in Chapter 4.1.2. For example, Scheduler

for Guaranteed Data-Rate [MPKM08] and Scheduler for Guaranteed

Delay Requirements (modified LWDF seen in [AKR+01], EXP seen in

[CJS+07]) are designed to guarantee the minimum requited data rates

or delay constraints performance.

There are two difficulties in designing joint channel- and queue

aware scheduling algorithms [SL05]. First, there are many QoS re-

quirements such as average delay, delay violation probability, jitter,

etc., making it difficult to formulate the optimization goals. Second,

the optimal solution algorithms are normally with exponential com-

plexity. Unlike most joint channel and queue-aware scheduling policies,
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[SL05] proposes a Max-Delay-Utility (MDU) scheduling method with

an explicit optimization objective of maximizing the total utility with

respect to the predicted average waiting times for OFDMA wireless

networks. It further proves that the optimization objective turns out

to be a linear function of the user data rate.

Nevertheless, the authors did not introduce how a utility func-

tion over average waiting times could be constructed. Besides, the

MDU scheduling strategy has not yet been investigated and applied in

LTE networks. These motivates us to study constructing utility func-

tions considering QoE for real time traffic, apply the MDU scheduling

method in LTE networks, and evaluate its performance by simulations.

A.1 Real Time Services

A.1.1 VoIP

VoIP services are based on the Real-Time Protocol (RTP) at the ap-

plication layer. The voice service is modeled based on ON/OFF model

representing the talk spurt and silence periods. The GSM Enhanced

Full Rate (EFR) codecs is one the most widely used voice codecs. It

belongs to the family of Adaptive Multi-Rate (AMR) codecs, with an

application data rate of 12.2 kbps.

A.1.2 Real-time Video Conferencing

Similar to VoIP services, real-time video steaming services are based

on RTP. A Constant Bit Rate (CBR) video model is adopted with two

important parameters: frame size and inter-frame time interval (frame

rate).

In this study, Microsoft’s Lync Server 2013 online support doc-

umentation is taken as a reference for deciding the codec type and

required bandwidth [Mic13]. There are many codec types for video

applications and ITU’s H.264 is one of the most common ones. It is
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developed together with Moving Picture Experts Group (MPEG) and

is also known as MPEG-4 Part 10 AVC (Advanced Video Coding). An-

other benefit of using H.264 is that it offers a scalable encoding rates,

which can range from low rates such as 150 kbps and up to a few Mbps

[Mic15]. For a peer-to-peer video conferencing application with H.264,

Microsoft Lync Server reserves a bandwidth of 460 kbps for a typical

stream.

A.2 E-model

ITU’s E-model is one of the computational methods that predicts a

user experience based on the equipment impairment factors [IT15]. Al-

though the E-model is mainly used for assessing voice transmission

qualities, there are some other ITU recommendations also mention its

usage as a reference for other delay sensitive applications such as in

[IT03]. The E-model estimates VoIP call quality on Mean Opinion

Score (MOS) scale, which is considered as an important KPI (Key

Performance Indicator) to characterize the end VoIP user Quality of

Experience (QoE). Based on the empirical studies of an IP network a

set of IP impairment profiles has been defined to emulate impairments

(e.g. packet loss rate, packet delay and delay variation) in the trans-

port network of LTE. MOS values are computed for VoIP calls made

by users in the presence of IP impairments.

The primary output of the E-model is the ”rating factor” R or

R-factor which can be mapped to MOS to estimate the customer opin-

ion on voice quality. The E-model assesses conversational voice quality

by establishing a relationship between objectively measurable factors

and subjective assessment of voice quality based on large scale of mea-

surements. For a narrowband codec, the maximum value of R-factor

computed by the E-model is 100 which corresponds the best possible

achievable voice quality. Minimum value of R factor is 0, which is the
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worst case. R-factor combines several transmission parameters consid-

ered relevant for an end-to-end transport connection as well as others

which cover impairments due low bit rate codec, echo, background noise

and electronic equipment, etc.

The R-factor is composed of five factors as stated below:

R =Ro − Is − Id − Ie−eff +A (A.1)

where Ro represents the basic signal-to-noise ratio of a given environ-

ment of the talker. Factor Is is the sum of all impairments which may

occur more or less simultaneously with the voice transmission. Id repre-

sents impairments caused by mouth-to-ear path delay. The advantage

factor A provides compensation for impairment factor in return of other

advantages enjoyed by the user, e.g. ease of access etc. Ie−eff is packet

loss dependent Effective Equipment Impairment factor.

In OPNET Modeler, there are some pre-set values of E-model pa-

rameters for various scenes which is shown in Table 2.2. Under the

assumption that the packet loss is random (independent), Ie−eff is cal-

culated using the equation with the packet-loss probability Ppl:

Ie−eff=Ie + (95− Ie)
Ppl

Bpl + Ppl
(A.2)

Table A.1: The pre-set parameters of E-model in OPNET for
various cases

Scene Communication System Ro Is A

Land Phone - Quiet Room Conventional wirebound 94.77 1.43 0

Land Phone - Noisy Room Conventional wirebound 90.74 5.67 0

Cell phone in building Cellular Mobility in a building 85.91 2.32 5

Cell phone in SUV or sedan Mobility across geographical area 80.73 3.24 10

The R-factor produced by the E-model can be mapped to MOS

which ranges from 1 to 5, 1 being the worst and 5 the best perceived



A.3 Max-Delay-Utility (MDU) Scheduling 169

quality. The expression used to map R-factor onto the MOS scale can

be found in Appendix B of ITU-T G.107 [IT15].

