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INTRODUCTION
• Mobile communications has become an everyday commodity.
• In the last decades, it has evolved from being  an expensive

technology for  a  few  selected  individuals  to  today’s
ubiquitous  systems(seeming to be everywhere)  used by  a
majority  of  the  world’s  population.

• Radio  communication technology was  first invented  by
Guglielmo Marconi in the 1890s

• To  understand  the  complex  mobile-communication  systems
of  today,  it  is  important  to  understand  where they came
from and how cellular systems have evolved.

• The task of developing complex mobile technology was
undertaken by global standards-developing organizations such
as the Third Generation Partnership Project(3GPP) and
involving thousands of people.



• Mobile communication technologies are often divided into
generations

• 1G being the analog mobile radio systems of the 1980s, 2G
the first digital mobile systems, and 3G the first mobile
systems handling broadband data.

• Long-Term Evolution(LTE) is often called “4G”.
• LTE and LTE-Advanced is the same technology.
• 3GPP is working continuously to improve LTE and LTE

advanced



EVOLUTION OF MOBILE SYSTEMS
BEFORE LTE

• The US Federal Communications Commission(FCC) approved the first
commercial car-borne telephony service in 1946, operated by AT&T.

• In 1947 AT&T also introduced the cellular concept of reusing radio
frequencies, which became fundamental to all subsequent mobile-
communication systems.

• Similar systems were operated by several monopoly telephone
administrations and wire-line operators during the 1950s and 1960s,
using bulky and power-hungry equipment and providing car-borne
services for a very limited number of users

• The big uptake of subscribers and usage came when mobile
communication became an international  concern  involving  several
interested  parties



• The  first international mobile communication systems were started in the
early 1980s;

• The best-known ones are NMT(NORDIAC MOBILE TELEPHONE SERVICE) that
was started up in the Nordic countries, Advanced Mobile Phone
Services(AMPS) in the USA, TACS (TOTAL ACCESS COMMUNICATION
SYSTEM)in Europe, and J-TACS in Japan.

• Equipment was still bulky, mainly car-borne, and voice quality was often
inconsistent, with “cross-talk” between  users  being  a  common  problem

• With  NMT  came  the  concept  of “roaming”, giving a service also for users
traveling outside the area of their “home” operator

• This also gave a larger market for mobile phones, attracting more companies
into the mobile-communication business

• The analog first-generation cellular systems supported “plain old telephony
services” (POTS) – that is, voice with some related supplementary services.



• Second generation of mobile-communication standards and
systems(digital technology) was developed in the year 1980 and uses
digital communication technology.

• Digital technology (2G)increase the capacity of the systems, consistent
quality of the service, and to develop much more attractive and truly
mobile devices.

• In Europe,in the middle of 1980s, telecommunication administration
started a GSM(Global system for mobile communication)project to
develop a pan European mobile telephone system.

• Later they developed  a  new European Telecommunication  Standards
Institute (ETSI).



• The GSM  standard was  based  on Time-Division Multiple  Access (TDMA).,
• US-TDMA  standard and  the Japanese  PDC (Personal Digital cellular) standard

that  were introduced in the same time frame.
• Code-Division Multiple  Access(CDMA) standard called IS-95 was completed in the

USA in 1993
• All these standards were “narrowband” in the sense that targeted “low-

bandwidth” services such as voice.
• With the second-generation digital mobile communications came also the

opportunity  to provide data services over the mobile-communication networks.
• The primary data services introduced in 2G were text messaging (Short Message

Services, SMS) and circuit-switched data services enabling e-mail and other data
applications, initially at a modest peak data rate of 9.6 kbit/s.



• Higher data rates were introduced later in 2G systems by assigning multiple time slots to a
user and  through modified coding schemes.

• Packet  data over  cellular  systems  became  a  reality  during  the  second  half  of  the
1990s

• General Packet Radio Services(GPRS) is introduced in GSM and packet data also added to
other cellular technologies such as the Japanese PDC standard.

• These technologies are often referred to as 2.5G.
• With the advent of 3G and the higher-bandwidth radio interface of UTRA (Universal

Terrestrial Radio Access) added a new services to 2G and 2.5G.
• The 3G radio access development is today handled in 3GPP. However, the initial steps for 3G

were taken in the early 1990s, long before 3GPP was formed
• GSM was a pan European project, but it quickly attracted worldwide interest when the GSM

standard was deployed in  a number of countries outside Europe.
• A global standard gains in economy of scale, since the market  for products becomes larger.

This has driven a much tighter international cooperation around 3G cellular technologies
than for the earlier generations.



The First 3G Standardization
• Work on a third-generation mobile communication started in ITU

(International Telecommunication Union) in the 1980s, first under the
label Future Public Land Mobile Telecommunications Systems (FPLMTS),
later changed to IMT-2000

• The World Administrative Radio Congress WARC-92 allotted 230MHz of
spectrum for IMT-2000 on a worldwide basis.

• Of these 230MHz, 2  X60MHz was identified as paired spectrum for FDD
(Frequency-Division Duplex) and 35MHz as unpaired spectrum for TDD
(Time-Division Duplex), both for terrestrial use.

• Some spectrum was also set aside for satellite services. With that, the
stage was set to specify IMT-2000.

• In parallel with the widespread deployment and evolution of 2G mobile-
communication systems during the 1990s, substantial efforts were put
into 3G research activities worldwide



• In Europe, a number of partially EU-funded projects resulted in a multiple
access concept that included a Wideband CDMA component that was
input to ETSI in 1996

• . In Japan, the Association of Radio Industries and Businesses (ARIB) was
at the same time defining a 3G wireless communication technology based
on Wideband CDMA

• USA a Wideband CDMA concept called WIMS was developed within the
T1.P1 committee.

• South Korea also started work on Wideband CDMA at this time.



• When the standardization activities for 3G started in ETSI in 1996,
there were WCDMA concepts proposed both from a European
research project (FRAMES) and from the ARIB standardization in
Japan.

• The Wideband CDMA proposals from Europe and Japan were
merged and came out as part of the winning concept in early 1998
in the European work on Universal Mobile Telecommunication
Services (UMTS), which was the European name for 3G

• Standardization of WCDMA continued in parallel  in  several
standards  groups  until  the  end  of  1998,  when  the Third
Generation  Partnership Project (3GPP) was  formed  by
standards-developing  organizations  from  all  regions  of  the
world.



• This solved the problem of trying to maintain parallel development of
aligned specifications in multiple regions.

• The present organizational partners of 3GPP are ARIB (Japan), CCSA
(China), ETSI (Europe), ATIS (USA), TTA (South Korea), and TTC (Japan).

• At this time, when the standardization bodies were ready to put the
details into the 3GPP specifications, work on 3G mobile systems had
already been ongoing for some time in the international arena  within  the
ITU-R.

• That work was influenced by and also provided a broader international
framework for the standardization work in 3GPP



ITU ACTIVITIES
• 3G (IMT-2000) and 4G (IMT-Advanced) was developed by ITU-R Working

Party  5D (WP5D)
• WP5D does not write technical specifications for IMT
• But has kept the role of defining IMT in cooperation with the regional

standardization bodies  and to maintain a set of recommendations for
IMT-2000 and IMT  Advanced.

• The main IMT-2000 recommendation is ITU-R M.1457 , which identifies
the IMT-2000 radio interface  specifications (RSPC)

• The  recommendation  contains  a  “family”  of  radio  interfaces,  all
included on an equal basis.



• The family of six terrestrial radio interfaces is illustrated in Figure 1.1,
which also shows the Standards Developing Organizations(SDO) or
Partnership Projects that produce the specifications.



• In addition, there are several IMT-2000 satellite radio
interfaces defined, not illustrated in Figure 1.1

• For each radio interface, M.1457 contains an overview of the
radio interface, followed by a list of references to the detailed
specifications

• The actual specifications are maintained by the individual
SDOs and M.1457 provides references to the specifications
maintained by each SDO

• With  the  continuing  development  of  the  IMT-2000  radio
interfaces,  including  the  evolution  of UTRA(UNIVERSAL
TERRESTRIAL RADIO ACESS) to Evolved UTRA, the ITU
recommendations also need to be updated



• ITU-R WP5D continuously revises recommendation M.1457 and at the
time of writing it is in its ninth version.

• Input to the updates is provided by the SDOs and Partnership Projects
writing the standards.

• In the latest revision of ITU-R M.1457, LTE (or E-UTRA) is included in the
family through the 3GPP family members for UTRA FDD and TDD, as
shown in the figure.

• In  addition  to  maintaining  the  IMT-2000  specifications,  a  main
activity  in  ITU-R WP5D  is  the work on systems beyond IMT-2000, now
called IMT-Advanced



• The term IMT-Advanced is used for systems that include new radio
interfaces supporting the new capabilities of systems beyond IMT2000, as
demonstrated with the “van diagram” in Figure 1.2



• The step into IMT-Advanced capabilities is seen by ITU-R as the step into
4G, the next generation of mobile technologies after 3G.

• The process for defining IMT-Advanced was set by ITU-R WP5D [3] and
was quite similar to the process used in developing the IMT-2000
recommendations.

• ITU-R first concluded studies for IMTAdvanced of services and
technologies, market forecasts, principles for standardization, estimation
of spectrum needs, and identification of candidate frequency bands

• Evaluation criteria were agreed, where proposed technologies were to be
evaluated according to a set of minimum technical requirements



• All ITU members and other organizations were then invited to the process
through a circular letter [5] in March 2008.

• After submission of six candidate technologies in 2009, an evaluation was
performed in cooperation with external bodies such as standards-
developing organizations, industry forums, and national groups.

• An evolution of LTE as developed by 3GPP was submitted as one candidate
to the ITU-R evaluation.

• While actually being a new release (release 10) of the LTE system and thus
an integral part of the continuing LTE development, the candidate was
named LTE-Advanced for the purpose of ITU submission.

• 3GPP also set up its own set of technical requirements for LTE-Advanced,
with the ITU-R requirements as a basis



• The target of the process was always harmonization of the candidates
through consensus building.

• ITU-R determined in October 2010 that two technologies will be included
in the first release of IMT-Advanced, those two being LTE release 10 (“LTE-
Advanced”) and WirelessMAN-Advanced [6] based on the IEEE 802.16m
specification

• The two can be viewed as the “family” of IMT-Advanced technologies as
shown in Figure 1.3.



• The main IMT-Advanced recommendation, identifying the IMTAdvanced
radio interface specifications, is presently named ITU-R.[IMT.RSPEC] [7]
and will be completed during 2011

• As for the corresponding IMT-2000 specification, it will contain an
overview of each radio interface, followed by a list of references to the
detailed specifications.



SPECTRUM FOR IMT SYSTEM
• Another major activity within ITU-R concerning IMT-Advanced has been to

identify globally available spectrum, suitable for IMT systems.
• The spectrum work has involved sharing studies between IMT and other

technologies in those bands
• Adequate spectrum availability and globally harmonized spectrum are

identified as essential for IMT-Advanced.
• Spectrum for 3G was first identified at the World Administrative Radio

Congress WARC-92, where 230 MHz was identified as intended for use by
national administrations that want to implement IMT-2000

• The so-called IMT-2000 “core band” at 2 GHz is in this frequency range
and was the first band where 3G systems were deployed



• Additional spectrum was identified for IMT-2000 at later World Radio
communication conferences.

• WRC-2000 identified the existing 2G bands at 800/900 MHz and 1800/1900 MHz
plus an additional 190 MHz of spectrum at 2.6 GHz, all for IMT-2000

• As additional spectrum for IMT-2000, WRC’07 identified a band at 450 MHz, the
so-called “digital dividend” at 698–806 MHz, plus an additional 300 MHz of
spectrum at higher frequencies

• The applicability of these new bands varies on a regional and national basis.
• The worldwide frequency arrangements for IMT-2000 are outlined in ITU-R

recommendation M.1036 [8], which is presently being updated with the
arrangements for the most recent frequency bands added at WRC’07

• The recommendation outlines the regional variations in how the bands are
implemented and also identifies which parts of the spectrum are paired and which
are unpaired



• For the paired spectrum, the bands for uplink (mobile transmit) and
downlink (base-station transmit) are identified for Frequency-Division
Duplex (FDD) operation

• The unpaired bands can, for example, be used for Time-Division Duplex
(TDD) operation



DRIVERS OFLTE

• The rapid increase in use of the internet to
provide all kinds of services since the 1990s
started at the same time as 2G and 3G mobile
systems came into widespread use.

