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GSM

The Global System for Mobile (GSM) is an ETSI standard for 20 pan-European
digital cellular with international roaming. In 1982, frequency bands of 890-915MHz
and 935-960 MHz were allocated for the Pan-European Public Land  Mobile Network
(PLMN), and the GSM was formed.  The main charter of the group was to develop a 20
standard to resolve the roaming problem in the six existing different
1G analog cellular systems in Europe. After evaluating several options, the committee
decided to go for a unified new digital standard as it would facilitate roaming and at
the same time provide for large-volume production. In  1986, the task force was
formed, and in 1987 a memorandum of understanding was signed.

In 1989, ETSI included OSM in its domain, and the name of the group was changed to
Special Mobile Group (SMG). The resulting standard was named the Global Sys tem
for Mobile (GSM) communications. In 1991, the specification of the standard was
completed, and in 1992, the first deployment started. By the year 1993, 32 operators in
22 countries adopted the OSM standard, and by 2001, close to 150 countries [GSMweb]
had adopted GSM for cellular operation.
Although the original goals of the GSM could be met only by defining a new air-
interface, the group went beyond just the air-interface and defined a system that
complied with emerging ISDN-like services and other  emerging fixed network features.
To this end, the committee also defined a number of other  interfaces between the
hardware and  software elements of the network, making GSM a complete digital
cellular standard that is very suitable for pedagogical purposes. One of the interesting
ironies of this evolution is that OSM, and later on all other 2G digital cellular systems,
brought ISDN-like mobile digital services to all users while the original wired ISDN  lost
its popularity and never found a massive acceptance with users. This reflects the real
multidisciplinary nature of the telecommunication    industry  in which the behavior of
the market is not always as predictable as more focused industries such as component
design.

GSM Services

The first step in understanding a multipurpose system is to identify the services that are
provided by that network because the entire network is designed to support these
services. Analog cellular systems were developed for a single application  voice-and in
a manner similar to analog access to the PSTN, other data services such as fax and
voice-band modems were defined as overlay services on top of the analog voice service.
GSM is an integrated voice data service that provides a number of services beyond
cellular telephone. Table 7.1 [RED95] shows the GSM Phase 1 services and  Table
7.2 [RED95] shows the GSM Phase 2 services. These services are divided into three
categories: teleservices, bearer services, and supple mentary services.
Teleservices provide communication between two end user applications   ac cording to
a standard protocol. As shown in Table 7.1, Phase 1 GSM bearer ser  vices were
telephony, emergency speech calls, Group   3 facsimile, teletext, short messages
(unicast and multicast), and videotex. The uppermost layer of the proto col stack of the
standard should be specified so that it could communicate with pro tocols used in these
applications.
Bearer services provide capabilities to transmit information among user network-
interfaces    or APs. Traditional bearer services include a variety of asynchronous and
synchronous data access to PSTN/ISDN and packet switched  public data networks as
shown in Table 7.1. To implement bearer services, the lower layers and frame format of



the standard should specify how these transmissions would be implemented over the air-
interface.
Supplementary services are not stand-alone services but they are services that supplement
a bearer- or teleservice. Supplementary services in Phase 1GSM were call forwarding
and call barring. They were applied to both bearer and teleservices. Other supplementary
services include call waiting and  calling number identification. These services are
usually implemented at the wired infrastructure of the cellular network. Table 7.2
provides a wider range of services for GSM Phase 2 which demonstrate how services can
evolve with different phases in time.

Reference Architecture

Description of a wireless network standard is a complex process that involves de  tailed
specification of the terminal, fixed hardware backbone, and software data bases that
are needed to support the operation. To describe such a complex system, a reference
model or overall architecture is needed to provide an overall  understanding of the
network elements and operation and divide the system into subsystem.

GSM Phase 1 Services

Service Category

Teleservices

Service

Telephony

Comment

Full rate at 13 kbps voice
Emergency calls "112" is GSM-wide emergency

numberShort messaging servicePoint to point (between two
users) and cell

Videotext access
Teletex, FAX, etc.

broadcast types

Bearer Services Asynchronous data 300-9,600 bps
(transparent/nontransparent)Synchronous data 2400-9,600 bps transparent

Synchronous packet
data
Others

Supplementary
Services

Call forwarding All calls, when subscriber is not
available

Call barring Outgoing calls with specifications

GSM Phase 2 Additional Services
Service Category Service Comment

Teleservices Half-rate speech
coder

Enhanced full rate

Optional implementation

Supplementary Services Calling line identification
Connected line
identification Call waiting
Call hold
Multiparty
communications
Closed user group
Advice of charge
Operator determined
call barring

Presentation or restriction of
displaying the caller's ID

Presentation or restriction of
displaying the called ID

Incoming call during current
conversation

Put current call on hold to
answer another

Up to five ongoing calls can
be



included in one conversation
Online charge information

Restriction of certain
features

from individual subscribers
by operator

terns. Our presentation of the GSM system  is organized in three major segments
shown in Figure1. These segments are mobile station (MS), base station subsystem (BSS),
and network and switching subsystem (NSS).  Figure 2 provides a more physical
representation of  the architectural elements of GSM and the relation among these
elements. This division of  the architectural elements was adopted from [HAU94],
and we follow that for the description of the system elements in the following section.
Mobile Station

The MS communicates      the information with the user and modifies it to
the transmission protocols of the air-interface to communicate with the BSS. The user
information   is communicated with the MS through a microphone and speaker for

Figure 1 Reference architecture of GSM



Figure 2 A different view of the reference architecture   for GSM.

the speech, keypad, and display for short messaging, and the cable connection for other
data terminals. The MS has two elements. The first element is mobile equipment (ME),
which is a piece of hardware that the customer purchases from the equipment
manufacturer or their dealers. This hardware piece contains all the components needed
for the implementation of the protocols to interface with the user and the air-interface
to the BSS. The components include speaker, microphone, keypad, and the radio
modem. Therefore, the ME is an expensive piece of hardware. To encourage more
users to subscribe to the wireless services, a number of service providers in the early
days of the cellular industry, and even today, subsidize the price of the MEs.