MOS =


1 R ≤ 0

1 + 0.035 ·R+R · (R− 60) · (100−R) · 7× 10−6 0 < R < 100

4.5 R ≥ 100

(A.3)

In LTE scheduling, since the scheduler has no information on the

packet loss, the construction of QoE based utility function only takes

the packet delay into consideration in this preliminary work. Fig-

ure A.1a as R of E-model and in Figure A.1b as MOS value together

with its curve fit for GSM EFR codec in the ”Cell phone in SUV or

sedan” scenario. The chosen curve fit function is:

u (d) =
A

1 + e−α·(d−D)
+B =

A

2

[
tanh

[
α · (d−D)

2

]
+ 1

]
(A.4)

The curve fit values of above parameters are: A = 2.309, B =

2.043, α = −8.105 and D = 0.3744. The norm of residuals for this

curve fitting is 0.7663.

A.3 Max-Delay-Utility (MDU) Scheduling

MDU scheduling method is proposed by [SLC09] with an explicit opti-

mization objective of maximizing the total utility with respect to the

predicted average waiting times. It further proves that the optimiza-

tion objective turns out to be a linear function of the user data rate in

OFDMA wireless networks. The problem formulation is shown below:

maxU, U =
N∑
i=1

|u′i(di)|
ρi

ri (ni)

s.t.
N∑
i=1

ni = R,ni ∈ Z+

ri (ni) ≤ Qi
TS

(A.5)
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Figure A.1: User satisfaction model of delay sensitive applications
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Where u′i (di) is the first order derivative of ui (di), which is the

utility of user i calculated based on the average delay time d, updated

based on the exponential moving average (EMA) method. The delay

time has two components: the delayed time over the network and the

waiting time at the eNodeB to be scheduled. The delayed time over the

network can be obtained from Deep Packet Inspection (DPI) of RTP

header. ρi is the arrival data rate, which reflects the codec rate. ni

is a non-negative integer value that is the amount of PRBs allocated

to the user. Qi is the buffer size of user i and Ts represents one TTI

slot. ri (ni) ≤ Qi
TS

means that the scheduler should not allocate more

number of PBRs which is required to empty its buffer. At each TTI,

both ui (di) and ρi are constant values. ri (ni) can be seen as a linear

function of ni (ri (ni) = 180kHz · σi · ni, see chapter 4.2). Therefore,

the objective function is reformulated as:

maxU, U = 180kHz ·
N∑
i=1

mi · ni

s.t.
N∑
i=1

ni = R,ni ∈ Z+

ri (ni) ≤ Qi
TS

(A.6)

where mi =
|u′i(di)|

ρi
· σi and it is a constant value in the current

TTI. |u′i (di)| can be calculated as:

|u′i (di)| =
∣∣∣∣A · α4

{
1− tanh2

[
α · (di −D)

2

]}∣∣∣∣ (A.7)

The optimization problem then is transformed into a very simple

linear optimization problem. The optimal solution is just to allocate

PRBs to the user with biggest mi first until its buffer can be emptied.

mi depends on three factors: the arrival data rate ρi, the user chan-

nel condition indicator σi, and the absolute value of marginal utility

|u′i (di)|. The arrival rate ρi is related to the codec rate of the applica-

tion. The users who introduce lower loads are preferred to get served
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Figure A.2: MOS and absolute value of marginal MOS over delay

first. Under limited resource conditions, this is vital for achieving a

high aggregated user satisfaction level.

Figure A.2 shows the MOS and the absolute value of marginal

MOS over the delay. The absolute marginal utility has the highest value

near when end-to-end delay is a little below 400 milliseconds. When

end-to-end delay becomes very low or larger, the absolute marginal

utility decreases. Therefore, the users who are around middle delay

region are prioritized over users who have either already low delay val-

ues or who are beyond acceptable delay values. This approach can be

seen as trying to improve the situation for users who have the potential

to achieve lower delays and higher user satisfaction. Meanwhile, the

users who are already suffering from very high end-to-end delays are

less likely to reach acceptable delay regions. So prioritizing these users

will not improve the situation, hence they have a lower priority than

others.

Figure A.3 shows the flow chart of the scheduling procedure for

real-time traffic. The scheduling is performed periodically every 1 ms
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Figure A.3: Flow chart of the delay heuristic algorithm
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in each cell. The retransmission users are assured with highest priority.

If any resources left, the resources are allocated to the active users in an

iterative manner. The detailed explanations can be found in Chapter

4.2.5.

A.4 Simulation Scenario and Results

In this section, the proposed MDU scheduling framework is compared

against with the LWF scheduler with real time traffic only scenarios.

The MDU scheduler is designed with the purpose of maximizing the

aggregated user satisfaction based on the proposed utility functions.

As a comparison, the LWF scheduler simply priorities the user whose

packets have the longest waiting time in the queues of eNodeB. The

MDU scheduler prioritizes the candidate users based on their channel

conditions, data rates and the estimated delay. Under limited resource

condition, it prefers the users with lower data rates over high data rates

in order to achieve a higher aggregated MOS. The scenario 1 is designed

to prove this property by simulation. The other property of the MDU

scheduler is that, if the users have already experienced very high delay

over the backhaul or at the eNB, they are very unlikely to get satisfied

and therefore they are scheduled with a low priority. Correspondingly,

the scenario 2 is designed to prove this concept.

A.4.1 Scenario 1 with Varying Cell Bandwidth

There are 10 VoIP and 10 video conferencing users in one cell with 100

Mbps S1 capacity. The available number of PRBs is set to 25 and 6

PRBs in two different simulation runs, corresponding to a cell band-

width of 5 MHz and 1.4 MHz respectively. The results for both cases

are shown in Figure A.4. It can be seen from the figure that both sched-

ulers have very similar performance when there are 25 PRBs available.