• The natural next step was that those internet-
based services also moved to the mobile
devices, creating what is today know as
mobile broadband



• Being able to support the same Internet Protocol (IP)-based
services in a mobile device that people use at home with a
fixed broadband connection is a major challenge and a prime
driver for the evolution of LTE.

• A few services were already supported by the evolved 2.5G
systems, but it is not until the systems are designed primarily
for IP-based services that the real mobile IP revolution can
take off

• An interesting aspect of the migration of broadband services
to mobile devices is that a mobile “flavor” is also added



• The mobile position and the mobility and
roaming capabilities do in fact create a whole
new range of services tailored to the mobile
environment.

• Fixed telephony (POTS) and earlier
generations of mobile technology were built
for circuit switched services, primarily voice



• The first data services over GSM were circuit
switched, with packet-based GPRS coming in as a
later addition

• This also influenced the first development of 3G,
which was based on circuit switched data, with
packet-switched services as an add-on

• It was not until the 3G evolution into HSPA and
later LTE/LTE-Advanced that packet-switched
services and IP were made the primary design
target



• The old circuit-switched services remain, but will on LTE be provided over
IP, with Voice-over IP (VoIP) as an example

• Data rate: Many services with lower data rates such as voice services are
important and still occupy a large part of a mobile network’s overall
capacity.

• But it is the higher data rate services that drive the design of the radio
interface

• The ever increasing demand for higher data rates for web browsing,
streaming and file transfer pushes the peak data rates for mobile systems
from kbit/s for 2G, to Mbit/s for 3G and getting close to Gbit/s for 4G.

• DELAY: Interactive services such as real-time gaming, but also web
browsing and interactive file transfer, have requirements for very low
delay, making it a primary design target



• . There are, however, many applications such as
e-mail and television where the delay
requirements are not as strict

• The delay for a packet sent from a server to a
client and back is called latency.

• Capacity:From the mobile system operator’s
point of view, it is not only the peak data rates
provided to the end-user that are of importance,
but also the total data rate that can be provided
on average from each deployed base station site
and per hertz of licensed spectrum.



• This measure of capacity is called spectral efficiency.
• In the case of capacity shortage in a mobile system,

the Quality-of-Service (QoS) for the individual end-
users may be degraded.

• The demand for new services and for higher peak bit
rates and system capacity is not only met by evolution
of the technology to 4G

• There is also a demand for more spectrum resources to
expand systems and the demand also leads to more
competition between an increasing number of mobile
operators and between alternative technologies to
provide mobile broadband services



• With more spectrum coming into use for
mobile broadband, there is a need to operate
mobile systems in a number of different
frequency bands, in spectrum allocations of
different sizes and sometimes also in
fragmented spectrum



• This calls for high spectrum flexibility with the
possibility for a varying channel bandwidth,
which was also a driver and an essential
design parameter for LTE.



• The demand for new mobile services and the evolution of the radio
interface to LTE have served as drivers to evolve the core network

• The core network developed for GSM in the 1980s was extended to
support GPRS, EDGE, and WCDMA in the 1990s, but was still very much
built around the circuit-switched domain

• A System Architecture Evolution (SAE) was initiated at the same time as
LTE development started and has resulted in an Evolved Packet Core (EPC),
developed to support HSPA and LTE/LTE-Advanced, focusing on the
packet-switched domain.



STANDARDIZATON OF LTE
• Requirements: where it is decided what is to be achieved by

the standard.
• Architecture:, where the main building blocks and interfaces

are decided.
• Detailed specifications:, where every interface is specified in

detail
• Testing and verification:, where the interface specifications

are proven to work with real-life equipment.





• These phases are overlapping and iterative
• As an example, requirements can be added, changed, or dropped during

the later phases if the technical solutions call for it
• Likewise, the technical solution in the detailed specifications can change

due to problems found in the testing and verification phase.
• Standardization starts with the requirements phase, where the standards

body decides what should be achieved with the standard. This phase is
usually relatively short.

• In the architecture phase, the standards body decides about the
architecture – that is, the principles of how to meet the requirements

• The architecture phase includes decisions about reference points and
interfaces to be standardized



• This phase is usually quite long and may change the requirements.
• After the architecture phase, the detailed specification phase

starts. It is in this phase the details for each of the identified
interfaces are specified.

• During the detailed specification of the interfaces, the standards
body may find that previous decisions in the architecture or even in
the requirements phases need to be revisited.

• Finally, the testing and verification phase starts
• This phase is the final proof of the standard.
• During the testing and verification phase, errors in the standard may still

be found and those errors may change decisions in the detailed standard



• changes may also need to be made to the
architecture or the requirements.

• To verify the standard, products are needed.
Hence, the implementation of the products starts
after (or during) the detailed specification phase.

• The testing and verification phase ends when
there are stable test specifications that can be
used to verify that the equipment is fulfilling the
standard.



• Normally, it takes one to two years from the
time when the standard is completed until
commercial products are out on the market

• However, if the standard is built from scratch,
it may take longer since there are no stable
components to build from.



3GPP PROCESS
• The Third-Generation Partnership Project (3GPP) is the standards-

developing body that specifies the LTE/LTE-Advanced, as well as 3G UTRA
and 2G GSM systems.

• 3GPP is a partnership project formed by the standards bodies ETSI, ARIB,
TTC, TTA, CCSA, and ATIS. 3GPP consists of four Technical Specifications
Groups (TSGs)





• 3GPP TSG RAN (Radio Access Network) is the technical specification
group that has developed WCDMA, its evolution HSPA, as well as LTE/LTE-
Advanced, and is in the forefront of the technology.

• TSG RAN consists of five working groups (WGs)
• 1. RAN WG1, dealing with the physical layer specifications.
• 2. RAN WG2, dealing with the layer 2 and layer 3 radio interface

specifications.
• 3. RAN WG3, dealing with the fixed RAN interfaces – for example,

interfaces between nodes in the RAN – but also the interface between the
RAN and the core network.

• 4. RAN WG4, dealing with the radio frequency (RF) and radio resource
management (RRM) performance requirements.

• 5. RAN WG 5, dealing with the terminal conformance testing.



• The scope of 3GPP when it was formed in 1998 was to produce global
specifications for a 3G mobile system based on an evolved GSM core
network including the WCDMA-based radio access the UTRA FDD and the
TD-CDMA-based radio access of the UTRA TDD mode

• The task to maintain and develop the GSM/EDGE specifications was added
to 3GPP at a later stage and the work now also includes LTE (E-UTRA)

• The UTRA, E-UTRA and GSM/EDGE specifications are developed,
maintained, and approved in 3GPP.

• After approval, the organizational partners transpose them into
appropriate deliverables as standards in each region.

• In parallel with the initial 3GPP work, a 3G system based on TD-SCDMA
was developed in China



• TD-SCDMA was eventually merged into release 4 of the 3GPP
specifications as an additional TDD mode

• The work in 3GPP is carried out with relevant ITU recommendations in
mind and the result of the work is also submitted to ITU

• The organizational partners are obliged to identify regional requirements
that may lead to options in the standard

• Examples are regional frequency bands and special protection
requirements local to a region.

• The specifications are developed with global roaming and circulation of
terminals in mind.

• This implies that many regional requirements in essence will be global
requirements for all terminals, since a roaming terminal has to meet the
strictest of all regional requirements.



• Regional options in the specifications are thus more common for base
stations than for terminals.

• The specifications of all releases can be updated after each set of TSG
meetings, which occur four times a year

• The 3GPP documents are divided into releases, where each release has a
set of features added compared to the previous release

• The features are defined in Work Items agreed and undertaken by the
TSGs.

• The releases from release 8 and onwards, with some main features listed
for LTE, are shown in Figure 1.6.

• The date shown for each release is the day the content of the release was
frozen.

• Release 10 of LTE is the version approved by ITU-R as an IMT-Advanced
technology and is therefore also named LTE-Advanced.



3G EVOLUTION TO 4G
• The first release of WCDMA Radio Access developed in

TSG(Technical specificationGroup) RAN(Radio acess
network) was called release 993 and contained all features
needed to meet the IMT-2000 requirements as defined by
the ITU

• This included circuit-switched voice and video services,
and data services over both packet-switched and
circuitswitched bearers

• The first major addition of radio access features to WCDMA
was HSPA(HIGH SPEED PACKET ACESS), which was added in
release 5 with High Speed Downlink Packet Access (HSDPA)
and release 6 with Enhanced Uplink



• With HSPA, UTRA goes beyond the definition of a
3G mobile system and also encompasses
broadband mobile data.

• The 3G evolution continued in 2004, when a
workshop was organized to initiate work on the
3GPP Long-Term Evolution (LTE) radio interface.

• The result of the LTE workshop was that a study
item in 3GPP TSG RAN was created in December
2004



• The first 6 months were spent on defining the
requirements, or design targets, for LTE

• These were documented in a 3GPP technical
report [10] and approved in June 2005

• Most notable are the requirements on high
data rate at the cell edge and the importance
of low delay, in addition to the normal
capacity and peak data rate requirements.



• Furthermore, spectrum flexibility and maximum commonality
between FDD and TDD solutions are pronounced.

• During the fall of 2005, 3GPP TSG RAN WG1 made extensive
studies of different basic physical layer technologies and in
December 2005 the TSG RAN plenary decided that the LTE
radio access should be based on OFDM in the downlink and
DFT-precoded OFDM in the uplink.

• TSG RAN and its working groups then worked on the LTE
specifications and the specifications were approved in
December 2007

• Work has since then continued on LTE, with new features
added in each release, as shown in Figure 1.6





• The work on IMT-Advanced within ITU-R WP5D came in 2008 into a phase
where the detailed requirements and process were announced through a
circular letter [5].

• Among other things, this triggered activities in 3GPP, where a study item
on LTE-Advanced was started.

• The task was to define requirements and investigate and propose
technology components to be part of LTE-Advanced

• The work was turned into a Work Item in 2009 in order to develop the
detailed specifications.

• Within 3GPP, LTE-Advanced is seen as the next major step in the evolution
of LTE.

• LTEAdvanced is therefore not a new technology



• it is an evolutionary step in the continuing
development of LTE. As shown in Figure 1.6,

• the features that form LTE-Advanced are part of
release 10 of 3GPP LTE specifications.

• Wider bandwidth through aggregation of
multiple carriers and evolved use of advanced
antenna techniques in both uplink and downlink
are the major components added in LTE release
10 to reach the IMT-Advanced targets.



• The work on LTE-Advanced within 3GPP is
planned with the ITU-R time frame in mind, as
shown in Figure 1.7.

• LTE-Advanced was submitted as a candidate
to the ITU-R in 2009 and is now included in
the set of radio interface technologies
announced by ITU-R [6] in October 2010 to be
included as a part of the IMT-Advanced radio
interface specifications





• -R [6] in October 2010 to be included as a part
of the IMT-Advanced radio interface
specifications. This is very much aligned with
what was from the start stated as a goal for
LTE, namely that LTE should provide the
starting point for a smooth transition to 4G (=
IMT-Advanced) radio access.



• LTE has two architecture.
• (i)Radio Access Network(RAN)
• (ii)Core Network(CN) or Evolved packet

core(EPC)
• This work is known as System Architecture

Evolution(SAE)
• RAN and EPC is together called as Evolved

packet Radio system.



FUNCTIONS OF RAN

• (i)Scheduling
• (ii)Radio Resource Handling
• (iii)Retrasmission Protocols
• (iv)Coding
• (v)Multi Antenna Schemes



EPC

• Specifies the Radio Interface.
• It provides complete mobile Broadband

Network.
• Functions:
• Authentication
• Charging functionality
• Set up end to end connection.



Core network(EPC)

• It is evolved from GSM/GPRS core Network
used for GSM and WCDMA/HSPA

• Provides access to packet switched domain.
• No access to circuit switched domain.
• It consist of several different types of

nodes,some of which are briefly described
below and illustrated in the figure below.





• The Mobility Management Entity (MME) is
the control-plane node of the EPC.