The second element of the MS in the GSM is the subscriber identity module (SIM)
that is a smart card issued at the subscription time identifying the specifications of a
user such as address and type of service. The calls in the GSM are di rected to the
SIM rather than the terminal. Short messages are also stored in the SIM card. Using
SIM cards was not a possibility with the analog cellular systems, and the existing North
American d i g i t a l cellular standards h a v e not implemented this option. Although
implementing a SIM is a fairly simple concept, i t has a significant impact on the way
that a user transacts w i t h the service provider. A SIM card carries every user’s
personal i n f o r m a t i o n which enables a number o f useful applications.

Because SIM cards carry the private information for a user, a security mocha knish
is implemented i n the GSM that asks for a four-digit PIN number to make the information
o n the card available to the user.

Base Station Subsystem

The BSS communicates with the user through the  wireless air-interface and with
the wired infrastructure through the wired protocols. In other words, it trans  lates
between the air-interface and fixed wired infrastructure protocols. The needs for the
wireless and wired media are different because the wireless medium is unre  liable,



bandwidth limited, and needs to support   mobility. As a result, protocols used in the
wireless and  wired mediums are different. The BSS provides for the translation among
these protocols.

As with speech coding and  dialing, explained in these examples, data trans
mission protocols over the  air-interface are different from  that of the wired  infra
structure. All these translations are performed at the BSS. As we will see  in the
description of GPRS in Chapter 9, to implement packet data services on the same air-
interface as GSM, the BSS also separates packet  switching data from the PSTN traffic
and directs it to the packet switched  data networks. There are two architec  tural
elements in the BSS.

The BTS is the  counterpart of the MS for physical  communication over  the air-
interface. The  BTS components include a transmitter, a receiver, and signaling
equipment to operate over the air-interface, and it is physically located in the cen  ter
of the cells where the BSS antenna is installed. One BSS may have from one up to
several hundred BTSs under its control [RED95].
The second architectural element of the BSS is the BSC, that is a small switch
inside the BSS  in charge of frequency administration and handover among the
BTSs inside a BSS. The hardware of the BSC in single BTS site is located at the an
tenna and in the multi-BTS systems in a switching center where  other hardware el
ements of NSS are located.

Network and Switching Subsystem

The NSS is responsible for network operation. It provides for communications with
other wired and wireless networks, as well as support for registration and mainte  nanceof
the connection with the MSs. The NSS could be interpreted as a wireless spe  cificswitch
that communicates with other switches in the PSTN and at the same time supports
function alities that are needed for a cellular mobile environment. The NSS in the GSM
interconnects  to the PSTN through ISDN protocols. Indeed, in the develop  ment of GSM
a conscious effort has been made  to use ISDN compatible protocols. The NSS is the most
elaborate element of the GSM network, and it has one hardware, MSC, and four software
elements: visitor location register (VLR), home location regis  ter (HLR), equipment
identification register (EIR), and authentication center (AUC).
A MSC is the hardware part of the wireless switch that can communicate
with PSTN  switches using the  signaling system-7 (SS-7) protocol, as well as other
MSCs in the coverage  area of a service provider. Sometime the MSC that commu  nicates
with the PSTN is referred to as Gateway   MSC (GMSC) [RED95]. The MSC also
provides to the network the specific information on the status of the mo  bileterminals.
HLR is database software that handles the management of the mobile sub
scriber account. It stores the subscriber's address, service type, current location,
forwarding address,  authentication/ciphering keys, and billing information. In addi  tion
to the ISDN telephone number for the terminal, the SIM  card is identified with an
international mobile  subscriber identity (IMSI)  number that is totally dif  ferent from
the ISDN telephone number. The IMSI is used totally for internal net  working
applications.

VLR is a temporary database software similar to the HLR identifying the
subscribers visiting inside the coverage area of an MSC. The VLR assigns a tempo-

rary mobile  subscriber identity (TMSI) that is used to avoid using IMSI on the air.



Maintenance of two databases at home and at the visiting site allows a mechanism to
support call routing and dialing in a roaming situation where the MS is visiting the
coverage area of a different MSC. As discussed in Chapter 6 and as we will see in the
later chapters, the mechanism of holding two databases to support mobility is used
almost in all mobile networks.
The A UC holds different algorithms that are used for authentication and en
cryption of the subscribers. Different   classes of SIM  cards have their own algo
rithms, and  the AUC collects all of these algorithms to allow the NSS to operate with
different terminals from different geographic areas.
The EIR is another database managing the identification of the mobile equip
ment against faults and theft. This database keeps the international mobile equip  ment
identity (IMEI)   that reveals the manufacturer, country of production, and terminal
type. Such information can be used to report stolen phones or check if the phone is
operating according  to the specification of its type. The implementation of the EIR  is
left optional to the service provider.

Mechanisms to Support a Mobile Environment

Now that we have described all the hardware and software elements of the GSM
network, we can describe how different functionalities of the network is imple
mented with these elements. Four mechanisms are embedded in all voiceoriented
wireless networks that allow a mobile to establish and maintain a connection with the
network. These mechanisms are registration, call establishment, hand over (or hand-
off), and  security. Registration takes place as soon as one turns the mobile unit on,
call establishment occurs when the user initiates or receives a call, han  doverhelps
the MS to change its connection point to the network, and security pro  tects the user
from fraud and eavesdropping. General description of these mechanisms are in
Chapter 6; in this section we describe the details of their implementation over the GSM
architecture that was described in the last section. To illstrate the complexity of
wireless networks, when we discuss registration   and call establishment in GSM we
compare these mechanisms with their counterpart in POTS.

Registration

When we subscribe to  a POTS service,  the telephone company brings a pair of wires
to our home that is connected to a port of a switch in a PSTN end office. Then our
telephone number is registered in a database in the network, and our registration is
fixed. Therefore, connection and registration process for a wired access to the network
is a one-shot operation,   and after that connection is active and registration is valid as
long as subscription to service is valid. With wireless access to a cellular network, each
time that we turn the MS on we need to establish  a new connection and possibly establish
a new registration with the network. We may actually connect to the network at
different locations through a BS that may not be owned by our service provider.
Therefore, a wireless network needs a registration process that is far more complex than
the registration in wired networks.