Since the air interface has enough resources serving all the users, all the
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users can achieve very high MOS with both schedulers. Nevertheless,

when the number of PRBs is reduced to 6, the air interface does not

have enough resources satisfying all the users. This can be observed

from Figure A.4b that all the users have the lowest MOS of 1 with LWF

scheduler.
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Figure A.4: The average and aggregated MOS values for RT
traffic only cases

The MDU scheduler, on the other hand, prioritize the VoIP over

video conferencing users since VoIP users need significantly less re-

sources to get satisfied. Therefore, all the VoIP users are very satisfied
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with the mean MOS over 4. The rest resources are given to the video

conferencing users. Nevertheless, not all the conferencing users can

be satisfied at the same time due to the limited resources. Some video

conferencing users under bad channel conditions are scheduled with the

lowest priority and experience high delay at eNB. If the delay becomes

larger than 400 ms, the absolute marginal utility decreases, and there-

fore the scheduling priority will be further reduced. As a result, part of

the video conferencing users are served achieving a higher MOS than

4, while the rest video conferencing users are hardly been served with a

MOS of 1. In average, the mean MOS over the video conferencing users

is around 3. By scarifying some users with bad channel conditions and

high coding rates, the rest users can still be served and satisfied.

A.4.2 Scenario 2 with Varying Delays over the Back-

haul

One advantage of the MDU scheduler is that it is not only aware the

buffering delay of a packet at the eNB, but it also can take the total

experienced delay of a packet since its creation at the RTP layer of a

source node. If a packet has already experienced a very high delay over

the backhaul, the packet is very likely to be outdated and useless at

the application layer. On the other hand, if a packet has experienced

a very low delay over the backhaul, the packet is still tolerable for

some additional buffering delay at the eNB. Therefore, only the packet

experienced with a middle range delay is preferred to be scheduled with

the highest priority by the MDU scheduler.

In scenario 2, there are 10 active video conferencing users in the

network and 5 of them are delayed by 0.7 second additionally at the

backhaul. It can be seen from the Figure A.5, similarly to the scenario

1, the MDU scheduler has very close performance as the LWF scheduler

with 25 available PRBs since there are enough resources to serve all the

10 users. However, when the number of available PRBs is reduced to
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Figure A.5: The average and aggregated MOS values for video
conferencing users with and without artificial delay

6, all the video conferencing users have the lowest MOS of 1 with LWF

scheduler. This is because the LWF scheduler does not differentiate

the users and try to serve all the users. Nevertheless, no user can be

satisfied. The MDU scheduler, on the other hand, serves the 5 users

without additional delay over the backhaul first, and these 5 users have

a mean MOS value over 4. The rest resources are preferred allocating

to the rest users with good channel conditions. The mean MOS for

the 5 users with the additional backhaul delay is slightly better than
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1. Generally speaking, the MDU scheduler gives up the users with

the additional backhaul delay since they cannot achieve a high MOS

anyway due to the high delay. The MDU scheduler is able to use the

limited resources in a more intelligent way than the LWF scheduler

and therefore can obtain a higher aggregated MOS in case there is not

enough resources to serve all the real time users.



Appendix B

Radio Resource

Allocation based on

Moving Average Rates

In this work, a new algorithm is proposed to solve the downlink resource

allocation problem in LTE networks taking the channel conditions into

account. The problem is formulated as a convex optimization problem,

which maximizes the aggregated utility of all users. To maximize the

cell utility, the users with good channel conditions tend to get more re-

sources because the utility increases with the data rate. However, since

the amount of physical channels in a cell is limited (e.g. 25 Physical

Resource Blocks (PRBs) with 5 MHz bandwidth in LTE), and only an

integer amount of channels can be allocated to each user, users with bad

channel conditions might almost never get served, especially when the

number of users is higher than the number of PRBs. Since the existing

algorithms do not consider the history of user data rates, some users

might starve or not be served for a long time causing a severe fairness

problem. This motivates the author to develop a new utility-based

179
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approach for the resource allocation problem using the Exponential

Moving Average (EMA) data rate. The advantage of this approach is

that it guarantees the users with very bad channel conditions still to

be scheduled, even if the number of Physical Resource Blocks (PRBs)

is smaller than the number of users.

B.1 Problem Formulation and Solution
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Figure B.1: Example of a utlity function

The utility as a function of data rate with the characteristics shown

in Figure B.1 can be mathematically given by eq. (B.1):

u(r) =

 r1−α

1−α α ≥ 0, α 6= 1

log(r)α = 1
(B.1)

where r is the user’s data rate and α represents the traffic (or

user) type. The influence of α on the utility can be seen in Figure

B.1. Instead of using the instantaneous data rate as seen in many

other papers [KL05], [KL08], and [CWC+11], we use the Exponential

Moving Average (EMA) data rate . The use of EMA rate allows users

with bad channel condition to be eventually scheduled. This is because
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EMA rate takes the history of users’ data rate into account and hence

avoids a user getting starved or not being served for a long time.

The EMA data rate of user i at time t is given by:

r̄i,t =

di,t−1︷ ︸︸ ︷
(1− β)r̄i,t−1 +βri,t = di,t−1 + βri,t (B.2)

ri,t is the estimation of user i ’s maximum instantaneous achiev-

able date rate at time t, derived by the Shannon formula based on the

bandwidth bi,t allocated to the user and the user’s effective SINR. The

effective SINR is calculated over all the available PRBs in its serving

cell following the commonly used Exponential Effective SINR Mapping

(EESM) method.

ri,t = σi,tci,t (B.3)

β is a constant smoothing factor between 0 and 1. A higher β

discounts the older data rate faster. β = 1 results in an instantaneous

rate.