• Its responsibilities include
connection/release of bearers to a terminal,
handling of IDLE to ACTIVE transitions, and
handling of security keys



• The functionality operating between the EPC and the terminal is
sometimes referred to as the Non-Access Stratum (NAS), to separate it
from the Access Stratum (AS) which handles functionality operating
between the terminal and the radio-access network.

• The Serving Gateway (S-GW) is the user-plane node connecting the EPC
to the LTE RAN.

• The S-GW acts as a mobility anchor when terminals move between
eNodeBs, as well as a mobility anchor for other 3GPP technologies
(GSM/GPRS and HSPA)

• Collection of information and statistics necessary for charging is also
handled by the S-GW



• The Packet Data Network Gateway(PDN Gateway,P-GW)
connects EPC to internet.

• Allocation of the IP address for a specific terminal is handled
by the P-GW,as well as the quality of service  enforcement
according to the policy controlled by PCRF

• P-GW is also a mobility anchor for non 3GPP  radio access
technologies,such as CDMA 2000,connected to EPC.

• In addition, the EPC also contains other types of nodes such
as Policy and Charging Rules Function (PCRF) responsible for
quality-of-service (QoS) handling and charging, and the
Home Subscriber Service (HSS) node, a database containing
subscriber information.



• There are also some additional nodes present as
regards network support of Multimedia
Broadcast Multicast Services (MBMS)

• It should be noted that the nodes discussed
above are logical nodes.

• In an actual physical implementation, several of
them may very well be combined.

• . For example, the MME, P-GW, and S-GW could
very well be combined into a single physical
node.



RADIO ACESS NETWORK

• LTE Radio access network uses a flat
architecture with a single type of node-enode
B.

• The eNodeB is responsible for all radio-related
functions in one or several cells.

• It is important to note that an eNodeB is a
logical node and not a physical
implementation



• One common implementation of an eNodeB
is a three-sector site, where a base station is
handling transmissions in three cells

• Another implementation includes one
baseband processing unit to which a number
of remote radio heads are connected

• Example:large number of indoor cells, or
several cells along a highway, belonging to
the same eNodeB



• Thus, a base station is a  possible
implementation of, but not the same as, an
eNodeB.



• As can be seen from the figure above,enode B
is connected to EPC by means of S1 interface,

• more specifically to S –GW by means of SI
user plane part,S1-u, and to the MME by
means of the S1 control-plane part, S1-c. One
eNodeB can be connected to multiple
MMEs/S-GWs for the purpose of load sharing
and redundancy. ,



• The X2 interface, connecting eNodeBs to each other, is mainly used to
support active-mode mobility.

• This interface may also be used for multi-cell Radio Resource
Management (RRM) functions such as Inter-Cell Interference
Coordination (ICIC)

• The X2 interface is also used to support lossless mobility between
neighboring cells by means of packet forwarding.



RADIO PROTOCOL ARCHITECTURE

•



• The different protocol entities of the radio-access network are
summarized below and described in more detail in the following sections.

• Packet Data Convergence Protocol (PDCP) :performs IP header
compression to reduce the number of bits to transmit over the radio
interface.

• The header-compression mechanism is based on Robust Header
Compression (ROHC) , a standardized header-compression algorithm also
used for several mobile-communication technologies.

• PDCP is also responsible for ciphering and, for the control plane, integrity
protection of the transmitted data, as well as in-sequence delivery and
duplicate removal for handover.

• At the receiver side, the PDCP protocol performs the corresponding
deciphering and decompression operations. There is one PDCP entity per
radio bearer configured for a terminal.



• Radio-Link Control (RLC) is responsible for segmentation/concatenation,
retransmission handling, duplicate detection, and in-sequence delivery
to higher layers.

• The RLC provides services to the PDCP in the form of radio bearers.
• . There is one RLC entity per radio bearer configured for a terminal.
• Medium-Access Control (MAC) handles multiplexing of logical channels,

hybrid-ARQ(Automatic Repeat request ) retransmissions, and
uplink(wireless connection from LAN to WAN) to and downlink
scheduling(network to enduser)

• The scheduling functionality is located in the eNodeB for both uplink and
downlink

• . The hybrid-ARQ protocol part is present in both the transmitting and
receiving ends of the MAC protocol

• The MAC provides services to the RLC in the form of logical channels



PHYSICAL LAYER: handles coding/decoding, modulation/demodulation, multi-
antenna mapping, and other typical physical-layer functions. The physical
layer offers services to the MAC layer in the form of transport channels.
To summarize the flow of downlink data through all the protocol layers, an
example illustration for a case with three IP packets, two on one radio bearer
and one on another radio bearer, is given in Figure below



• The data flow in the case of uplink transmission is similar. The PDCP
performs (optional) IP-header compression, followed by ciphering.

• A PDCP header is added, carrying information required for deciphering in
the terminal. The output from the PDCP is forwarded to the RLC.

• The RLC protocol performs concatenation and/or segmentation of the
PDCP SDUs3 and adds an RLC header

• The header is used for in-sequence delivery (per logical channel) in the
terminal and for identification of RLC PDUs in the case of retransmissions

• The RLC PDUs are forwarded to the MAC layer, which multiplexes a
number of RLC PDUs and attaches a MAC header to form a transport block

• The transport-block size depends on the instantaneous data rate selected
by the link- adaptation mechanism



• Thus, the link adaptation affects both the MAC and RLC processing.
• Finally, the physical layer attaches a CRC to the transport block for error-

detection purposes, performs coding and modulation, and transmits the
resulting signal, possibly using multiple transmit antennas.



RADIO LINK LAYER
• The RLC protocol is responsible for segmentation/concatenation of (header-

compressed) IP packets, also known as RLC SDUs, from the PDCP into suitably
sized RLC PDUs

• It also handles retransmission of erroneously received PDUs, as well as
removal of duplicated PDUs

• Depending on the type of service, the RLC can be configured in different
modes to perform some or all of these functions.

• Segmentation and concatenation, one of the main RLC functions, is
illustrated in Figure below.

• Depending on the scheduler decision, a certain amount of data is selected for
transmission from the RLC SDU buffer and the SDUs are
segmented/concatenated to create the RLC PDU.

• Thus, for LTE the RLC PDU size varies dynamically.
• For high data rates, a large PDU size results in a smaller relative overhead,

while for low data rates, a small PDU size is required as the payload would
otherwise be too large



RADIO LINK LAYER



• Hence, as the LTE data rates may range from a few kbit/s up to 3 Gbit/s,
dynamic PDU sizes are motivated for LTE in contrast to earlier mobile-
communication technologies, which typically use a fixed PDU size

• Since the RLC, scheduler, and rate adaptation mechanisms are all located
in the eNodeB, dynamic PDU sizes are easily supported for LTE

• In each RLC PDU, a header is included, containing, among other things, a
sequence number used for in-sequence delivery and by the retransmission
mechanism.

• The RLC retransmission mechanism is also responsible for providing error-
free delivery of data to higher layers.

• To accomplish this, a retransmission protocol operates between the RLC
entities in the receiver and transmitter



• By monitoring the sequence numbers of the incoming PDUs, the
receiving RLC can identify missing PDUs.

• Status reports are then fed back to the transmitting RLC entity, requesting
retransmission of missing PDUs

• Based on the received status report, the RLC entity at the transmitter can
take the appropriate action and retransmit the missing PDUs if needed.

• Although the RLC is capable of handling transmission errors due to noise,
unpredictable channel variations, etc., error-free delivery is in most cases
handled by the MAC-based hybrid-ARQ protocol.

• The use of a retransmission mechanism in the RLC may therefore seem
superfluous at first



MEDIUM ACESS CONTROL
• The MAC layer handles logical-channel multiplexing, hybrid-ARQ

retransmissions, and uplink and downlink scheduling.
• It is also responsible for multiplexing/demultiplexing data across multiple

component carriers when carrier aggregation is used.
• LOGIC CHANNELS AND TRANSPORT LAYERS:
• The MAC provides services to the RLC in the form of logical channels
• A logical channel is defined by the type of information it carries and is

generally classified as a control channel, used for transmission of control
and configuration information necessary for operating an LTE system, or as
a traffic channel, used for the user data.



• Set of logic channel types specified for LTE includes:
• The Broadcast Control Channel (BCCH), used for transmission of system

information from the network to all terminals in a cell.
• Prior to accessing the system, a terminal needs to acquire the system

information to find out how the system is configured and, in general, how
to behave properly within a cell.

• The Paging Control Channel (PCCH), used for paging of terminals whose
location on a cell level is not known to the network. The paging message
therefore needs to be transmitted in multiple cells.



• The Common Control Channel (CCCH), used for transmission of control
information in conjunction with random access

• The Dedicated Control Channel (DCCH), used for transmission of control
information to/from a terminal. This channel is used for individual
configuration of terminals such as different handover messages.

• The Multicast Control Channel (MCCH), used for transmission of control
information required for reception of the MTCH

• The Dedicated Traffic Channel (DTCH), used for transmission of user data
to/from a terminal. This is the logical channel type used for transmission
of all uplink and non-MBSFN downlink user data

• The Multicast Traffic Channel (MTCH), used for downlink transmission of
MBMS services.



• From the physical layer, the MAC layer uses services in the form of
transport channels

• A transport channel is defined by how and with what characteristics the
information is transmitted over the radio interface

• Data on a transport channel is organized into transport blocks
• In each Transmission Time Interval (TTI), at most one transport block of

dynamic size is transmitted over the radio interface to/from a terminal in
the absence of spatial multiplexing.

• In the case of spatial multiplexing (MIMO), there can be up to two
transport blocks per TTI.

• Associated with each transport block is a Transport Format (TF), specifying
how the transport block is to be transmitted over the radio interface

• The transport format includes information about the transport-block size,
the modulation-and-coding scheme, and the antenna mapping



• By varying the transport format, the MAC layer can thus realize different
data rates

• Rate control is therefore also known as transport-format selection.
• The following transport-channel types are defined for LTE:
• The Broadcast Channel (BCH) has a fixed transport format, provided by

the specifications. It is used for transmission of parts of the BCCH system
information, more specifically the so-called Master Information Block
(MIB),

• The Paging Channel (PCH) , used for transmission of paging information
from the PCCH logical channel

• The PCH supports discontinuous reception (DRX) to allow the terminal to
save battery power by waking up to receive the PCH only at predefined
time instants



• The Downlink Shared Channel (DL-SCH) is the main transport channel
used for transmission of downlink data in LTE

• It supports key LTE features such as dynamic rate adaptation and channel
dependent scheduling in the time and frequency domains, hybrid ARQ
with soft combining, and spatial multiplexing

• It also supports DRX to reduce terminal power consumption while still
providing an always-on experience.

• The DL-SCH is also used for transmission of the parts of the BCCH system
information not mapped to the BCH

• There can be multiple DL-SCHs in a cell, one per terminal4 scheduled in
this TTI, and, in some subframes, one DL-SCH carrying system information.



• The Multicast Channel (MCH) is used to support MBMS.
• It is characterized by a semi-static transport format and semi-static

scheduling
• In the case of multi-cell transmission using MBSFN, the scheduling and

transport format configuration is coordinated among the transmission
points involved in the MBSFN transmission. MBSFN transmission

• The Uplink Shared Channel (UL-SCH) is the uplink counterpart to the DL-
SCH – that is, the uplink transport channel used for transmission of uplink
data.

• In addition, the Random-Access Channel (RACH) is also defined as a
transport channel, although it does not carry transport blocks.

• Part of the MAC functionality is multiplexing of different logical channels
and mapping of the logical channels to the appropriate transport channels



• The supported mappings between logical-channel types and transport-

channel types are given in Figure below for the downlink and  the uplink.





• The figures clearly indicate how DL-SCH and UL-SCH are the main downlink
and uplink transport channels respectively.

• In the figures, the corresponding physical channels,, are also included and
the mapping between transport channels and physical channels is
illustrated.

• To support priority handling, multiple logical channels, where each logical
channel has its own RLC entity, can be multiplexed into one transport
channel by the MAC layer

• At the receiver, theMAC layer handles the corresponding demultiplexing
and forwards the RLC PDUs to their respective RLC entity for in-sequence
delivery and the other functions handled by the RLC.

• To support the demultiplexing at the receiver, a MAC header, is used
• shown in the figure below. .



• To each RLC PDU, there is an associated sub-header in
the MAC header.