Technically speaking, as we turn on an MS it passively  synchronizes to the
frequency, bit, and frame  timings of the closest BS to get ready for information ex
change with the BS.

After this  preliminary setup, the MS reads the system and cell identity to
determine its location in the network. If the current location is not the same as
before,   the MS initiates a registration procedure. During a registration procedure,
network provides the MS with a channel for preliminary signaling. The MS provides
its identity in exchange for the identity of the network, and finally the network



authenticates the MS. The simplest connection takes place if the MS is turned on
in the previous area, and the most complex registration process occurs when the
mobile is turned on in a new MSC area which needs changes in the entries   of the
VLR and HLR. The following example   illustrated the complexity of the registration
process of the GSM when a mobile is turned on in a new MSC.

Figure 3 Registration procedure.

Call Establishment

Call establishment in POTS starts with a dialing process that transfers the num ber
to the nearest PSTN switch where a routing algorithm finds the best con nection
through intermediate switches to the destination. After establishment of the link,
the last switch (end office) at the destination sends a signal back to the source to
announce whether the destination is available or busy that is sig naled to the user
at the source. When the destination POTS terminal is off-hook, another signal is sent
to the source end-office to stop the waiting tone and es tablish the traffic line. In
the mobile environment we have two separate call establishment procedures for
mobile-to-fixed and fixed-to-mobile calls. Mobile to-mobile calls are a combination
of the two. The following two examples pro vide the detailed procedure in the
GSM network for both types of call establishment.

1. Channel request - ... ~



Figure .4 Mobile originated call.

Handoff

Handoff in the United States is referred to as handover in Europe and  hence in
GSM. The procedures for handoff broadly follow the procedures described in
Chapter 6 that dealt with mobility management in general. There are two types of
handover-internal and  external. Internal handover is between BTSs that
belong to the same BSS, and external handovers are between two different BSSs
belong  ingto the same MSC. Sometimes there are handoffs between BSSs that are
con  trolled by two different MSCs. In such a case, the old MSC continues to handle call
management. Roaming between two MSCs in two different countries is prohibited, and
the call simply drops.
Handoff is initiated because of a variety of reasons. Signal strength deteriora
tion is the most common cause for handoff at the edge of a cell. Other reasons in
clude traffic balancing where the hand off is network oriented to ease traffic
congestion by moving  calls in a highly congested cell to a lightly loaded cell. The
handoff could be synchronous where the two cells involved are synchronized or it may
be asynchronous. Because the MS does not have to resynchronize itself in the



Figure 5
Mobile terminated call in a visiting network.
former scenario, the handoff delay is much smaller (100 ms against 200 ms in the
asynchronous case).
Figure 6 shows the handoff procedure between two BSSs that are con
trolled by one MSC. The BTS provides the MS with a list of available  channels in
neighboring cells via the  BCCH. The MS monitors the RSS from the  BCCHs of these
neighboring cells and reports   these values to the MSC using the SACCH. This is
called mobile-assisted handoff as discussed in  Chapter 6. The BTS also monitors the
RSS from the MS to make a handoff decision. Proprietary algorithms are used to decide
when a handoff should be initiated. If a decision to make a handoff is made, the
MSC negotiates a new channel with the new BSS and indi  cates to the MS that a
handoff should be made using a handoff command. Upon completion of the handoff,
the MS indicates this with a handoff complete message to the MSC.

Security

As discussed in Chapter 6, security in cellular systems is implemented to prevent fraud
via authentication, avoid revealing the subscriber  number over the air, and en  crypt
conversations where possible. All these are achieved using proprietary (secret) algorithms
in GSM. The SIM cards discussed in Example 7.1 have a microprocessor chip that can
perform the computations required for security purposes. A secret key K; is stored on the
SIM card, and it is unique to the card. This key is used in two al  gorithms-A3 and A8-
that are used for authentication and confidentiality, respec  tively. For authentication
purposes, the secret key K; is used in a challenge response protocol using the A3
algorithm between the BSS and the MS. The secret key K; is used to generate a privacy
key K, that is used to encrypt messages (voice or data) as the case may be using the A8
algorithm. The control channel signals are encrypted using a third encryption algorithm
called AS. The size of the secret key K; is 128 bits, and the response to the challenge is 32
bits long. Consequently, it is not very secure.



Figure 6 Handoff involving a single MSC and two BSSs.

Another aspect of security in GSM is that the  secret key information is not
shared between systems. Instead a triple consisting of the random number used in
the challenge, the response to the challenge, and the data encryption key K, is ex
changed between the VLR and the HLR. The VLR verifies if the response generated
by the MS is the same. The algorithms A8 and A3 are secret and not  shared between
different systems.
LONG TERM EVOLUTION

LTE stands for Long Term Evolution and it was started as a project in 2004 by
telecommunication body known as the Third Generation Partnership Project (3GPP). SAE
(System Architecture Evolution) is the corresponding evolution of the GPRS/3G packet
core network evolution. The term LTE is typically used to represent both LTE and SAE.

LTE evolved from an earlier 3GPP system known as the Universal Mobile
Telecommunication System (UMTS), which in turn evolved from the Global System for
Mobile Communications (GSM). Even related specifications were formally known as the
evolved UMTS terrestrial radio access (E-UTRA) and evolved UMTS terrestrial radio
access network (E-UTRAN). First version of LTE was documented in Release 8 of the
3GPP specifications.

A rapid increase of mobile data usage and emergence of new applications such as MMOG
(Multimedia Online Gaming), mobile TV, Web 2.0, streaming contents have motivated the
3rd Generation Partnership Project (3GPP) to work on the Long-Term Evolution (LTE) on
the way towards fourth-generation mobile.