In this work, we assume users only have positive utilities and cor-

respondingly, 0 < α < 1. Since the radio resource allocation is done

periodically every TTI (Transmission Time Interval) in LTE, we now

focus on the solution algorithm for one TTI. The time index t is there-

fore discarded in the following part of this paper. The utility function

of the user i can be reformulated as:

ui (bi, ci, di,αi) = (di+β·bi·ci)1−αi
1−αi 0 < αi < 1 (B.4)

Thus, the goal for the resource allocation is to maximize the aggregated

utility, which can be expressed as:

maxU =
∑
i

ui =
∑
i

(di+β·bi·ci)1−αi
1−αi

s.t.
∑
i

bi ≤ Bc and bi ≥ 0; bi ∈ R
(B.5)
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where Bc is the total cell bandwidth.

The problem is convex and the Slater’s condition is satisfied with

bi = 0 (∀i), it has therefore a strong duality, which can be solved opti-

mally using the Lagrangian decomposition method.

B.2 Lagrangian Dual Problem Formulation

The Lagrangian dual problem is:

min
λ

{
max
{bi}

{
L =

∑
i

(di+βicibi)
1−αi

1−αi − λ
(∑

i

bi −B
)}}

s.t. ∀bi ≥ 0

(B.6)

Consider the problem:

q = max
{bi≥0}

{L} =
∑
i

max
{bi≥0}


Li︷ ︸︸ ︷

(di + βicibi)
1−αi

1− αi
− λbi

+ λB (B.7)

Lemma 1: ∀bi > 0, Li is a concave function and has one and

only one maximum L∗i . Then the dual problem becomes min
λ
q =

min
λ

{∑
i

L∗i + λB

}
.

Proof : the function Li is twice differentiable and its second deriva-

tive given below is negative.

∂(∂Li)
∂b2i

= −αibici2β2
i (di + βicibi)

−αi−1
< 0 ∀bi ≥ 0 (B.8)

Li reaches its maximum at b∗i if ∂Li
∂bi

(b∗i ) = 0 and bi
∗ · σi ≥ bi0.

Therefore, b∗i = 1
σi

[
2
αi

arctanh

(√
Aαi(Aαi−4λ)

Aαi

)
+ ri0

]
when λ ≤ Aαi

4 .

The formulation of L∗i is as follows:
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L∗i = max
bi≥0

Li =


αi

1−αi

(
λ
ciβi

)αi−1

αi
+ λdi

ciβi
λ ≤ ciβi

diαi

d
1−αi
i

1−αi λ > ciβi
diαi

(B.9)

Lemma2 : f has one and only one minimum, which is also the

optimal solution to the primal problem in (5).

Proof : Let λi = ciβi
diαi

Without loss of generality, we assume: 0 ≤ λ1 ≤ λ2 ≤ ... ≤ λN
According to Equation (9),

∑
i

Li
∗ =



N∑
i=1

(
αi

1−αi

(
λ
ciβi

)αi−1

αi
+ λdi

ciβi

)
λ ≤ λ1

N∑
i=k+1

(
αi

1−αi

(
λ
ciβi

)αi−1

αi
+ λdi

ciβi

)
+

k∑
i=1

d
1−αi
i

1−αi

λk < λ ≤ λk+1∀k ∈ [1, N − 1]

N∑
i=1

d
1−αi
i

1−αi λ > λN

(B.10)

The function q (λ) =
∑
i

L∗i + λBc is visualized in figure.

Proof: the function iL is twice differentiable and its second
derivative given below is negative.  

( ) αα β β − −∂ ∂ = − + <     ∀ ≥
∂

12 22( ) 0 0ii
i i i i i i i i i

i

L
b c d c b b

b
    (8) 

iL reaches its maximum at *
ib if ( )* 0i

i
i

L
b

b
∂ =
∂

and * 0ib ≥ . If

( )** 0 0
i

i
i

Li b
b

b ∂
=

∂

< , because iL is concave, it reaches its maximum

when = 0ib . The formulation of *
iL  is as follows: 
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Lemma2: q  has one and only one minimum, which is also 
the optimal solution to the primal problem in (5).

Proof:  Let α
βλ =
i

i i
i

i

c
d
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The function ( ) *
i

i

q L Bλ λ= +∑ is visualized in the Fig. 2.
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Fig. 2. Visualization of function ( )λq

The function q is continuous. Except at the points where 

iλ λ=  - as shown in Fig. 2, it is twice differentiable and its 
second derivative is non-negative as shown in (11) and (12).
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( ) ( )
λ

λ λ
∂ ∂∂ ∂

= ≥ ∀
∂ ∂∑

*
2 2 0i

i

Lq   (12) 

Therefore, q has one and only one minimum. Due to the 
strong duality, the solution of the dual problem is also the 
solution of the primal problem.