• The sub-header contains the identity of the logical
channel (LCID) from which the RLC PDU originated and
the length of the PDU in bytes

• There is also a flag indicating whether this is the last
sub-header or not

• One or several RLC PDUs, together with the MAC
header and, if necessary, padding to meet the
scheduled transport-block size, form one transport
block which is forwarded to the physical layer.



• In addition to multiplexing of different logical channels, the MAC layer can
also insert the so-called MAC control elements into the transport blocks to
be transmitted over the transport channels

• A MAC control element is used for in band control signaling – for example,
timing-advance commands and random- access response,

• Control elements are identified with reserved values in the LCID field,
where the LCID value indicates the type of control information.
Furthermore, the length field in the sub-header is removed for control
elements with a fixed length

• The MAC multiplexing functionality is also responsible for handling of
multiple component carriers in the case of carrier aggregation.

• The basic principle for carrier aggregation is independent processing of
the component carriers in the physical layer, including control signaling,
scheduling and hybrid-ARQ retransmissions, while carrier aggregation is
invisible to RLC and PDCP



• Carrier aggregation is therefore mainly seen in the MAC layer,
• where logical channels, including any MAC control elements, are

multiplexed to form one (two in the case of spatial multiplexing) transport
block(s) per component carrier with each component carrier having its
own hybrid-ARQ entity.



SHEDULING
• One of the basic principles of LTE radio access is shared-channel

transmission – that is, time– frequency resources are dynamically shared
between users

• The scheduler is part of the MAC layer and controls the assignment of
uplink and downlink resources in terms of so-called resource-block pairs

• Resource blocks correspond to a time–frequency unit of 1 ms times 180
kHz

• The basic operation of the scheduler is so-called dynamic scheduling,
where the eNodeB in each 1 ms interval takes a scheduling decision and
sends scheduling information to the selected set of terminals.

• However, there is also a possibility for semi-persistent scheduling where
a semi-static scheduling pattern is signaled in advance to reduce the
control-signaling overhead



• Coordination of scheduling decisions across multiple cells residing in
different eNodeBs is supported using signaling over the X2 interface.

• Uplink and downlink scheduling are separated in LTE, and uplink and
downlink scheduling decisions can be taken independently of each other
(within the limits set by the uplink/downlink split in the case of half-
duplex FDD operation).

• The downlink scheduler is responsible for (dynamically) controlling which
terminal(s) to transmit to and, for each of these terminals, the set of
resource blocks upon which the terminal’s DL-SCH should be transmitted.

• Transport-format selection (selection of transport-block size, modulation
scheme, and antenna mapping) and logical-channel multiplexing for
downlink transmissions are controlled by the eNodeB, as illustrated in the
left part of below figure.



TRANSPORT FORMAT SELECTIONIN
DOWNLINK AND UPLINK



• As a consequence of the scheduler controlling the data rate, the RLC
segmentation and MAC multiplexing will also be affected by the
scheduling decision.

• The outputs from the downlink scheduler can be seen in Figure 8.4.



• Uplink scheduler serves a similar purpose,namely to (dynamically) control
which terminals  are to transmit on their respective UL SCH and on which
uplink time frequency resources (including component carrier).

• Despite the fact that the enodeB scheduler determines the transport
format of the terminal,it is important to point out that uplink scheduling
decision is taken per terminal and not per radio bearer

• Thus, although the eNodeB scheduler controls the payload of a scheduled
terminal, the terminal is still responsible for selecting from which radio
bearer(s) the data is taken.

• The terminal autonomously handles logical-channel multiplexing
according to rules, the parameters of which can be configured by the
eNodeB



• This is illustrated in the right part of below figure, where the eNodeB
scheduler controls the transport format and the terminal controls the
logical-channel multiplexing.



• Although the scheduling strategy is implementation specific and not
specified by 3GPP, the overall goal of most schedulers is to take advantage
of the channel variations between terminals and preferably schedule
transmissions to a terminal on resources with advantageous channel
conditions

• . A benefit of the use of OFDM in LTE is the possibility to exploit channel
variations in both time and frequency domains through channel-
dependent scheduling

• For the larger bandwidths supported by LTE, where a significant amount
of frequency-selective fading will often be experienced, the possibility for
the scheduler to also exploit frequency-domain channel variations
becomes increasingly important compared to exploiting time-domain
variations only



• The possibility to also exploit frequency-domain variations is beneficial
especially at low speeds, where the variations in the time domain are
relatively slow compared to the delay requirements set by many services

• Downlink channel-dependent scheduling is supported through channel-
state reports, transmitted by the UE and reflecting the instantaneous
channel quality in the time and frequency domains, as well as information
necessary to determine the appropriate antenna processing in the case of
spatial multiplexing

• In the uplink, the channel-state information necessary for uplink channel-
dependent scheduling can be based on a sounding reference signal
transmitted from each terminal for which the eNodeB wants to estimate
the uplink channel quality



• To aid the uplink scheduler in its decisions, the terminal can transmit
buffer-status information to the eNodeB using a MAC message

• this information can only be transmitted if the terminal has been given a
valid scheduling grant. For situations when this is not the case, an
indicator that the terminal needs uplink resources is provided as part of
the uplink L1/L2 control-signaling structure

• Interference coordination, which tries to control the inter-cell interference
on a slow basis,  is also part of the scheduler

• As the scheduling strategy is not mandated by the specifications, the
interference-coordination scheme (if used) is vendor specific and may
range from simple higher-order reuse deployments to more advanced
schemes



HYBRID ARQ WITH SOFT COMBINING

• Hybrid ARQ with soft combining provides robustness against transmission
errors.

• As hybrid-ARQ retransmissions are fast, many services allow for one or
multiple retransmissions, thereby forming an implicit (closed loop) rate-
control mechanism

• The hybrid-ARQ protocol is part of the MAC layer, while the actual soft
combining is handled by the physical layer

• Obviously, hybrid ARQ is not applicable for all types of traffic. For example,
broadcast transmissions, where the same information is intended for
multiple terminals

• typically do not rely on hybrid ARQ. Hence, hybrid ARQ is only supported
for the DL-SCH and the UL-SCH, although its usage is optional.



• The LTE hybrid-ARQ protocol uses multiple parallel stop-and-wait
processes.

• Upon reception of a transport block, the receiver makes an attempt to
decode the transport block and informs the transmitter about the
outcome of the decoding operation through a single acknowledgement bit
indicating whether the decoding was successful or if a retransmission of
the transport block is required

• Clearly, the receiver must know to which hybrid-ARQ process a received
acknowledgement is associated

• This issolved by using the timing of the acknowledgement for association
with a certain hybrid-ARQ process.



• Note that, in the case of TDD operation, the time relation between the
reception of data in a certain hybrid-ARQ process and the transmission of
the acknowledgement is also affected by the uplink/ downlink allocation.

• The use of multiple parallel hybrid-ARQ processes, for each user can result
in data being delivered from the hybrid-ARQ mechanism out of sequence

• . For example, transport block 5 in the figure was successfully decoded
before transport block 1 which required retransmissions.

• In-sequence delivery of data is therefore ensured by the RLC layer.
• The same reordering mechanism in the RLC is also used to handle in-

sequence delivery across multiple component carriers in the case of
carrier aggregation

• the hybrid-ARQ retransmissions are handled independently per
component carrier, which may result in out-of-sequence delivery in a
similar way as within a component carrier.



• Downlink retransmissions may occur at any time after the initial
transmission – that is, the protocol is asynchronous – and an explicit
hybrid-ARQ process number is used to indicate which process is being
addressed

• In an asynchronous hybrid-ARQ protocol, the retransmissions are in
principle scheduled similarly to the initial transmissions

• Uplink retransmissions, on the other hand, are based on a synchronous
protocol, the retransmission occurs at a predefined time after the initial
transmission and the process number can be implicitly derived

• In a synchronous protocol the time instant for the retransmissions is fixed
once the initial transmission has been scheduled, which must be
accounted for in the scheduling operation



• However, note that the scheduler knows from
the hybridARQ entity in the eNodeB whether a
terminal will perform a retransmission or not.

• The hybrid-ARQ mechanism will rapidly correct
transmission errors due to noise or unpredictable
channel variations

• the RLC is also capable of requesting
retransmissions, which at first sight may seem
unnecessary



• However, the reason for having two retransmission mechanisms on top of
each other can be seen in the feedback signaling – hybrid ARQ provides
fast retransmissions but due to errors in the feedback the residual error
rate is typically too high

• For example, good TCP performance, while RLC ensures (almost) error-
free data delivery but slower retransmissions than the hybrid-ARQ
protocol.

• Hence, the combination of hybrid ARQ and RLC provides an attractive
combination of small round-trip time and reliable data delivery

• Furthermore, as the RLC and hybrid ARQ are located in the same node,
tight interaction between the two is possible,



PHYSICAL LAYER
• The physical layer is responsible for coding, physical-layer hybrid-ARQ

processing, modulation, multiantenna processing, and mapping of the
signal to the appropriate physical time–frequency resources

• It also handles mapping of transport channels to physical channels
• the physical layer provides services to the MAC layer in the form of

transport channels
• Data transmission in downlink and uplink use the DL-SCH and UL-SCH

transport-channel types respectively
• There is at most one or, in the case of spatial multiplexing, two transport

blocks per TTI on a DL-SCH or UL-SCH.
• . In the case of carrier aggregation, there is one DL-SCH (or UL-SCH) per

component carrier.



• A physical channel corresponds to the set of time–
frequency resources used for transmission of a particular
transport channel and each transport channel is mapped to
a corresponding physical channel

• In addition to the physical channels with a corresponding
transport channel, there are also physical channels without
a corresponding transport channel.

• These channels, known as L1/L2 control channels, are used
for downlink control information (DCI), providing the
terminal with the necessary information for proper
reception and decoding of the downlink data transmission



• uplink control information (UCI) used for providing the scheduler
and the hybrid-ARQ protocol with information about the situation
at the terminal.

• The physical-channel types defined in LTE include the following:
• The Physical Downlink Shared Channel (PDSCH) is the main

physical channel used for unicast data transmission, but also for
transmission of paging information

• The Physical Broadcast Channel (PBCH) carries part of the system
information, required by the terminal in order to access the
network

• The Physical Multicast Channel (PMCH) is used for MBSFN
operation.



• The Physical Downlink Control Channel (PDCCH) is used for downlink
control information, mainly scheduling decisions, required for reception of
PDSCH, and for scheduling grants enabling transmission on the PUSCH.

• The Physical Hybrid-ARQ Indicator Channel (PHICH) carries the hybrid-
ARQ acknowledgement to indicate to the terminal whether a transport
block should be retransmitted or not

• The Physical Control Format Indicator Channel (PCFICH) is a channel
providing the terminals with information necessary to decode the set of
PDCCHs. There is only one PCFICH per component carrier.

• The Physical Uplink Shared Channel (PUSCH) is the uplink counterpart to
the PDSCH. There is at most one PUSCH per uplink component carrier per
terminal.



• The Physical Uplink Control Channel (PUCCH) is used by the terminal to
send hybrid-ARQ acknowledgements, indicating to the eNodeB whether
the downlink transport block(s) was successfully received or not, to send
channel-state reports aiding downlink channel-dependent scheduling, and
for requesting resources to transmit uplink data upon. There is at most
one PUCCH per terminal

• The Physical Random-Access Channel (PRACH) is used for random access.
• Note that some of the physical channels, more specifically the channels

used for downlink control information (PCFICH, PDCCH, PHICH) and uplink
control information (PUCCH), do not have a corresponding transport
channel.

• The remaining downlink transport channels are based on the same
general physical-layer processing as the DL-SCH, although with some
restrictions in the set of features used.

• This is especially true for PCH and MCH transport channels.



• For the broadcast of system information on the BCH, a terminal
must be able to receive this information channel as one of the first
steps prior to accessing the system.

• Consequently, the transmission format must be known to the
terminals a priori and there is no dynamic control of any of the
transmission parameters from the MAC layer in this case

• The BCH is also mapped to the physical resource (the OFDM time–
frequency grid) in a different way



• For transmission of paging messages on the PCH, dynamic adaptation of
the transmission parameters can, to some extent, be used

• In general, the processing in this case is similar to the generic DL-SCH
processing.

• The MAC can control modulation, the amount of resources, and the
antenna mapping.