The main goal of LTE is to provide a high data rate, low latency and packet optimized
radioaccess technology supporting flexible bandwidth deployments. Same time its network
architecture has been designed with the goal to support packet-switched traffic with
seamless mobility and great quality of service.

LTE Evolution

Year Event
Mar 2000 Release 99 - UMTS/WCDMA

Mar 2002 Rel 5 – HSDPA

Mar 2005 Rel 6 – HSUPA

Year 2007 Rel 7 - DL MIMO, IMS (IP Multimedia Subsystem)



November 2004 Work started on LTE specification

January 2008 Spec finalized and approved with Release 8

2010 Targeted first deployment

Facts about LTE

 LTE is the successor technology not only of UMTS but also of CDMA 2000.
 LTE is important because it will bring up to 50 times performance improvement and much

better spectral efficiency to cellular networks.
 LTE introduced to get higher data rates, 300Mbps peak downlink and 75 Mbps peak uplink.

In a 20MHz carrier, data rates beyond 300Mbps can be achieved under very good signal
conditions.

 LTE is an ideal technology to support high date rates for the services such as voice over IP
(VOIP), streaming multimedia, videoconferencing or even a high-speed cellular modem.

 LTE uses both Time Division Duplex (TDD) and Frequency Division Duplex (FDD) mode.
In FDD uplink and downlink transmission used different frequency, while in TDD both
uplink and downlink use the same carrier and are separated in Time.

 LTE supports flexible carrier bandwidths, from 1.4 MHz up to 20 MHz as well as both
FDD and TDD. LTE designed with a scalable carrier bandwidth from 1.4 MHz up to 20
MHz which bandwidth is used depends on the frequency band and the amount of spectrum
available with a network operator.

 All LTE devices have to support (MIMO) Multiple Input Multiple Output transmissions,
which allow the base station to transmit several data streams over the same carrier
simultaneously.

 All interfaces between network nodes in LTE are now IP based, including the backhaul
connection to the radio base stations. This is great simplification compared to earlier
technologies that were initially based on E1/T1, ATM and frame relay links, with most of
them being narrowband and expensive.

 Quality of Service (QoS) mechanism have been standardized on all interfaces to ensure that
the requirement of voice calls for a constant delay and bandwidth, can still be met when
capacity limits are reached.

 Works with GSM/EDGE/UMTS systems utilizing existing 2G and 3G spectrum and new
spectrum. Supports hand-over and roaming to existing mobile networks.

Advantages of LTE

 High throughput: High data rates can be achieved in both downlink as well as uplink. This
causes high throughput.

 Low latency: Time required to connect to the network is in range of a few hundred
milliseconds and power saving states can now be entered and exited very quickly.

 FDD and TDD in the same platform: Frequency Division Duplex (FDD) and Time
Division Duplex (TDD), both schemes can be used on same platform.

 Superior end-user experience: Optimized signaling for connection establishment and
other air interface and mobility management procedures have further improved the user
experience. Reduced latency (to 10 ms) for better user experience.

 Seamless Connection: LTE will also support seamless connection to existing networks
such as GSM, CDMA and WCDMA.

 Plug and play: The user does not have to manually install drivers for the device. Instead
system automatically recognizes the device, loads new drivers for the hardware if needed,
and begins to work with the newly connected device.

 Simple architecture: Because of Simple architecture low operating expenditure (OPEX).

LTE - QoS



LTE architecture supports hard QoS, with end-to-end quality of service and guaranteed bit
rate (GBR) for radio bearers. Just as Ethernet and the internet have different types of QoS,
for example, various levels of QoS can be applied to LTE traffic for different applications.
Because the LTE MAC is fully scheduled, QoS is a natural fit.

Evolved Packet System (EPS) bearers provide one-to-one correspondence with RLC radio
bearers and provide support for Traffic Flow Templates (TFT). There are four types of EPS
bearers:

 GBR Bearer resources permanently allocated by admission control
 Non-GBR Bearer no admission control
 Dedicated Bearer associated with specific TFT (GBR or non-GBR)
 Default Bearer Non GBR, catch-all for unassigned traffic

NETWORK ARCHITECTURE OF LTE

The high-level network architecture of LTE is comprised of following three main
components:

 The User Equipment (UE).
 The Evolved UMTS Terrestrial Radio Access Network (E-UTRAN).
 The Evolved Packet Core (EPC).

The evolved packet core communicates with packet data networks in the outside world such
as the internet, private corporate networks or the IP multimedia subsystem. The interfaces
between the different parts of the system are denoted Uu, S1 and SGi as shown below:

The User Equipment (UE)

The internal architecture of the user equipment for LTE is identical to the one used by
UMTS and GSM which is actually a Mobile Equipment (ME). The mobile equipment
comprised of the following important modules:

 Mobile Termination (MT) : This handles all the communication functions.
 Terminal Equipment (TE) : This terminates the data streams.
 Universal Integrated Circuit Card (UICC) : This is also known as the SIM card for LTE

equipments. It runs an application known as the Universal Subscriber Identity Module
(USIM).

A USIM stores user-specific data very similar to 3G SIM card. This keeps information
about the user's phone number, home network identity and security keys etc.

The E-UTRAN (The access network)



The architecture of evolved UMTS Terrestrial Radio Access Network (E-UTRAN) has
been illustrated below.

The E-UTRAN handles the radio communications between the mobile and the evolved
packet core and just has one component, the evolved base stations, called eNodeB or eNB.
Each eNB is a base station that controls the mobiles in one or more cells. The base station
that is communicating with a mobile is known as its serving eNB.

LTE Mobile communicates with just one base station and one cell at a time and there are
following two main functions supported by eNB:

 The eBN sends and receives radio transmissions to all the mobiles using the analogue and
digital signal processing functions of the LTE air interface.

 The eNB controls the low-level operation of all its mobiles, by sending them signalling
messages such as handover commands.

Each eBN connects with the EPC by means of the S1 interface and it can also be connected
to nearby base stations by the X2 interface, which is mainly used for signalling and packet
forwarding during handover.