D. Solution of the dual problem

In order to find the minimum of q, the interval ( )1,i iλ λ +

containing it needs to be determined. This is done as follows: 

Let 0 0λ = , at each iλ , starting from i=0, compute: 
i

q

λ λ δλ = +

∂
∂

and
i

q

λ λ δλ = −

∂
∂

( 0δ → ) as follows:

α

λ λ δ λ λ δ

λ
λ λ β β β

−

== − = −

⎛ ⎞
⎛ ⎞∂∂ ⎜ ⎟= = − + +⎜ ⎟⎜ ⎟∂ ∂ ⎝ ⎠⎜ ⎟

⎝ ⎠
∑ ∑

1* 1 k

i i

N
i i k

i k i k k k k k k

L dq
B

c c c
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At 0 0λ = , we have: *
0 0i

i

Lq

λ λλ λ→ →

∂∂ = = −∞
∂ ∂∑

Therefore, if
1

0q

λ λ δλ = −

∂ >
∂
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Figure B.2: Visualization of function f (λ)
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The function q is continuous. Except at the points where λ = λi-

as shown in Fig. 2, it is twice differentiable and its second derivative is

non-negative as shown below:

∂ (∂L∗i )

∂λ2
=


1

αici2β2
i

(
λ
ciβi

)− 1+αi
αi

if λ ≤ ciβi
diαi

0 if λ > ciβi
diαi

(B.11)

∂(∂q)
∂λ2 =

∑
i

∂(∂L∗i )
∂λ2 ≥ 0 ∀λ (B.12)

Therefore, q has one and only one minimum. Due to the strong

duality, the solution of the dual problem is also the solution of the

primal problem.

B.2.1 Solution of the Dual Problem

In order to find the minimum of q, the interval (λi, λi+1) containing it

needs to be determined. This is done as follows: Let λ0 = 0, at each

λi, starting from i = 0, compute: ∂q
∂λ

∣∣∣
λ=λi+δ

and ∂q
∂λ

∣∣∣
λ=λi−δ

(δ → 0) as

follows:

∂q
∂λ

∣∣∣
λ=λi−δ

=
∑
i

∂L∗i
∂λ

∣∣∣∣
λ=λi−δ

=
N∑
k=i

(
− 1
ckβk

(
λi
ckβk

)− 1
αk + dk

ckβk

)
+Bc

(B.13)

∂q
∂λ

∣∣∣
λ=λi+δ

=
∑
i

∂L∗i
∂λ

∣∣∣∣
λ=λi+δ

=
N∑

k=i+1

(
− 1
ckβk

(
λi
ckβk

)− 1
αk + dk

ckβk

)
+Bc

(B.14)

At λ0 = 0, we have: ∂q
∂λ

∣∣∣
λ→0

=
∑
i

∂L∗i
∂λ

∣∣∣∣
λ→0

= −∞

Therefore, if ∂q
∂λ

∣∣∣
λ=λ1−δ

> 0, the minimum is in the interval (0, λ1).

Otherwise,
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• for i > 0, if

(
∂q
∂λ

∣∣∣
λ=λi+δ

)(
∂q
∂λ

∣∣∣
λ=λi−δ

)
< 0, the minimum is at

λi

• if

(
∂q
∂λ

∣∣∣
λ=λi+δ

)(
∂q
∂λ

∣∣∣
λ=λi+1−δ

)
< 0, the minimum is between λi

and λi+1

After determining the interval of the minimum, we solve the fol-

lowing equation to get the λ∗ at which q reaches its minimum:

∂q

∂λ
=

N∑
k=i+1

(
− 1

ckβk

(
λ

ckβk

)− 1
αk

+
dk
ckβk

)
+Bc = 0 (B.15)

using the bisection method with initial points (λ∗,λi+1). The so-

lution for the primal problem is:

b∗k =


0 ∀k ≤ i(

λ∗
ckβk

)− 1
αk −dk

ckβk
∀i ≤ k ≤ N

(B.16)

After obtaining the optimal solution on the allocated bandwidth

to each user, we need to convert it to the number of PRBs. This is done

as follows: Each user k is first assigned
⌊

bk
180KHz

⌋
PRBs (in LTE, each

PRB has 180KHz bandwidth). The rest of the PRBs are distributed

to users in the decreasing order of their utility gain if they are assigned

more PRBs.

B.3 Simulation Scenarios and Results

This section presents the simulation results to analyze the proposed

algorithm. We evaluate the difference in the system performance over

different system parameters, i.e. β and α. We compare the EMA rate

approach with the instantaneous rate approach by tuning β. Then, we

demonstrate how α affects the system performance, e.g. cell throughput
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and fairness among users. Finally, we show a scenario with mixed traffic

types that gives some indication on choosing the parameters when using

the EMA rate approach. All following investigations are based on the

default simulation settings given in Table B.1.

Table B.1: System settings

Parameter Settings

Number of eNBs/cells 1 eNBs serving 1 cell with 375m radius circular cell

Channel Model

Path loss: 128.1 + 37.6log10(R), R in Km

Slow fading: Correlated Log normal, zero mean,

8db std. and 50 m correlation distance

Fast fading: Jake’s like model

Utility Function

Related (default)
r̄ has a unit of 100 Kbps in formula (1)

TCP version New Reno

Traffic Type TCP based file downloading with full buffer mode

Simulation Time 1000s (5 runs with different seeds)

Special settings for scenarios

Scenario 1 and 2

15 PRBs (3MHz) per cell

25 Users without mobility (Stationary),

5 user groups (each 5 users)

with different distances to eNB

Scenario 1: α = 0.5, different β in different runs

Scenario 2: β = 0.1, different α in different runs

Scenario 3

25 PRBs (5MHz) per cell

10 Users with RWP mobility (120 Km/h)

5 groups (each 2 users)

β = 0.1

different α for different users

B.3.1 Influence of the Smoothing Factor β, α = 0.5

The proposed utility function is based on the user EMA rate which

is updated every TTI according to Equation B.2. The coefficient β,
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also known as the weighting multiplier, a constant smoothing factor

between 0 and 1, represents the degree of weighting decrease. If β = 1,

the EMA rate becomes the instantaneous data rate which has been

seen from the previous papers [KL05], [KL08], and [CWC+11]. With a

decreasing value of β, a longer and stronger history effect is considered.