• However, as an uplink has not yet been established when a terminal is
paged, hybrid ARQ cannot be used as there is no possibility for the
terminal to transmit a hybrid-ARQ acknowledgement.

• The MCH is used for MBMS transmissions, typically with single-frequency
network operation by transmitting from multiple cells on the same
resources with the same format at the same time

• Hence, the scheduling of MCH transmissions must be coordinated
between the cells involved and dynamic selection of transmission
parameters by the MAC is not possible.



CONTROL PLANE PROTOCOLS
• The control-plane protocols are, among other things, responsible for

connection setup, mobility, and security
• Control messages transmitted from the network to the terminals can

originate either from the MME, located in the core network, or from the
Radio Resource Control (RRC), located in the eNodeB.

• NAS control-plane functionality, handled by the MME, includes EPS bearer
management, authentication, security, and different idle-mode
procedures such as paging

• It is also responsible for assigning an IP address to a terminal
• The RRC is located in the eNodeB and is responsible for handling the RAN-

related procedures, including:
• Broadcast of system information necessary for the terminal to be able to

communicate with a cell.



• Transmission of paging messages originating from the MME to notify the
terminal about incoming connection requests

• Paging, is used in the RRC_IDLE state (described further below) when the
terminal is not connected to a particular cell

• Indication of system-information update is another use of the paging
mechanism, as is public warning systemsConnection management,
including setting up bearers and mobility within LTE.

• This includes establishing an RRC context – that is, configuring the
parameters necessary for communication between the terminal and the
radio-access network

• Mobility functions such as cell (re)selection.
• Measurement configuration and reporting.



• Handling of UE capabilities; when connection is established the terminal
will announce its capabilities as all terminals are not capable of supporting
all the functionality described in the LTE

• RRC messages are transmitted to the terminal using signaling radio
bearers (SRBs), using the same set of protocol layers (PDCP, RLC, MAC and
PHY

• . The SRB is mapped to the common control channel (CCCH) during
establishment of connection and, once a connection is established, to the
dedicated control channel (DCCH).

• Control-plane and user-plane data can be multiplexed in the MAC layer
and transmitted to the terminal in the same TTI

• The aforementioned MAC control elements can also be used for control of
radio resources in some specific cases where low latency is more
important than ciphering, integrity protection, and reliable transfer



STATE MACHINE
• In LTE, a terminal can be in two different states, as illustrated in ,

RRC_CONNECTED and RRC_IDLE
• In RRC_CONNECTED, there is an RRC context established – that is, the

parameters necessary for communication between the terminal and the
radio-access network are known to both entities.

• The cell to which the terminal is belongs is known and an identity of the
terminal, the Cell RadioNetwork Temporary Identifier (C-RNTI), used for
signaling purposes between the terminal and the network, has been
configured.

• RRC_CONNECTED is intended for data transfer to/from the terminal, but
discontinuous reception (DRX) can be configured in order to reduce
terminal power consumption



• Since there is an RRC context established in the eNodeB in
RRC_CONNECTED, leaving DRX and starting to receive/transmit data is
relatively fast as no connection with its associated signaling is needed.



• Although expressed differently in the specifications,
RRC_CONNECTED can be thought of as having two substates

• IN_SYNC and OUT_OF_SYNC, depending on whether the uplink is
synchronized to the network or not

• Since LTE uses an orthogonal FDMA/TDMA-based uplink, it is
necessary to synchronize the uplink transmission from different
terminals such that they arrive at the receiver at (approximately)
the same time



• the receiver measures the arrival time of the transmissions from
each actively transmitting terminal and sends timing-correction
commands in the downlink.

• As long as the uplink is synchronized, uplink transmission of user
data and L1/L2 control signaling is possible.

• If no uplink transmission has taken place within a configurable time
window, timing alignment is obviously not possible and the uplink is
declared to be non-synchronized



• In this case, the terminal needs to perform a
random-access procedure to restore uplink
synchronization prior to transmission of uplink
data or control information.

• In RRC_IDLE, there is no RRC context in the radio-
access network and the terminal does not belong
to a specific cell.

• No data transfer may take place as the terminal
sleeps most of the time in order to reduce
battery consumption.



• Uplink synchronization is not maintained and hence the only uplink
transmission activity that may take place is random access to move
to RRC_CONNECTED

• When moving to RRC_CONNECTED the RRC context needs to be
established in both the radio-access network and the terminal

• Compared to leaving DRX this takes a somewhat longer time. In the
downlink, terminals in RRC_IDLE periodically wake up in order to
receive paging messages, if any, from the network
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ITU Governance

The ITU is governed by the Plenipotentiary
Conference (PP) and the Administrative
Council. The Plenipotentiary Conference is the
supreme organ of the Union. It is the decision
making body which determines the direction of
the Union and its activities.
PP is held every 4 years; next one at Busan,
Korea, October 2014



ITU Governance

The Council, on the other hand, acts as the
Union’s governing body in the interval between
Plenipotentiary Conferences. Its role is to
consider broad telecommunication policy
issues to ensure that the Union's activities,
policies and strategies fully respond to today's
dynamic, rapidly changing telecommunications
environment.

- Council Troika
- Council Membership



ITU Governance

ITU Council also prepares a report on the
policy and strategic planning of the ITU and
responsible for ensuring the smooth day-to-day
running of the Union, coordinating work
programs, approving budgets and controlling
finances and expenditure.



ITU Governance

The Council also takes all steps to facilitate
the implementation of the provisions of the
ITU Constitution, the ITU Convention, the
Administrative Regulations (International
Telecommunications Regulations and Radio
R e g u l a t i o n s ) , a n d t h e d e c i s i o n s o f
Plenipotentiary Conferences and; where
app rop r i a te , the dec i s i on s o f o the r
conferences and meetings of the Union.



ITU Overview

ITU-T
Telecommunication

standardization
- network and service

aspects

ITU-R
Radiocommunication
standardization and

global spectrum
management

ITU-R
Radiocommunication
standardization and

global spectrum
management

ITU-D
Assisting

implementation and
operation of

telecommunications in
developing countries

Helping the World Communicate!



Radiocommunication Sector (ITU-R)

The ITU Radiocommunication Sector (ITU-R)
plays a vital role in the global management of
the radio-frequency spectrum and satellite
orbits - limited natural resources which are
increasingly in demand from a large and growing
number of services such as fixed, mobile,
broadcasting, amateur, space research,
emergency telecommunications, meteorology,
global positioning systems, environmental
monitoring and communication services - that
ensure safety of life on land, at sea and in the
skies.



Structure of the Radio Sector of ITU (ITU-R)



Objectives of ITU-R

To promote the development and use
of radiocommunications for the

benefit of all

•Global coordination of radiocommunications

•International focal point for standardization of
wireless systems

•Promote the world-wide development of
radiocommunications

•Strategic plan



Objectives of ITU-R

•Global coordination of radiocommunications

•ITU Radio Regulations

•International Spectrum Management

•Frequency Plans



Objectives of ITU-R

•Global coordination of radiocommunications

•International focal point for standardization of
wireless systems

Recommendations - de facto Standards on:
•spectrum management issues
•radiocommunication system characteristics and
operation

Example topics:
•radiowave propagation
•wireless access systems
•EESS systems
•broadcasting



Objectives of ITU-R

The objectives are achieved through (inter alia):

• World and Regional Radiocommunication
Conferences

• Approval of Recommendations by Member States
 by correspondence
 at Radiocommunication Assembly

• Technical studies are required which are conducted
by Study Groups



ITU-R Radio Regulations

Radio Regulations, RR

The RR contains Articles, Appendices (detailed
technical annexes), aimed at defining the technical
and operational conditions of the various services and
stations, to ensure they can operate without
interference. It is complemented by resolutions on
specific issues, often transient. For purposes of
technical specifications of its contents, may
incorporate by reference ITU-R Recommendations. In
this case, this recommendation becomes part of the
RR, and is binding on government.



ITU-R Radio Regulations

It is constituted as an international treaty with binding on
member states to adhere to it. The regulation classifies
the various services that use radio communications,
according to several parameters, namely:
1. Link type: Terrestrial (ground to ground) or satellite

(Earth-satellite and satellite-ground)
2. Type of coverage: land, maritime, aeronautical
3. Station type: fixed, mobile
4. Type of use: communications, broadcasting, navigation

and associated, meteorological, scientific, earth
observation, time standard, astronomy, security,
special



ITU-R Radio Regulations

It also defines the different types of radio stations,
classified as:

1. Terrestrial space
2. Land, sea, air
3. Fixed, mobile
4. Broadcasting, amateur radio astronomy, radio-,

etc..



ITU-R Radio Regulations

Four Volumes
• Articles
(Volume 1),

• Appendices
(Volume 2),

• WRC Resolutions and
Recommendations

(Volume 3),
• ITU-R Recommendations

incorporated by
reference
(Volume 4).

• World-wide Table of
Frequency

Allocations (“Article 5”)
• Definition of services (e.g.

Fixed, Mobile-satellite)
• Technical constraints

(Power limits etc.)
• International registration /

co-ordination procedures

• World-wide Table of
Frequency

Allocations (“Article 5”)
• Definition of services (e.g.

Fixed, Mobile-satellite)
• Technical constraints

(Power limits etc.)
• International registration /

co-ordination procedures



ITU-R Radio Regulations

Amending the Radio Regulations

• As new technologies / applications appear,
new frequency allocations may be required.

• Similarly, old technologies / applications
may disappear.

• For a new frequency allocation, it may be
necessary to undertake sharing studies to
demonstrate that the new service will not
cause unacceptable interference to the
existing Services.

• Results of those studies are collated into a
single Report by the “Conference
Preparatory Meeting”.

Such studies are
undertaken within
the Study Groups



CPM: Conference Preparatory Meeting
Rec: ITU-R Recommendation
RoP: Rules of Procedure
RR: Radio Regulations (treaty status)

WRC

SC and Study Groups:
SG-1: Spectrum management
SG-3: Radiowave propagation
SG-4: Satellite services
SG-5: Terrestrial services
SG-6: Broadcasting service
SG-7: Science services

CPM-2

RRB:Radio Regulations Board
SGs: Radiocommunication Study Groups
SC: Special Committee (Regulat. & Procedural)
RA: Radiocommunication Assembly
WRC:World Radiocommunication Conference

Rec

RoP

Radiocommunication BureauRadiocommunication Bureau

Director RRB

Final
Acts

ITU Member States (including
Regional Groups, Informal Group)

Revisions to RR,
Resolutions &

Recommendations

Technical
bases

Next
WRC

Agenda

ITU
Council

CPM-1

RA

ITU-R Radio Regulations



World Radiocommunication Conferences (WRC)

World radiocommunication conferences (WRC)
are held every three to four years. It is the job
of WRC to review, and, if necessary, revise the
Radio Regulations, the international treaty
governing the use of the radio-frequency
spectrum and the geostationary-satellite and
non-geostationary-satellite orbits. Revisions are
made on the basis of an agenda determined by
the ITU Council, which takes into account
recommendations made by previous world
radiocommunication conferences.



Under the terms of the ITU Constitution, a WRC can:

• revise the Radio Regulations and any associated
Frequency assignment and allotment Plans;
• address any radiocommunication matter of
worldwide character;
• instruct the Radio Regulations Board and the
Radiocommunication Bureau, and review their
activities;
• determine Questions for study by the
Radiocommunication Assembly and its Study Groups
in preparation for future Radiocommunication
Conferences.

World Radiocommunication Conferences (WRC)



Radiocommunication Assembly

Radiocommunication Assemblies (RA) are responsible
for the structure, programme and approval of
radiocommunication studies

• Establishes ITU-R Study Groups (and elects their
chairmen/vice-chairmen)

• Adopts SG work programmes
• Approves ITU-R Recommendations, ITU-R Questions
• Approves Resolutions
 working procedures
 specific aspects of SG responsibility



Radio Regulations Board (RRB)

The twelve members of the Radio Regulations
Board (RRB) are elected at the Plenipotentiary
Conference. They perform their duties
independently and on a part-time basis,
normally meeting up to four times a year, in
Geneva.

The Director of the Bureau is the Executive
Secretary of the Radio Regulations Board.