A home eNB (HeNB) is a base station that has been purchased by a user to provide
femtocell coverage within the home. A home eNB belongs to a closed subscriber group
(CSG) and can only be accessed by mobiles with a USIM that also belongs to the closed
subscriber group.

The Evolved Packet Core (EPC) (The core network)

The architecture of Evolved Packet Core (EPC) has been illustrated below. There are few
more components which have not been shown in the diagram to keep it simple. These
components are like the Earthquake and Tsunami Warning System (ETWS), the Equipment
Identity Register (EIR) and Policy Control and Charging Rules Function (PCRF).



Below is a brief description of each of the components shown in the above architecture:

 The Home Subscriber Server (HSS) component has been carried forward from UMTS and
GSM and is a central database that contains information about all the network operator's
subscribers.

 The Packet Data Network (PDN) Gateway (P-GW) communicates with the outside world
ie. packet data networks PDN, using SGi interface. Each packet data network is identified
by an access point name (APN). The PDN gateway has the same role as the GPRS support
node (GGSN) and the serving GPRS support node (SGSN) with UMTS and GSM.

 The serving gateway (S-GW) acts as a router, and forwards data between the base station
and the PDN gateway.

 The mobility management entity (MME) controls the high-level operation of the mobile by
means of signalling messages and Home Subscriber Server (HSS).

 The Policy Control and Charging Rules Function (PCRF) is a component which is not
shown in the above diagram but it is responsible for policy control decision-making, as well
as for controlling the flow-based charging functionalities in the Policy Control Enforcement
Function (PCEF), which resides in the P-GW.

The interface between the serving and PDN gateways is known as S5/S8. This has two
slightly different implementations, namely S5 if the two devices are in the same network,
and S8 if they are in different networks.

Functional split between the E-UTRAN and the EPC

Following diagram shows the functional split between the E-UTRAN and the EPC for an
LTE network:



LTE -Orthogonal Frequency Division Multiplexing (OFDM)

To overcome the effect of multi path fading problem available in UMTS, LTE uses
Orthogonal Frequency Division Multiplexing (OFDM) for the downlink - that is, from the
base station to the terminal to transmit the data over many narrow band careers of 180 KHz
each instead of spreading one signal over the complete 5MHz career bandwidth ie. OFDM
uses a large number of narrow sub-carriers for multi-carrier transmission to carry data.

Orthogonal frequency-division multiplexing (OFDM), is a frequency-division multiplexing
(FDM) scheme used as a digital multi-carrier modulation method.

OFDM meets the LTE requirement for spectrum flexibility and enables cost-efficient
solutions for very wide carriers with high peak rates. The basic LTE downlink physical
resource can be seen as a time-frequency grid, as illustrated in Figure below:

The OFDM symbols are grouped into resource blocks. The resource blocks have a total size
of 180kHz in the frequency domain and 0.5ms in the time domain. Each 1ms Transmission
Time Interval (TTI) consists of two slots (Tslot).



Each user is allocated a number of so-called resource blocks in the time.frequency grid. The
more resource blocks a user gets, and the higher the modulation used in the resource
elements, the higher the bit-rate. Which resource blocks and how many the user gets at a
given point in time depend on advanced scheduling mechanisms in the frequency and time
dimensions.

The scheduling mechanisms in LTE are similar to those used in HSPA, and enable optimal
performance for different services in different radio environments.

Advantages of OFDM

 The primary advantage of OFDM over single-carrier schemes is its ability to cope with
severe channel conditions (for example, attenuation of high frequencies in a long copper
wire, narrowband interference and frequency-selective fading due to multipath) without
complex equalization filters.

 Channel equalization is simplified because OFDM may be viewed as using many slowly-
modulated narrowband signals rather than one rapidly-modulated wideband signal.

 The low symbol rate makes the use of a guard interval between symbols affordable, making
it possible to eliminate inter symbol interference (ISI).

 This mechanism also facilitates the design of single frequency networks (SFNs), where
several adjacent transmitters send the same signal simultaneously at the same frequency, as
the signals from multiple distant transmitters may be combined constructively, rather than
interfering as would typically occur in a traditional single-carrier system.

Drawbacks of OFDM

 High peak-to-average ratio
 Sensitive to frequency offset, hence to Doppler-shift as well

SC-FDMA Technology

LTE uses a pre-coded version of OFDM called Single Carrier Frequency Division Multiple
Access (SC-FDMA) in the uplink. This is to compensate for a drawback with normal
OFDM, which has a very high Peak to Average Power Ratio (PAPR).

High PAPR requires expensive and inefficient power amplifiers with high requirements on
linearity, which increases the cost of the terminal and drains the battery faster.



SC-FDMA solves this problem by grouping together the resource blocks in such a way that
reduces the need for linearity, and so power consumption, in the power amplifier. A low
PAPR also improves coverage and the cell-edge performance.

WiMAX

Worldwide Interoperability for Microwave Access (WiMAX), is a wireless

communications technology aiming to provide wireless data over long distances in a variety

of ways as an alternative to cable and DSL, from point- to-point links to full mobile cellular

type access. It is based on the IEEE 802.16 standard.

Technical overview of WiMAX

Physical layer

The original WiMAX standard (IEEE 802.16) specified WiMAX for the 10 to 66

GHz range with a theoretical maximum bandwidth of 120 Mb/s and maximum transmission

range of 50 km, supporting however only LOS transmission. The

802.16a standard, updated in 2004 to 802.16-2004 (also known as 802.16d) , added

specifications for the 2 to 11 GHz range and adopts Orthogonal  Frequency Division

Multiple Access (OFDM) at the physical layer. The

802.16-2004 standard was subsequently updated to 802.16e in 2005 and uses Scalable

OFDM (SOFDMA) supporting channel bandwidths of between

1.25 MHz and 20 MHz with up to 2048 sub-carriers, as opposed to the OFDM version with

256 sub-carriers (of which 200 are used) in 802.16d. More advanced versions, including the

802.16e standard, also bring Multiple Antenna Support through Multiple-Input Multiple-

Output communications (MIMO). This brings potential benefits in terms of coverage, self

installation, power consumption, frequency re-use and bandwidth efficiency. The 802.16e

(Mobile WiMAX) standard also adds a capability for full mobility support .