In the finance, β is often chosen as β = 2
M+1 , with M representing the

time periods [DPP13].

instantaneous data rate which has been seen from the previous 
papers [9], [10], and [11]. With a decreasing value of β , a 
longer and stronger history effect is considered. In the finance, 

β is often chosen as
2

1M
β =

+
, with M representing the time 

periods [18].

Fig. 4. Average user throughput over different β  

In this scenario, we assume all the users have the same 
utility function representing the same traffic and user type, i.e. 

0.5α = for all the users. This scenario is simulated with five
different β (each β refers to one simulation run set with 5
seeds). Fig. 4 shows the average user throughput of the users 
with the same distance to the eNB. The confidence interval is 
also shown in the figure but it is too small to be visible.  The x-
axis shows the user id, user distance to eNB and the average 
effective SINR from the simulation. It is obvious that with 
increasing distance to eNB, the channel condition is getting 
worse, and the user average throughput decreases. When 1β = , 
corresponding to the instantaneous rate, the users 21-25 hardly 
get any throughput over a long time, which could cause a poor 
fairness. With a smaller β , which means the EMA rate is 
considered instead of the instantaneous data rate, the users 16-
25 can get much higher throughputs by taking some of the 
resources from users with good channel conditions, i.e. mainly 
from the users 6-10 in this specific artificial scenario. The 
throughput of users with bad channel conditions is improved 
by a smaller β at the cost of decreasing the total cell 
throughput as shown in TABLE II. The cell throughput 
decreases c.a. 7~8% when EMA is applied instead of 
instantaneous data rate. In reality, it is recommended that the 
operator should properly define the value of β in order to 
make a good trade-off between throughput and fairness, 
considering the number of PRBs and active number of users.  

TABLE II. CELL THROUGHPUT OVER β

β  1 0.5 0.2 0.1 0.01 

Cell throughput [Mbps] 7.32 6.80 6.72 6.71 6.69 

D. Scenario 2: Influence of α , 0.1β =

From the Eq. 1, it can be concluded that with 0α = the
algorithm maximizes the cell throughput similar to the Max C/I 

scheduling algorithm [5].  In Fig. 5, with 0.1α = , only users 1-
10 with very good channels are scheduled, especially users 1-5 
nearly get all the resources. Only 5.28 users in average are 
scheduled per TTI and a cell throughput around 10Mbps is 
achieved as shown in TABLE III. On the contrary, with a 
largerα , the throughput of users 1-5 are reduced dramatically 
while the users 11-25 are scheduled, which leads to a better 
fairness regarding to user throughput. The cost is that more 
users are scheduled every TTI, which leads to a higher 
signalling overhead and the cell throughput is reduced (ca. 40% 
when α increasing from 0.1 to 0.9). 

TABLE III. SYSTEM BEHAVIOR OVER α  0.9 0.7 0.5 0.3 0.1 ߙ 
Cell  throughput [Mbps] 9.96 8.09 6.71 6.15 5.81 

Average number of 
scheduled users per TTI 5.28 11.29 13.58 13.63 13.64 

Fig. 5. Average user throughput over different α  

The simulation results of the two scenarios above reveal 
that even though tuning α can improve the fairness, it is 
definitely not enough. Both parameters need to be tuned to 
guarantee certain fairness in the system. This confirms that our 
EMA rate approach can clearly improve the fairness compared 
to the instantaneous rate approach, especially when the number 
of users is larger than the number of PRBs.  

E. Scenario 3: Mixed traffic types

Fig. 6. Average user throughput for different user 
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Figure B.3: Average user throughput over different β

In this scenario, we assume all the users have the same utility

function representing the same traffic and user type, i.e. α = 0.5 for all

the users. This scenario is simulated with five different β (each β refers

to one simulation run set with 5 seeds). Figure B.3 shows the average

user throughput of the users with the same distance to the eNB. The

confidence interval is also shown in the figure but it is too small to be

visible. The x-axis shows the user id, user distance to eNB and the

average effective SINR from the simulation. It is obvious that with

increasing distance to eNB, the channel condition is getting worse, and

the user average throughput decreases. When β = 1, corresponding to

the instantaneous rate, the users 21-25 hardly get any throughput over

a long time, which could cause a poor fairness. With a smaller β, which

means the EMA rate is considered instead of the instantaneous data

rate, the users 16-25 can get much higher throughputs by taking some
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of the resources from users with good channel conditions, i.e. mainly

from the users 6-10 in this specific artificial scenario. The throughput

of users with bad channel conditions is improved by a smaller β at the

cost of decreasing the total cell throughput as shown in Table B.2. The

cell throughput decreases c.a. 7 8% when EMA is applied instead of

instantaneous data rate. In reality, it is recommended that the operator

should properly define the value of β in order to make a good trade-off

between throughput and fairness, considering the number of PRBs and

active number of users.

Table B.2: System behavior over β

β 1 0.5 0.2 0.1 0.01

Cell throughput [Mbps] 7.32 6.80 6.72 6.71 6.69

B.3.2 Influence of the Smoothing Factor α, β = 1

From the Equation B.1, it can be concluded that with the algorithm

maximizes the cell throughput similar to the Max C/I scheduling algo-

rithm [ZZL+12]. In Figure B.4, with , only users 1-10 with very good

channels are scheduled, especially users 1-5 nearly get all the resources.

Only 5.28 users in average are scheduled per TTI and a cell throughput

around 10Mbps is achieved as shown in Table B.3. On the contrary,

with a larger , the throughput of users 1-5 are reduced dramatically

while the users 11-25 are scheduled, which leads to a better fairness

regarding to user throughput. The cost is that more users are sched-

uled every TTI, which leads to a higher signalling overhead and the cell

throughput is reduced (ca. 40% when increasing from 0.1 to 0.9).