Radio Regulations Board (RRB)

The board:
• approves Rules of Procedure, used by the

Radiocommunication Bureau in applying the
provisions of the Radio Regulations and
registering frequency assignments made by
the Member States;

• addresses matters referred by the Bureau
which cannot be resolved through application
of the Radio Regulations and Rules of
Procedure;



Radio Regulations Board (RRB)

• considers reports of unresolved interference
investigations carried out by the Bureau at
the request of one or more administrations
and formulates Recommendations;

• provides advice to Radiocommunication
Conferences and the Radiocommunication
Assemblies;

• considers appeals against decisions made by
the Radiocommunication Bureau regarding
frequency assignments;

• performs any additional duties prescribed by
a competent conference or by the Council.



Radiocommunication Advisory Group (RAG)

According to the ITU Constitution (CS 84A) and
Convention (CV 160A-160H), the Radiocommunication
Advisory Group (RAG) is tasked to:

• review the priorities and strategies adopted in the
Sector;

• provide guidance for the work of the Study Groups
• recommend measures to foster cooperation and

coordination with other organizations and with the
other ITU Sectors.



ITU-R Study Groups

• Groups of experts from ITU membership
• Develop technical bases for WRCs and RRCs
• Develop Recommendations
 technical characteristics
 operational procedures

• Compile Handbooks



New Study Group structure

SG 1

SG 3

SG 4

SG 6

SG 8

SG 9

SG 1

SG 3

SG 4

SG 6

Spectrum
Management

Radiowave
Propagation

Satellite Services (FSS
+ BSS, MSS & RDSS)

Broadcasting
Service

Fixed Satellite
Services

Broadcasting
Services

Spectrum
Management

Radiowave
Propagation

SG 7 SG 7
Science
Services

Science
Services

Former SG structure New SG structure

Mobile, amateur,
radiodetermination and
related satellite services

SG 5

Terrestrial Services
(fixed, mobile,
radiodetermination,
maritime,
aeronautical, amateur
& amateur-satellite)

Fixed Service

ITU-R Study Groups



ITU-R Study Groups

• Subordinate groups
 Working Party
 Task Group
 Rapporteur Group
 Joint …….

• Coordination Committee for Vocabulary
• CPM - Conference Preparatory Meeting
• Special Committee (regulatory/procedural)
• Joint Task Group 4-5-6-7 (JTG 4-5-6-7) -

WRC-15 Agenda items 1.1 and 1.2



ITU-R Study Groups

• Technical bases for WRC and RRC
CPM Report

• ITU-R Recommendations
• Handbooks



Preparation of CPM Report



Structure and Contents of CPM Report

Mobile and Amateur issues

Science issues

Aeronautical, Maritime and
Radiolocation issues

Satellite services

Satellite Regulatory issues

General issues

Part of CPM Report

Chapter 1

Chapter 2

Chapter 3

Chapter 4
Sub-Chapter 4.1

Sub-Chapter 4.2

Chapter 5

Chapter 6

Agenda Items

1.1, 1.2, 1.3, 1.4

1.11, 1.12, 1.13, 1.14

1.5, 1.15, 1.16, 1.17
1.18

1.6, 1.6.1, 1.6.2, 1.7,
1.8, 1.9.1

1.9.2, 1.10

7, 9.1.1, 9.1.2, 9.1.3,
9.1.5, 9.1.8, 9.3

2, 4, 9.1.4, 9.1.6,
9.1.7, 10



Chapter 2 of CPM Report

Science issues
Rapporteur: Mr. Alexandre V. VASSILIEV (RUS)

WRC-15 Agenda items

1.11, 1.12, 1.13, 1.14

 1.11: to consider a primary allocation for the Earth exploration-
satellite service (Earth-to-space) in the 7-8 GHz range, in
accordance with Resolution 650 (WRC 12);

Resolution 650 (WRC 12): Allocation for the Earth exploration
satellite service (Earth to space) in the 7-8 GHz range



Chapter 2 of CPM Report

1.12: to consider an extension of the current worldwide allocation
to the Earth exploration-satellite (active) service in the
frequency band 9 300-9 900 MHz by up to 600 MHz within the
frequency bands 8 700-9 300 MHz and/or 9 900-10 500 MHz, in
accordance with Resolution 651 (WRC 12);

Resolution 651 (WRC 12): Possible extension of the
current worldwide allocation to the Earth exploration-
satellite (active) service in the frequency band 9 300-9 900
MHz by up to 600 MHz within the frequency bands 8 700-9
300 MHz and/or 9 900-10 500 MHz



Chapter 2 of CPM Report

1.13: to review No. 5.268 with a view to examining the possibility
for increasing the 5 km distance limitation and allowing space
research service (space-to-space) use for proximity operations
by space vehicles communicating with an orbiting manned
space vehicle, in accordance with Resolution 652 (WRC-12);

Resolution 652 (WRC 12): Use of the band 410-420 MHz
by the space research service (space to space)

1.14: to consider the feasibility of achieving a continuous
reference time-scale, whether by the modification of
coordinated universal time (UTC) or some other method, and
take appropriate action, in accordance with Resolution 653
(WRC-12);

Resolution 653 (WRC 12): Future of the Coordinated
Universal Time time-scale



ITU-R Study Groups

• Technical bases for WRC and RRC
CPM Report

• ITU-R Recommendations
• Resolutions
• Handbooks



ITU-R Recomendations

The ITU-R Recommendations constitute a set of international
technical standards developed by the Radiocommunication Sector
(formerly CCIR) of the ITU. They are the result of studies
undertaken by Radiocommunication Study Groups on:
• the use of a vast range of wireless services, including popular

new mobile communication technologies;
• the management of the radio-frequency spectrum and satellite

orbits;
• the efficient use of the radio-frequency spectrum by all

radiocommunication services;
• terrestrial and satellite radiocommunication broadcasting;
• radiowave propagation;
• systems and networks for the fixed-satellite service, for the

fixed service and the mobile service;
• space operation, Earth exploration-satellite, meteorological-

satellite and radio astronomy services.

www.itu.int/pub/R-REC



ITU-R Study Groups

• Technical bases for WRC and RRC
CPM Report

• ITU-R Recommendations
• Resolutions
• Handbooks



ITU-R Resolutions

• The ITU-R Resolutions give instructions on
the organization, methods or programs of
Radiocommunication Assembly or Study
Group work.

• These are also called RA Resolutions or
Radiocommunication Assembly Resolutions.

• Not of technical nature but more of
defining methodologies, working methods
and procedures.

www.itu.int/publ/R-RES



ITU-R Study Groups

• Technical bases for WRC and RRC
CPM Report

• ITU-R Recommendations
• Resolutions
• Handbooks



Handbooks (Manuals)

ITU-R Handbook is a text which provides a statement of the
current knowledge, the present position of studies, or of good
operating or technical practice, in certain aspects of
radiocommunications, which should be addressed to a radio
engineer, system planner or operating official who plans,
designs or uses radio services or systems, paying particular
attention to the requirements of developing countries. It
should be self-contained, require no familiarity with other
ITU Radiocommunication texts or procedures, but should not
duplicate the scope and content of publications readily
available outside the ITU.

www.itu.int/pub/R-HDB



Concluding remarks on Study Groups

• The Study Groups represent a major aspect
of ITU-R activities

• Technical forum for discussion amongst
experts

• Technical bases for Radio Conferences
• Recommendations, Reports and Handbooks



ITU-R Rules of Procedure

Rules of Procedure
The Radio Regulations are supplemented by its
Rules of Procedure, clarifying the application of
particular rules or establishing the necessary
practical procedures that may not be stipulated
in current regulations. These rules stem from an
extensive review and revision of the Rules of
Procedure of the Board of the Radio Regulations,
taking into account the decisions of the WRC.



ITU-R Rules of Procedure

These rules are to be used by administrations and the
Radiocommunication Bureau in applying the Radio
Regulations. The Rules of Procedure are presented
in three main parts:

- Part A: Rules relating to a provision of the Radio
Regulations, or a limited number of them.

- Part B: Rules relating to a process such as the
technical examinations.

- Part C: Rules relating to internal working methods of
the Board



ITU-R regions

Radio Regulations, divides the world into three ITU
regions for the purposes of managing the global radio
spectrum. Each region has its own set of frequency
allocations, the main reason for defining the regions;

Region 1: Europe, Africa, the Middle East west of the
Persian Gulf including Iraq, the former Soviet Union
and Mongolia.

Region 2: Americas, Greenland and some of the
eastern Pacific Islands.

Region 3: Asia, east of and including Iran, and most of
Oceania



ITU-R regions



Frequency Management

Spectrum management is the process of regulating the
use of radio frequencies to promote efficient use and
gain a net social benefit. The term radio spectrum
typically refers to the full frequency range from 3 kHz
to 300 GHz that may be used for wireless
communication. Increasing demand for services such
as mobile telephones and many others has required
changes in the philosophy of spectrum management.
Demand for wireless broadband has soared due to
technological innovation, such as 3G and 4G mobile
services, and the rapid expansion of wireless internet
services. Since the 1930s, spectrum was assigned
through administrative licensing.



Frequency Management

The assignment is autonomous and sovereign power of
each administration to issue the authorization of the
entity that makes use of the respective frequency.
Moreover, the powers and awards are part of the
Radio Regulations, with binding on states, and do
regarding the use of these bands. In other words,
states undertake to reserve frequencies and channels
for specific purposes under the conditions defined in
the RR, but keep the absolute power to define the
processes by which select and authorize various
entities, public or private, to use of these bands for
defined services.



Frequency Management

For the purpose of coordinating the spectrum
allocated to each of the services and stations, the RR
defined 3 types of processes, namely:

1. Allocation (of a frequency band): Entry in the Table
of Frequency Allocations of a given frequency band,
to be used by one or more radio services, under
specified conditions. This term also applies to the
frequency band considered.



Frequency Management

2. Allotment (of a frequency or a radio channel):
Registration of a given channel in a plan adopted by
a competent conference, for use by one or more
administrations for a specific radio service in one or
more specific countries or regions and under
specified conditions.

3. Assignment (of a frequency or a radio channel):
Authorization given an administration for a radio
station to use a frequency or a specific radio
channel under specified conditions.



Categories of services and allocations

When a band is attributed to more than one
service, such services are listed in the following
order in the tables of frequency allocation on a
global or regional chapter 5 of the Radio
Regulations:

a. Services whose names are printed in "capitals"
(example: FIXED) are called services "primary";

b. Services whose names are printed in "normal
characters" (example: Mobile) services are
called "secondary"



Categories of services and allocations

Stations of a secondary service:
a) shall not cause harmful interference to stations of

primary services to which frequencies are already
assigned or to which frequencies may be assigned at
a later date;

b) cannot claim protection from harmful interference
from stations of a primary service to which
frequencies are already assigned or may be assigned
at a later date;



Categories of services and allocations

c) can claim protection, however, from harmful
interference from stations of the same or other
secondary service(s) to which frequencies may be
assigned at a later date.



List of radio service abbreviations

Abbre-viations Radio services RR definition

AMS aeronautical mobile service No. 1.32
AM(R)S aeronautical mobile (route) service No. 1.33
AMSS aeronautical mobile-satellite service No. 1.35
AMS(R)S aeronautical mobile-satellite (route) service No. 1.36
ARNS aeronautical radionavigation service No. 1.46
ARNSS aeronautical radionavigation-satellite service No. 1.47
ARS amateur service No. 1.56
ARSS amateur-satellite service No. 1.57
BS broadcasting service No. 1.38
BSS broadcasting-satellite service No. 1.39
EESS Earth exploration-satellite service No. 1.51
FS fixed service No. 1.20
FSS fixed-satellite service No. 1.21
ISS inter-satellite service No. 1.22
LMS land mobile service No. 1.26
LMSS land mobile-satellite service No. 1.27
MetAids meteorological aids service No. 1.50



List of radio service abbreviations

Abbre-viations Radio services RR definition

MetSat meteorological-satellite service No. 1.52
MMS maritime mobile service No. 1.28
MMSS maritime mobile-satellite service No. 1.29
MRNS maritime radionavigation service No. 1.44
MRNSS maritime radionavigation-satellite service No. 1.45
MS mobile service No. 1.24
MSS mobile-satellite service No. 1.25
RAS radio astronomy service No. 1.58
RDS radiodetermination service No. 1.40
RDSS radiodetermination-satellite service No. 1.41
RLS radiolocation service No. 1.48
RLSS radiolocation-satellite service No. 1.49
RNS radionavigation service No. 1.42
RNSS radionavigation-satellite service No. 1.43
SOS space operation service No. 1.23
SRS space research service No. 1.55



Thank you!