Most commercial interest is in the 802.16d and 802.16e standards, since the lower

frequencies used in these variants suffer less from inherent signal attenuation and therefore

give improved range and in-building penetration. Already today, a number of networks

throughout the world are in commercial operation using certified WiMAX equipment

compliant with the 802.16d standard.

MAC/data link layer

The 802.16 Medium Access Control (MAC) layer uses a scheduling algorithm for which

the subscriber station need compete once, i.e. for initial entry into the network). After

that it is allocated an access slot by the base station. The time slot can enlarge and contract,

but remains assigned to the subscriber station, which means that other subscribers cannot



use it. In addition to being stable under overload and over-subscription (unlike 802.11), the

802.16 scheduling algorithm can also be more bandwidth efficient. The scheduling

algorithm also allows the base station to control QoS parameters by balancing the time-slot

assignments among the application needs of the subscriber stations.

Architecture

The Mobile WiMAX End-to-End Network Architecture is based on an All-IP platform, all

packet technology with no legacy circuit telephony. It offers the advantage of reduced total

cost of ownership during the lifecycle of a WiMAX network deployment. The use of All-

IP means that a common network core can be used, without the need to maintain both

packet and circuit core networks, with all the overhead that goes with it. Following are the

basic requirements that have guided the WiMAX architecture development .

1. The   architecture   is based on a packet-switched framework, including native

procedures based on the IEEE 802.16 standard, its amendments and Ethernet standards.

2. The architecture permits decoupling of access architecture and supported topologies

from connectivity IP service. Network elements of the connectivity system are

agnostic to the IEEE

802.16 radio specifics.

3. The architecture allows modularity and flexibility to accommodate a broad range of

deployment options such as:

• Small-scale to large-scale (sparse to dense radio coverage and capacity) WiMAX

networks

• Urban, suburban, and rural radio propagation environments

• Licensed and/or licensed-exempt frequency bands

• Hierarchical, flat, or mesh topologies, and their variants

• Co-existence of fixed, nomadic, portable and mobile usage models

4. The end-to-end architecture includes the following support for services and applications:

• Voice, multimedia services and other mandated regulatory services such as emergency

services and lawful interception

• Access to a variety of independent Application Service

Provider (ASP) networks in an agnostic manner

• Mobile telephony communications using VoIP

• Support interfacing with various interworking and media gateways permitting

delivery of incumbent/legacy services translated over IP, e.g. SMS over IP, MMS, WAP, to

WiMAX access networks



• Support delivery of IP Broadcast and Multicast services over

WiMAX access networks

5. Interworking and Roaming is another key strength of the End-to- End Network

Architecture with support for a number of deployment scenarios.

WiMAX Forum industry participants have identified a WiMAX Network Reference Model

(NRM) that is a logical representation of the network architecture. The NRM identifies

functional entities and reference points over which interoperability is achieved between

functional entities. The architecture has been developed with the objective of providing

unified support of functionality needed in a range of network deployment models and usage

scenarios (ranging from fixed – nomadic – portable – simple mobility – to fully mobile

subscribers).

The NRM, illustrated in Figure 1, consists of the following logical entities: Subscriber

Station/Mobile Station (SS/MS), Access Service Network (ASN), Connectivity Service

Network (CSN), Network Access Provider (NAP) and Network Service Provider (NSP).

MS, ASN, and CSN are clearly identified reference points for interconnection of the logical

entities. The figure depicts the key normative reference points R1-R5. Each of the entities,

MS, ASN and CSN represent a grouping of functional entities. Each of these functions may

be realized in a single physical device or may be distributed over multiple physical devices.

The grouping and distribution of functions into physical devices within a functional entity,

such as ASN is an implementation choice; a manufacturer may choose any physical

implementation of functions, either individually or in combination, as long as the

implementation meets the functional and interoperability requirements.

The ASN defines a logical boundary and represents a convenient way to describe

aggregation of functional entities and corresponding message flows associated with the

access services. The ASN represents a boundary for functional interoperability  with

WiMAX  clients, WiMAX connectivity  service functions  and  aggregation  of functions

embodied  by  different  vendors. Mapping of functional entities to logical entities within

ASNs as depicted in the NRM  may be  performed  in  different  ways.  The  WiMAX

Forum  is  in  the process of network specifications in a manner that would allow a variety

of vendor implementations that are interoperable and suited for a wide diversity of

deployment requirements.



Figure 1: The WiMAX Network Reference Model.

The CSN is defined as a set of network functions that provide IP connectivity services to

the WiMAX subscriber(s). A CSN may comprise network elements such  as routers,  AAA

proxy/servers, user  databases  and Interworking gateway devices. Figure 2 provides a

more basic view of the many entities within the functional groupings of ASN and CSN.

Figure 2: WiMAX Network IP-Based Architecture.

Integration with WiMAX

There  are  numerous  potential  applications  related to  IEEE  802.16, as depicted in

Figure 3. It can provide high-speed mobile data and telecommunications services

comparable to the emerging 4G technologies [5]. It offers a wireless alternative to cable

and digital subscriber line (DSL) for last mile broadband access. It can also be used to

connect WiFi hotspots with each other and to the Internet. However, there are many

technical challenges to wide adaptation of WiMAX, in particular its coexistence and



interoperability with other wireless technologies [6].

Figure 3: Potential WiMAX applications in a realistic scenario.

With the introduction of mobile WiMAX rises the question of coverage and throughput that

can be provided to the end users. In general, using WiMAX Base Stations (BS) to provide

wide coverage for an entire region can still be economically infeasible due to the high cost

of setup and maintenance of infrastructure. Furthermore, with the existing 3G or/and other

cellular infrastructure available, cost issues will always remain a major concern hindering

the deployment of WiMAX. The IEEE 802.16j Working Group aims to solve these issues

through the use of multihop relay stations in an attempt to extend the coverage area and

improve throughput at a feasible economical level, as illustrated in Figure 4. The

optimization of various performance aspects across multihop relay stations to BSs is one of

the potential research problems.