The simulation results of the two scenarios above reveal that even

though tuning α can improve the fairness, it is definitely not enough.

Both parameters need to be tuned to guarantee certain fairness in the

system. This confirms that our EMA rate approach can clearly improve
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instantaneous data rate which has been seen from the previous 
papers [9], [10], and [11]. With a decreasing value of β , a 
longer and stronger history effect is considered. In the finance, 

β is often chosen as
2

1M
β =

+
, with M representing the time 

periods [18].

Fig. 4. Average user throughput over different β  

In this scenario, we assume all the users have the same 
utility function representing the same traffic and user type, i.e. 

0.5α = for all the users. This scenario is simulated with five
different β (each β refers to one simulation run set with 5
seeds). Fig. 4 shows the average user throughput of the users 
with the same distance to the eNB. The confidence interval is 
also shown in the figure but it is too small to be visible.  The x-
axis shows the user id, user distance to eNB and the average 
effective SINR from the simulation. It is obvious that with 
increasing distance to eNB, the channel condition is getting 
worse, and the user average throughput decreases. When 1β = , 
corresponding to the instantaneous rate, the users 21-25 hardly 
get any throughput over a long time, which could cause a poor 
fairness. With a smaller β , which means the EMA rate is 
considered instead of the instantaneous data rate, the users 16-
25 can get much higher throughputs by taking some of the 
resources from users with good channel conditions, i.e. mainly 
from the users 6-10 in this specific artificial scenario. The 
throughput of users with bad channel conditions is improved 
by a smaller β at the cost of decreasing the total cell 
throughput as shown in TABLE II. The cell throughput 
decreases c.a. 7~8% when EMA is applied instead of 
instantaneous data rate. In reality, it is recommended that the 
operator should properly define the value of β in order to 
make a good trade-off between throughput and fairness, 
considering the number of PRBs and active number of users.  

TABLE II. CELL THROUGHPUT OVER β

β  1 0.5 0.2 0.1 0.01 

Cell throughput [Mbps] 7.32 6.80 6.72 6.71 6.69 

D. Scenario 2: Influence of α , 0.1β =

From the Eq. 1, it can be concluded that with 0α = the
algorithm maximizes the cell throughput similar to the Max C/I 

scheduling algorithm [5].  In Fig. 5, with 0.1α = , only users 1-
10 with very good channels are scheduled, especially users 1-5 
nearly get all the resources. Only 5.28 users in average are 
scheduled per TTI and a cell throughput around 10Mbps is 
achieved as shown in TABLE III. On the contrary, with a 
largerα , the throughput of users 1-5 are reduced dramatically 
while the users 11-25 are scheduled, which leads to a better 
fairness regarding to user throughput. The cost is that more 
users are scheduled every TTI, which leads to a higher 
signalling overhead and the cell throughput is reduced (ca. 40% 
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The simulation results of the two scenarios above reveal 
that even though tuning α can improve the fairness, it is 
definitely not enough. Both parameters need to be tuned to 
guarantee certain fairness in the system. This confirms that our 
EMA rate approach can clearly improve the fairness compared 
to the instantaneous rate approach, especially when the number 
of users is larger than the number of PRBs.  

E. Scenario 3: Mixed traffic types
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Figure B.4: Average user throughput over different α

Table B.3: System behavior over α

α 0.1 0.3 0.5 0.7 0.9

Cell throughput [Mbps] 9.96 8.09 6.71 6.15 5.81

Average number of scheduled

users per TTI
5.28 11.29 13.58 13.63 13.64

the fairness compared to the instantaneous rate approach, especially

when the number of users is larger than the number of PRBs.

B.3.3 Mixed Traffic Types

In this scenario, users with different α representing different traffic

or user types coexist. Since user mobility is considered, all users are

supposed to have the same average channel condition given a sufficient

long simulation time. The parameter dominating the user throughput

is α. The users with same should have the same performance which is

proved by simulation results shown in Figure B.5.

The users 1 and 2 get the highest throughput while 9 and 10 low-

est. Figure B.6 shows the achieved user marginal utility based on the

long-term average throughput. It can be seen all users have a similar

marginal utility (around 0.32). This is because users with a smaller α
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instantaneous data rate which has been seen from the previous 
papers [9], [10], and [11]. With a decreasing value of β , a 
longer and stronger history effect is considered. In the finance, 

β is often chosen as
2

1M
β =

+
, with M representing the time 

periods [18].

Fig. 4. Average user throughput over different β  

In this scenario, we assume all the users have the same 
utility function representing the same traffic and user type, i.e. 

0.5α = for all the users. This scenario is simulated with five
different β (each β refers to one simulation run set with 5
seeds). Fig. 4 shows the average user throughput of the users 
with the same distance to the eNB. The confidence interval is 
also shown in the figure but it is too small to be visible.  The x-
axis shows the user id, user distance to eNB and the average 
effective SINR from the simulation. It is obvious that with 
increasing distance to eNB, the channel condition is getting 
worse, and the user average throughput decreases. When 1β = , 
corresponding to the instantaneous rate, the users 21-25 hardly 
get any throughput over a long time, which could cause a poor 
fairness. With a smaller β , which means the EMA rate is 
considered instead of the instantaneous data rate, the users 16-
25 can get much higher throughputs by taking some of the 
resources from users with good channel conditions, i.e. mainly 
from the users 6-10 in this specific artificial scenario. The 
throughput of users with bad channel conditions is improved 
by a smaller β at the cost of decreasing the total cell 
throughput as shown in TABLE II. The cell throughput 
decreases c.a. 7~8% when EMA is applied instead of 
instantaneous data rate. In reality, it is recommended that the 
operator should properly define the value of β in order to 
make a good trade-off between throughput and fairness, 
considering the number of PRBs and active number of users.  