Introduction To Massive MIMO

• Introduction

• Classification

• Uplink and Downlink in Massive MIMO



Introduction To Massive MIMO

• Massive MIMO is a promising technology to enable
high data rates in 5G
o Target 100Mbps per user

• Potentially 50X spectral efficiency (4G)
o Improvements over fourth generation

• Adding more antennas is always beneficial for
o Increased Throughput

o Reduced Radiated power

o Greater simplicity in signal processing



Massive MIMO

• An array of small, non-directive antennas
o Severs several users/devices

o Terminals typically would have only a single
antenna each

• MIMO classification
o Point to Point MIMO

oMulti-User (MU) MIMO

oMassive MIMO



Point to Point MIMO



Point to Point MIMO

• Concentrated array of M antennas
o Transmits data to user/BS

o that has concentrated array of K antennas

• Spectral efficiency of the link is approximately

where is expected signal to noise power
ratio (SNR)



Point to Point MIMO

• Throughput can be increased

– by adding antennas at each end of the link

– Without increasing either Tx power or bandwidth

• Point to point MIMO is not scalable beyond 8x8

• Extensively used in current wireless systems
– 802.11ac WIFI – 8x8 MIMO

– LTE Advanced – 8x8 MIMO in DL and 4x4 in UL



Point to Point MIMO- Challenges

• Depends on NLOS propagation
o For i.i.d fading coefficients

• Absence of NLOS results in increased correlation
o This leads to rank deficient channel, which has lower capacity

• With the large number of antennas and FDD
o large amount of time/BW have to be spent on channel estimation

• Pilots are required for receiver to estimate the channel
o No of pilots should be at least equal to  number of transmit

antennas
• The user equipment is costly/complex

o Multiple antennas requires at each users
o Several RF chains , one for each antenna

• Achieving channel capacity requires complex signal processing
o Singular value decomposition(SVD) to find optimal precoder

/combiner



Multi-User(MU) MIMO

• Multi-User(MU) MIMO is equivalent to taking a point - point
MIMO link

– Separating single K

antenna user into

K single antenna users



Multi-User(MU) MIMO- Advantages

• Two key advantages over point-point MIMO

o Only single-antenna user terminals are required

• Simplifies device design and lowers cost

o Can Achieve higher capacity even under LOS conditions
since user separation is large, the user channels are
uncorrelated



Multi-User(MU) MIMO- Challenges

• However, achieving higher capacity has higher complexity

o Due to exponential complexity of MU precoding and
decoding

• No of pilots for channel estimation

o Still increases with the number of antennas at BS



Massive MIMO: A Revolutionary technology

• In Massive MIMO, Number of BS antenna is  several times the
no of users

• 250-300 antennas

• 40-50 users



Massive MIMO Advantages
• BS estimates the channel in the UL

o Thus, the no of pilots required is proportional only to the no
of users

o Which is much smaller than no of BS antennas

• Massive MIMO operates in TDD mode

o Thus, channel estimated in UL can be used in DL

o This is termed as channel reciprocity

• Simple Matched Filter can be employed for user separation  on
the UL

o Conjugate Beamforming for user multiplexing on the DL

• Linear precoding and decoding suppress interference

o Thus, computational complexity is significantly low



Massive MIMO- Uplink



Massive MIMO- Uplink

• On the UL, user directly transmit their symbols

AIM: To recover the symbols of the individual users

With minimal interference  from the symbol of
other users



Massive MIMO- Uplink



MF for Massive MIMO Uplink

• Let the user transmit symbol

o Channel between user  and BS antenna  denoted
by

• The symbol of user- K is estimated at the BS as described
below

o The signal on the antenna is weighted by ∗
o The weighted signal is summed over the M antennas to

estimate



Massive MIMO- Downlink



Massive MIMO-Downlink

• In the DL, a single composite signal is transmitted by the BS

o Which comprises of all the user symbols

• AIM- each user should receive only the desired data stream

o with minimal interference from the data stream to the
other user



Conjugate Beamforming for Massive MIMO-
Downlink



Conjugate Beamforming for Massive MIMO-
Downlink

• To precode the symbol of user –K, the BS follow the procedure
below

o It weights the signal on the antenna by ∗
• It then sums the weighted signal over the K- users

o This is then transmitted over the antenna



Key Properties of Massive MIMO

• When the number of antennas M is very large

o The channel vectors of different users are Asymptotically
orthogonal

• As number of antenna M increases

o The power of the desired signal grows M times faster than
the interference



Massive MIMO performance

• Massive MIMO leads to the significant increase in rate over
point to point MIMO

• M= 250 antennas, K=64 users yields a spectral efficiency of
50 bits/sec/Hz

o In contrast 8x4 point –point MIMO has spectral efficiency
of 1.3 bits/sec/Hz



Massive MIMO performance



Massive MIMO Channel Estimation
and Analysis



Massive MIMO Channel
Estimation and Analysis

• Channel estimation

• Pilot contamination



Massive MIMO Channel Estimation

• Recall the Massive MIMO model,



Massive MIMO Channel Estimation

• The model for channel estimation is

• K=no of pilot transmissions

• Pilot power =
• PILOT MATRIX ΦΦ = 1
• This is known as orthogonal pilot matrix



Pilot Matrix

• Therefore, it follows that

• Hence,



Massive MIMO-Channel Estimate

• The channel estimate can now be obtained
as,

• The channel estimation error is,



Channel Estimation Error

• The channel estimation error is simplified as,

• Recall,

• Therefore, Φ ∼ (0,1)



Channel Estimation Error

• It follows that,

• Therefore, variance of channel estimation
error is



Massive MIMO SINR with CSI Uncertainty

• Recall the Massive MIMO system model,

• The matched filter receiver for user 1 with
CSI uncertainty is



Massive MIMO SINR with CSI Uncertainty

• Hence, output with CSI uncertainty is



SINR with CSI Uncertainty

• The SINR with CSI uncertainty is



SINR with CSI Uncertainty

• The SINR with CSI uncertainty can be
simplified as



Power Scaling with CSI Uncertainty

• Consider now again power scaling as,

• The SINR is



Power Scaling with CSI Uncertainty

• The SINR can be simplified as



Power Scaling with CSI Uncertainty

• Hence, one cannot scale power as
• This is because, as transmitted power

decreases as
– CSI estimation process increases as

• Consider now power scaling as



Power Scaling with CSI Uncertainty

• The SINR is given as,



Power Scaling with CSI Uncertainty

• This can be simplified as,



Power Scaling with CSI Uncertainty

• Thus, in order to keep SINR as constant, the
transmit power can be scaled as,

• Transmit power only decreases as



Channel Estimate Error
• Channel Estimate of each user can be expressed

as, = +
• where elements of error vector are i.i.d

Gaussian with variance1
• Further from, = +
• It follows that the channel estimate has i.i.d

Gaussian elements of  variance+ 1



Properties of RVs
• Recall,

• Hence, it follows that,

• Now if W=

• Follows the central limit theorem and property,



SINR with CSI Uncertainty

• The SINR with CSI Uncertainty is

• Observe,



SINR with CSI Uncertainty

• SINR can be simplified as,

• Also, variance of channel estimate error is
• It follows that,



SINR with CSI Uncertainty

• SINR can be further simplified as

• Now consider,



SINR with CSI Uncertainty

• Note also,

• Substituting the various expression, the final
equation for SINR is



Multi cell Massive MIMO systems



Multi cell Massive MIMO systems

• Consider the UL of Multicell-Massive MIMO system

• With L cells sharing the same frequency band

• Each cell includes one BS equipped with M antennas
and K- single antenna users

• Single cell Massive MIMO- Recall



Multi cell Massive MIMO systems

• The model for a multi cell scenario is
• The Mx1 received vector at BS is given as,

• is the M x K channel matrix between
BS and k users at cell

• is the geometric attenuation and shadow
fading



Multi cell Massive MIMO SINR

• Consider user 1 in cell 1 as the desired user



Multi cell Massive MIMO SINR

• The matched filter receiver for user 1 is given
as, =



Multi cell Massive MIMO SINR

Note that,



Multi cell Massive MIMO SINR

• Substituting this result yields,



Multi cell Massive MIMO power scaling

• Consider now power scaling,=
• The SINR scales as,

• One can maintain constant SINR with power
scaling as



Multi cell Massive MIMO power scaling

• The channel vectors of the users become
orthogonal as M becomes large
• Both intra and inter cell interference

• PILOT CONTAMINATION
• Recall the model for channel estimation for

single cell,

• Further, the pilot matrix is chosen as,ΦΦ = 1



Multi cell Massive MIMO channel estimation

• The model for multi cell channel estimation is

• Let the number of pilot symbols be P
• Total number of transmit antennas is KL
• Hence minimum no of pilot symbols is KL
• Thus, for orthogonally and no multi user pilot

interference
– No of pilot transmissions required increases by

a factor of L and leads to significant overhead in
Multi cell Massive MIMO system



PILOT CONTAMINATION

• In order to avoid this overhead, one can
transmit same pilot in all cells

• This is called Pilot reuse
• This leads to pilot interference from other

cells
• This is termed as Pilot contamination
• The model for channel estimation with pilot

reuse is

• Further assume, ΦΦ = 1



PILOT CONTAMINATION
• Hence, the channel estimate is

• PC represents the effect of pilot contamination



Rate scaling-pilot contamination

• It can be shown that transmit power can be
scaled as,

• The asymptomatic SINR in the UL for the
user in the cell is

• Note that, there is multi cell interference in
this case



Hybrid transceiver design for
mmWave MIMO



Ideal precoder/combiner for MIMO



MIMO channel

• Consider the conventional MIMO system

• s is the symbol vector
• X is the transmit vector



MIMO SVD

• The singular value decomposition (SVD) of the
MIMO channel is given by



Optimal precoder
• Let symbols be transmitted
• Partition V as

• The columns of correspond to the largest
singular values , , … ,

• For the conventional MIMO system, the
optimal precoder is given as



mmWave MIMO Precoding/Combining

• mmWave MIMO



mmWave MIMO

• Design of all components is Highly complex
• Hence, split the problem into two parts
• First, Deign the precoders ,
• Later design the combiner ,
• mmWave MIMO precoding model is given by



MIMO Precoder
• The sizes of the precoding matrices are

• We desire,
• The optimization problem is

• Entries of have to be unit-magnitude
phase-shifters -



• mmWave MIMO channel H is given by

• mmWave channel Property

• can be expressed as linear combination of
columns of

mmWave channel



Ideal RF/BB precoders
• can be made the RF precoders- Not known
• Entities of are unit magnitude

• can be baseband precoder- only contain non-
zero rows



Precoder optimization
• Since is not known, one can use

dictionary matrix

• The optimization problem for the best
precoder can be formulated as

• can have only non-zero rows



• is sparse Block-sparse

• SOMP is used to design
• Extract the non zero rows from for the

baseband precoder
• And corresponding columns from form

the RF precoder

Precoder optimization



SOMP for precoder design
• Initialize as the NULL matrix( ) = []
• Set initial residue = ideal precoder( ) =
• In iteration k, find column of that has maximum

correlation with ( )= ( )= ,



• Augment the RF precoder with the i(k)th column
of

• Find the best approximation to ideal baseband
precoder ( )

SOMP for precoder design



• Update residue ( ) for iteration k as

SOMP for precoder design



mmWave optical combiner design



Combiner optimization

• The optimal minimum mean square error
(MMSE) combiner is



MMSE Minimization
• MSE minimization is equivalent to

• can be formed from the receive array
response vectors ( ) – unknown

• Start with dictionary matrix



Optimization for receiver design

• The optimization problem can be formulated as

• SOMP once again can be used for to design



Combiner optimization



Precoding in Large MIMO Systems

• SVD precoding

• Precoding in multi user MIMO downlink

• Precoding in Large multi user MISO
systems

• Multicell precoding



SVD Precoding
• Precoding based on Singular value decomposition (SVD) of the channel

matrix

• Transforms MIMO channel into parallel sub channels
• ML decoding at transmitted information vector reduces to separate ML

decoding for the information symbols transmitted on each sub channels

• Low ML detection complexity
• SVD of channel Matrix is

• SVD precoder uses



SVD Precoding

• Received vector is given by

• Let                  be the sub matrix with first columns of U

• Receiver computes

• where              is still an uncorrelated Gaussian vector with

• Hence, SVD precoding transforms the channel into
parallel sub channels



SVD Precoding

• For i.i.d Rayleigh fading, the pdf of singular value around
=0 is

• Diversity order of stream is

• The lowest diversity order is achieved by th stream, the
overall error performance is dominated by the minimum
singular value

• when = = , the resulting diversity order of SVD
precoding is 1.