Figure 4: Example scenario of multihop relay stations.

Interoperability between WiMAX and other wireless technologies is expected to attract

much interest from the research community. The bottom line is how WiMAX will

complement other wireless technologies, especially WLAN, to provide a more

comprehensive wireless network.



From the MAC perspective, one of the main issues is how to allow MAC information

associated with a data frame to be mapped correctly across different wireless platforms. For

example, one possible IEEE 802.16 deployment is to combine IEEE 802.16 and IEEE

802.11 to form a wireless network for both outdoors and indoors. This is because it may not

be practical or economically feasible to use WiMAX for providing full coverage of an

indoor environment as obstruction and building materials can attenuate outdoor

signals to a large extent. To provide more complete coverage of indoor and outdoor

environments, it seems natural to use a mix of IEEE 802.16 and IEEE

802.11. For multimedia traffic transmission with mobility, the best combination to use is

IEEE 802.16e and IEEE 802.11e. IEEE 802.11e is specified to support QoS over WLAN.

A specific scenario, where an end user performs a handover from an IEEE

802.16e network to an IEEE 802.11e network, can be seen in Figure 5. The core network

represents the backbone of the overall network, which provides connectivity for BSs and

APs. One of the key requirements is to ensure seamless handover with minimum service

disruption to applications. In such a scenario there is a need to map the application-specific

QoS parameters across different wireless platforms, which in this case are IEEE 802.16e

and IEEE 802.11e. One of the challenges is to sufficiently map different QoS profiles using

a limited set of QoS parameters and ensure that the QoS requirements are fulfilled as they

map from one platform to another. Furthermore, the fact that QoS mechanisms in two

platforms are inherently different can bring considerable difficulty in ensuring proper end-

to-end QoS provisioning.

Figure 5: Integrated IEEE 802.16e and IEEE 802.11e scenario.

Another problem is rerouting packets from the WiMAX BS to the 802.11e AP. The

network must be able to recognize the handover and reroute packets appropriately such that

there is minimum disruption to the traffic routing. In such  cases  the  challenge  is to

ensure  that  the  packet  reroute  time  is sufficiently short to handle any QoS



transmission latency caused by the handover. Thus, there is a need to design intelligent

routing protocols that can work across different wireless platforms.

Many of these issues are applicable to the interoperation of WiMAX with other wireless

technologies, such as 3G/4G. However, up to this point, mobile WiMAX and GSM/3G are

considered as competing rather than complimentary technologies. This is not the case

between WiMAX and WLAN, as already discussed and it is more likely in the near future

for network operators to deploy wireless networks as the one shown in Figure 6, based on

IP architecture (CPE stands for Customer Premises Equipment).

Figure 6: Hybrid WiMAX-WLAN implementation.

Localization in WiMAX

In this Section we investigate the applicability of standard positioning techniques, such as

AoA, ToA  or RSS based , in WiMAX wireless networks and discuss possible problems.

The overall  goal  is  to  provide  improved  accuracy  with  existing techniques, by

exploiting the special features of WiMAX technology and evaluate new methods that are

tailored to the advanced characteristics of WiMAX.

Standard positioning techniques

The WiMAX technology offers increased coverage and signal reception levels in NLOS

deployments. In general, this is expected to improve the accuracy and  availability  of

existing cellular positioning  techniques, since  location related information, such as

timing or signal strength measurements, will be available even under bad propagation

conditions. The enhanced features in WiMAX make it possible to use indoor CPE. This has

two main challenges; firstly overcoming the building penetration losses and secondly,

covering reasonable distances with the lower transmit powers and antenna gains that are

usually associated with indoor CPEs. WiMAX makes this possible and the NLOS coverage



can be further improved by leveraging some of WiMAX’s optional capabilities. WiMAX

technology solves or mitigates the problems resulting from NLOS conditions by using:

• OFDM technology.

• Sub-Channelization.

• Directional antennas.

• Transmit and receive diversity.

• Adaptive modulation.

• Error correction techniques.

• Power control.

Some  of these  optional  features,  related  to  positioning  methods,  are directional

antennas and power control. Adaptive Antenna Systems (AAS) have  beamforming

properties  that  can  steer  their  focus  to  a  particular direction or directions. This means

that while transmitting, the signal can be limited to the required direction of the receiver;

like a spotlight. Conversely when receiving, the AAS can be made to focus only in

the direction from where the desired signal is coming from. They also have the property of

suppressing co-channel interference from other locations. AASs are

considered to be future developments that could eventually improve the spectrum re-use

and capacity of a WiMAX network. With the proliferation of AASs in WiMAX

deployments, AoA techniques are expected to be used on a more standard basis, especially

in rural environments.

Power control algorithms are used to improve the overall performance of the system. It is

implemented by the BS sending power control information to each  of  the  CPEs  to

regulate  the  transmit power  level  so that the level received at the base station is at a

pre-determined level. In a dynamical changing fading environment this pre-determined

performance level means that the CPE only transmits enough power to meet this

requirement. The converse would be that the CPE transmit level is based on worst-case

conditions. The power control reduces the overall power consumption of the CPE and the

potential interference with other co-located base stations. For LOS the transmit power of

the CPE is approximately proportional to the distance from the BS. However, for NLOS it

is heavily dependant on the clearance  and  obstructions.  The  Power  Control  feature is

expected  to degrade  the accuracy and availability  of the positioning  techniques  that

require measurements from multiple reference points, i.e. neighboring BSs. To locate a

cellular phone using network-based methods, such as TOA and TDOA, the cellular phone

needs to be able to communicate with at least three geometrically dispersed BSs.

Unfortunately, this requirement may not be satisfied due to the “near-far” effect occurring



in some radio channels, such as CDMA  channels  used  in  3G  networks.  Hearability,  i.e.

the  ability  of  the receiver to detect signals from a sufficient number of BSs to perform

positioning, is further deteriorated by Power Control schemes, which attempt to adjust

signal power to the minimum required level to maximize system capacity.