TABLE II. CELL THROUGHPUT OVER β

β  1 0.5 0.2 0.1 0.01 

Cell throughput [Mbps] 7.32 6.80 6.72 6.71 6.69 
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From the Eq. 1, it can be concluded that with 0α = the
algorithm maximizes the cell throughput similar to the Max C/I 
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nearly get all the resources. Only 5.28 users in average are 
scheduled per TTI and a cell throughput around 10Mbps is 
achieved as shown in TABLE III. On the contrary, with a 
largerα , the throughput of users 1-5 are reduced dramatically 
while the users 11-25 are scheduled, which leads to a better 
fairness regarding to user throughput. The cost is that more 
users are scheduled every TTI, which leads to a higher 
signalling overhead and the cell throughput is reduced (ca. 40% 
when α increasing from 0.1 to 0.9). 

TABLE III. SYSTEM BEHAVIOR OVER α  0.9 0.7 0.5 0.3 0.1 ߙ 
Cell  throughput [Mbps] 9.96 8.09 6.71 6.15 5.81 

Average number of 
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The simulation results of the two scenarios above reveal 
that even though tuning α can improve the fairness, it is 
definitely not enough. Both parameters need to be tuned to 
guarantee certain fairness in the system. This confirms that our 
EMA rate approach can clearly improve the fairness compared 
to the instantaneous rate approach, especially when the number 
of users is larger than the number of PRBs.  
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Figure B.5: Average user throughput for different user

demand a lower data rate to have the same marginal utility compared

to ones with a larger α. This observation can be an indication for the

operators to design proper utility functions for different traffic types

and user categories.
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Figure B.6: User marginal utility based on average throughput
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B.4 Conclusion

This work proposes a new approach to solve the utility-based resource

allocation problem using the Exponential Moving Average rate. The

problem is formulated as a convex optimization problem and analyti-

cally solved using Lagrangian decomposition method. The analytical

solution is implemented in the LTE simulation model using OPNET.

We have proved through the simulations that our approach overcomes

the fairness drawback of the approach using instantaneous data rate.

Our approach guarantees that all users including the ones with very

bad channel conditions are still served. Furthermore, we also analyze

the influence of the different parameters on the algorithm performance.

By changing the system parameters α and β, the fairness can be tuned

at the cost of cell throughput. This gives some indication on how to

choose the right parameters for our proposed algorithm.





Appendix C

Curve Fitting Data

Table C.1: Curve fitting data for sigma values

TBS index Sigma R-square

0 26.75 0.9971

2 43.69 0.9989

4 70.78 0.999

6 103.8 0.9992

8 139.9 0.9995

10 175.7 0.9995

12 228.9 0.9995

14 286.8 0.9993

16 324.8 0.9994

18 396.6 0.9997

20 463.3 0.9996

22 538.6 0.9996

24 611.4 0.9997

26 738 0.9996
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Table C.1 shows the curve fitting statistics of sigma values. Here

the sigma represents the TBS size with respect to the MCS. In this

study, MCS is an array of 14 values covering all TBS index range.

Here the R-square represents the reliability of the curve fitting by

the cftool of MATLAB. By looking into the input and output, R-square

returns a ratio value which tells how well the applied curve fit explains

the variability in the input data. For R-square, ratio values which are

close to 1 mean a good capture of the input data.



Appendix D

3GPP Transport Block

Size

Table D.1 covers the full extend of mapping between the MCS and TBS

according to the 3GPP standard [3GP10d]. The TBS value is telling

how many bits can be send over the air interface in one TTI, so its size

is the main factor for estimated throughput calculations.
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196 D. 3GPP Transport Block Size

Table D.1: Transport block size table according to 3GPP speci-
fications

TBS index
Number of PRB

1 2 3 4 5 6 7 8 9 10

0 16 32 56 88 120 152 176 208 224 256

1 24 56 88 144 176 208 224 256 328 344

2 32 72 144 176 208 256 296 328 376 424

3 40 104 176 208 256 328 392 440 504 568

4 56 120 208 256 328 408 488 552 632 696

5 72 144 224 328 424 504 600 680 776 872

6 328 176 256 392 504 600 712 808 936 1032

7 104 224 328 472 584 712 840 968 1096 1224

8 120 256 392 536 680 808 968 1096 1256 1384

9 136 296 456 616 776 936 1096 1256 1416 1544

10 144 328 504 680 872 1032 1224 1384 1544 1736

11 176 376 584 776 1000 1192 1384 1608 1800 2024

12 208 440 680 904 1128 1352 1608 1800 2024 2280

13 224 488 744 1000 1256 1544 1800 2024 2280 2536

14 256 552 840 1128 1416 1736 1992 2280 2600 2856

15 280 600 904 1224 1544 1800 2152 2472 2728 3112

16 328 632 968 1288 1608 1928 2280 2600 2984 3240

17 336 696 1064 1416 1800 2152 2536 2856 3240 3624

18 376 776 1160 1544 1992 2344 2792 3112 3624 4008

19 408 840 1288 1736 2152 2600 2984 3496 3880 4264

20 440 904 1384 1864 2344 2792 3240 3752 4136 4584

21 488 1000 1480 1992 2472 2984 3496 4008 4584 4968

22 520 1064 1608 2152 2664 3240 3752 4264 4776 5352

23 552 1128 1736 2280 2856 3496 4008 4584 5160 5736

24 584 1192 1800 2408 2984 3624 4264 4968 5544 5992

25 616 1256 1864 2536 3112 3752 4392 5160 5736 6200

26 712 1480 2216 2984 3752 4392 5160 5992 6712 7480
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