Finally, the density of infrastructure in a pure WiMAX network is expected to decrease the

performance of positioning techniques based on trilateration or multilateration. A standard

BS that meets only the mandatory specifications, in a basic WiMAX implementation,

provides coverage of 10-16 km in LOS and 1-

2 km in NLOS conditions. This results in sparse BS deployments, where the

reference points used in positioning techniques are widely dispersed.



However, this can be alleviated by the use of multihop Relay Stations (RS), specified in

IEEE 802.16j standard, which provide extended cell coverage; see Figure 7. Therefore,

the positioning accuracy can be increased by enforcing a denser BS/RS deployment to

sufficiently support localization.

Figure 7: MS moving from BS to RS.

Cooperative positioning

Current technology trends and roadmaps show that even if WiMAX prevails over GSM/3G

in the near future in the cellular mobile network market, it will still be complemented by

shorter range wireless access networks, such as WLAN, in hybrid deployments. In such

hybrid networks the most promising architectural  upgrade  relies  on  the  use  of  a

combination  of  the  cellular network model with the peer-to-peer (P2P) one, which is

usually used only in a special class of wireless networks  called ad-hoc  networks.

Whereas in conventional cellular networks mobile hosts operate in a purely peer-agnostic

fashion, in ad-hoc networks, they act cooperatively as routers or relays for other hosts,

where the communication is enabled through multi-hopping without the need for a

centralized base station. This form of cooperation is a new research topic, as far as

localization is concerned.

The underlying concept of cooperative mobile positioning is based on the exploitation of

reliable short-range mobile-to-mobile measurements to



increase the location estimation accuracy of a wireless system, which is usually provided only

with unreliable  long-range  fixed-to-mobile measurements. A cooperative positioning system

supported by a hybrid WiMAX/WLAN network has been presented in [9]. The proposed system

architecture is depicted in Figure 8. The cellular system is modelled according to the IEEE 802.16e

standard and the ad-hoc link between MS1 and MS2 is modelled according to the IEEE 802.11a

standard. The scenario consists of four synchronized BSs, organized in a cell with radius R = 3 km,

and two MSs separated by a distance of 30 m. The target MS for which the position estimation will

be performed is assumed to be connected to the serving BS, being BS1. TDoA and RSS

measurements are combined using advanced data fusion techniques in order to achieve improved

accuracy.

Figure 8: Cooperative positioning system architecture.
Properties of the Spread Spectrum

• Transmission bandwidth is much larger than information bandwidth.

• Bandwidth does not depend on the informational signal.

• Processing gain = Transmitted bandwidth/ Information bandwidth.

• Classification:

– Direct sequence: Data is scrambled by user specific pseudo noise code at the transmitter side.

– Frequency Hopping: The signal is spread by changing the frequency over the transmitted time of the
signal:

• Fast frequency hopping.

• Slow frequency hopping.



– Time Hopping: The data is divided into frames, that itself are divided into time
intervals. The data is burst is hopped over the frames by utilising code sequences.

Background of SS

• First publications late 40s.

– Patent proposal in 1941.

• 1949 C. Shannon and R. Pierce develop basic ideas of CDMA.

• First applications 50s.

– Military with very low C/I, Anti-jam.

• RAKE receiver patent 1956.

• Cellular applications proposed late 70s.

• Investigations for cellular use 80s.

• IS-95 standard 1993.

– Commercial introduction in 1995.

• 1997/1998 3G technology choice in ETSI/ARIBA/TTA … .

TDMA based system

WCDMA based system
• All users share the same frequency time domain.
• Users separated by the codes.

b

• Codes are orthogonal: ∫ c1 ( t ) c2 tdt 

a
• FDD frequency division duplex.

– Uplink, downlink in separate frequency bands

• TDD time division duplex.



– Uplink, downlink in the same frequency band and separated in time.

Processing Gain and Spreading
• A narrowband signal is spread to a wideband signal.

• Information rate at the input of the
encoder is R bits

s

• Available bandwidth is W Hz

• In order to utilize the entire available bandwidth the phase of the modulator is shifted pseudo
randomly, according to the pattern from the PN generator at W times/sec.

 Chip is the rectangular pulse which occupies
the whole bandwidth 1 Tc
W

• The duration of Tcis called chip interval
High bit rate means less processing gain and higher transmit power or smaller coverage



Codes

• Requirements for the spreading codes:

– Good auto-correlation properties. For separating different paths.

– Good cross-correlation properties. For separating different channels.



Channelisation codes used for channel separation from the same source.

• Same codes from all the cells.

• Short codes: used for channel separation in Uplink and Downlink.

– Othogonality property, reduce interference.

– Different spreading factors, different symbol rates.

– Limited resource, must be managed.

– Do not have good correlation properties, need for additional long code.

Scrambling codes.

• Long Codes:

– Good correlation properties.

– Uplink: different users.

– Downlink: different BS.

Long and Short Codes

The tree of orthogonal codes
• Orthogonal short codes will only be useful if channel can be synchronised in the symbol level.

– Mainly used in DL.

• Orthogonal Variable Spreading Factor technique.

• Orthogonality preserved across the different symbol rates.

• Codes must be allocated in RNC.

• Code tree may become fragmented code reshuffling may be needed.

• Provision of multiple code trees within one sector by concatenation with multiple sector specific
long codes.



Generation of a scrambling codes

• Spreading code is output of the binary shift register generator.

• Pseudo random codes are used: cyclic.

• Maximal length codes m-sequences: sequences that have maximal possible sequence given the
length of the shift registers.

• UL long scrambling code: complex scrambling codes, sum of two m-sequences (Gold sequence)
generators:
– X25+X3+1.
– X25+X3+X2+X+1

 UL short scrambling codes.
– Sequence length around 255 chip.

• DL scrambling sequences:
• – Constructed by combining two real sequences with generator polynomials:•
• – 1+X7+X18

• – 1+X5+X7+ X10+X18



Direct sequence (DS) Spread Spectrum