SVD Precoding

Paring of good and bad subchannels

• Pairing of subchannels- joint coding of information symbols
across two subchannels

• Low complexity technique to improve the overall diversity
order of SVD precoding

• subchannels with low diversity gain combined with high
diversity gain provide improved overall diversity order

• Motivated from Rotation coding



Rotation coding



Rotation coding

• Consider SISO fading channel and signalling in two channel
uses

• Let = , ± denote the information vector

• The transmit vector =
where T is rotation matrix parameterized by single angle θ

• Possible four codes are

• The received signal at the channel use is



Rotation coding

• ℎ and ℎ are the i.i.d fading coefficients in channel 1 and 2
resp

• is the additive noise component

• The pairwise symbol error probability is given by

• If



Rotation coding

• The squared product distance between and is

• The overall error probability is

• The θ that maximizes the minimum squared product distance
is

• Rotation coding allows to achieves second order diversity
even in SISO fading channels

• The idea is to pair subchannels (good with bad) followed by
SVD

• Each pair is encoded by 2x2 complex or real rotation matrix



X precoding

• Precoding using real rotation matrices called X-codes
performed on pairs of subchannels

• Consider even = without loss of generality

• Linear encoder defined by matrix                   pairs the
subchannels

• Precoder matrix T and transmit vector x is



X precoding

• x matrix is determined by list of subchannel pairings

• 2x2 encoder matrix for the kth pair

• Each is used for 2x2 submatrix  of the X matrix so that

• Optimal pairing- kth subchannel is paired with



• Diversity order is

• E.g:

– The overall diversity order with pairing is

– without pairing is 1

• If only (even )  out of subchannels are used for
transmission

• The overall achievable diversity order is

• For = = , the structure of X matrix

X precoding

when = =



X precoding

• The best rotational angle for kth pair based on maximization
is

• Decoding at receiver is

• And equivalent to



X precoding



• ML decoding of u reduces to the ML decoding of the K pairs

• ML decoding of each pair is separable into ML decoding of
real and imaginary components if

• The overall complexity is two dimensional real ML
decoders

• Low complexity – large no of antennas

• X precoding performance
o In case of no fading, deep fade increases the word error

probability

o In x codes, the minimum distance between the received
codewords of the rotated constellation  is larger and not
vanishing even in deep fade

X precoding



• When a pair of subchannels is well conditioned (i.e., λ1/λ2 is
close to 1), performance of X-codes is good

• Their performance degrades when the pair of subchannels is
ill conditioned (i.e., λ1/λ2 ≫1)

• To improve performance in ill-conditioned subchannels, Y-
precoding is used

• In SVD precoding, the subchannel gains are the ordered
singular values of the SVD of the channel matrix

• By pairing these subchannels, one of the subchannels in a pair
is stronger than the other

• The minimum Euclidean distance between the received code
words along the stronger subchannel component is larger
than that along the weaker subchannel component

Y precoding



• Y-codes are designed that  the codewords form a subset of a
two-dimensional real skewed lattice

• Y-codes are parameterized with two parameters and
related to power allocated to the two subchannels so that

the matrix is

• The overall structure of Y-codes using these parameters for
three pairs of subchannels for nt = nr = 6 is given by

Y precoding



• As in X-codes, the optimum parameters for Y-codes can be
computed independent of H

• Y-codes have the advantage of lower detection complexity
than X-codes

• Because ML detection of X-codes requires a two-dimensional
search whereas ML detection of Y-codes needs only one-
dimensional search

Y precoding



Performance of X-codes and Y-codes

• The BER performance of X-codes and Y-codes for a 16×16 MIMO system
with 16-QAM and 64 bps/Hz spectral efficiency (i.e., ns = nt =nr = 16)

• The performance of the MMSE precoder is also plotted for comparison



Precoding in a multiuser MIMO downlink

• BS transmitter equipped with multiple transmit antennas
communicating with multiple users each with one or more
receive antennas

• Single-user MIMO - capacity grows linearly with min( ,
)

• Multiuser MIMO downlink- Knowledge of CSIT can almost
always be utilized to increase the system performance

• Larger achievable rate

• two types of precoding schemes

– linear precoding

– non-linear precoding



Linear precoding
• Linear transformation of the data symbols using a precoding

matrix



• The signal vector transmitted by  BS is

• where                          is the global precoding matrix, and
is the global data vector

• The global channel matrix is given by

• Signal vector received at the ith user is given by

• where is the noise vector at the ith user

• The global received signal vector can be written as

Linear precoding



• ZF precoding - to design the precoding matrix such that the
combined channel HB results in interference-free reception

• No linear capacity growth with min( , )

• But possible in multiuser channel

• the ith user performs the receive processing with a receiver
filter , then the estimate of its data symbol is

• Generalized ZF approach-block-diagonalization, is to jointly
design

Linear precoding



• is the Kronecker delta, i.e., = 1 if i = j, and zero
otherwise

• Interference-free reception at each user

• Disadvantages of  ZF precoder

– Result from requirement of complete cancelation of
interference

– Relaxation of this requirement leads to a larger set of
solutions that can potentially give higher capacity for a
given transmit power, or require a lower transmit power
for a given rate point

Linear precoding



• When the set of active users is small, Linear precoders lag in
performance

• Tomlinson–Harashima precoding (THP)- for time-domain
equalization, multiuser MIMO systems for spatial equalization

• Perfect CSI, it is possible to perfectly pre subtract the
interference

• The user can estimate its signal as

• Interference to the user, i > 1, is less in THP than in linear
precoding

• Joint optimization of the precoder and user receive filters can
improve performance

• interference presubtraction and optimal user ordering
• increase the complexity

Non-Linear precoding



Precoding in large multiuser MISO systems
• low complexity precoding
• High sum-rates



• Consider a multiuser MISO system
• BS communicates with users on the downlink
• BS employs transmit antennas and each user is equipped

with one receive antenna (i.e., = 1)
• denote the complex information symbol vector
• precoded symbol vector
• Let denote the received complex signal at user i

• denote the channel matrix such that its( , ) entry ℎ , is the complex channel gain from the
transmit antenna to the user’s receive antenna

• can be expressed in terms of , , and as

Precoding in large multiuser MISO systems



• The complex-valued system model  is converted into the real-
valued system model given by

Precoding in large multiuser MISO systems



Vector perturbation

• denote the precoding matrix
• Unit-norm transmitted symbol vector x can be written as

• For the ZF precoder with ≥ , the precoding matrix is
given by

• corresponding received signal vector y is given by

• can be defined as



• is the perturbation vector and τ is a positive real
number.

• The optimal value of , denoted by , is given by

• Detection at the receiver
• The detected symbol vector at the receiver is given by

• good choice of τ is given by

Vector perturbation



Precoder based on norm descent search
(NDS)

• Vector perturbation precoding does not scale well for large
systems,

• Low complexity alternatives are desired

• Iterative algorithm using NDS



Precoder based on norm descent search
(NDS)



Multicell precoding

• Consider a multicell multiuser MIMO TDD system, where
there are L cells and K users in each cell.

• If orthogonal pilots are used on the uplink, the length of
orthogonal sequences is KL, which limits the throughput of
the system in channels with smaller coherence times.

• Non-orthogonal pilots need to be used

• Pilot contamination problem- the sum-rate because of the
inter-cell interference caused by the nonorthogonal pilots

• The number of BS antennas grows to infinity, the
achievable rate approaches a constant limit that depends on
the path loss of the other users employing the same pilot
sequence-the impact of pilot contamination will be very
significant



• The fading coefficients between the BS of the cell and the
users in the cell are represented by a matrix of size K ×M

• Diagonal matrix, given by

• Two phases in the communication scheme:
– uplink training-users transmitting pilots to the

corresponding BSs
– downlink data transmission- BSs transmitting data to their

users.

Multicell precoding



Uplink training

• In uplink training, each user employs a training sequence of
length . The training sequence used by the kth user in the
jth cell is denoted as



•

Uplink training



Downlink data transmission

• Two types of data transmission schemes on the downlink are
possible:

– without BS cooperation another

– with BS cooperation

System without BS cooperation

System with BS cooperation

The K × 1 received signal vector at all the users in the jth cell
is given by

The K × 1 received signal vector at the users in the jth cell
is given by



Orthogonal Frequency Division 
Modulation (OFDM) 

•  OFDM diagram 
•  Inter Symbol Interference 
•  Packet detection and synchronization 
•  Related works 



Motivation 

•  Signal over wireless channel 
�  y[n] = Hx[n] 

•  Work only for narrow-band channels, but 
not for wide-band channels  
�  e.g., 20 MHz for 802.11 

frequency 
2.45GHz (Central frequency) 

20MHz 

 Capacity = BW * log(1+SNR)  



Basic Concept of OFDM 
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Orthogonal Frequency Division Multiplexing (OFDM)  
 
 Modulation - a mapping of the information on changes in the carrier phase, frequency or 
amplitude or combination. 
 Multiplexing - method of sharing a bandwidth with other independent data channels. 
 
OFDM is a combination of modulation and multiplexing. Multiplexing generally refers to 
independent signals, those produced by different sources. So it is a question of how to share the 
spectrum with these users. In OFDM the question of multiplexing is applied to independent 
signals but these independent signals are a sub-set of the one main signal. In OFDM the signal 
itself is first split into independent channels, modulated by data and then re-multiplexed to create 
the OFDM carrier.  
 
OFDM is a special case of Frequency Division Multiplex (FDM). As an analogy, a FDM channel 
is like water flow out of a faucet, in contrast the OFDM signal is like a shower. In a faucet all 
water comes in one big stream and cannot be sub-divided. OFDM shower is made up of a lot of 
little streams.  
 

                       
(a)    (b) 
 
Fig. 1 – (a) A Regular-FDM single carrier – A whole bunch of water coming all in one stream. (b) 
Orthogonal-FDM – Same amount of water coming from a lot of small streams. 
 
Think about what the advantage might be of one over the other? One obvious one is that if I put 
my thumb over the faucet hole, I can stop the water flow but I cannot do the same for the shower. 
So although both do the same thing, they respond differently to interference.  
 

 
 
Fig. 2 – All cargo on one truck vs. splitting the shipment into more than one. 
 
Another way to see this intuitively is to use the analogy of making a shipment via a truck.  
We have two options, one hire a big truck or a bunch of smaller ones. Both methods carry the 
exact same amount of data. But in case of an accident, only 1/4 of data on the OFDM trucking 
will suffer. 
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Send a sample using 
the entire band 

Send samples concurrently using 
multiple orthogonal sub-channels 

Wide-band channel Multiple narrow-band channels 



Why OFDM is better? 

•  Multiple sub-channels (sub-carriers) carry 
samples sent at a lower rate 
�  Almost same bandwidth with wide-band channel 

•  Only some of the sub-channels are 
affected by interferers or multi-path 
effect 

f 
f 

t t 

Wide-‐band	   Narrow-‐band	  
0	   1	  

1	   0	  
0	   0	  

1	  

0	   1	   1	   0	   0	   0	   1	  …........	  



Importance of Orthogonality 
•  Why not just use FDM (frequency division 

multiplexing) 
�  Not orthogonal 

•  Need guard bands between adjacent frequency 
bands à extra overhead and lower throughput 

f	  

Individual	  sub-‐channel	  

Leakage	  interference	  from	  
adjacent	  sub-‐channels	  

f	  

guard	  band	  
Guard	  bands	  protect	  
leakage	  interference	  



Difference between FDM and OFDM 

f	  

guard	  band	  

Frequency division multiplexing 

2 OFDM 6

(a) Adjacent sub-channels interfere

(b) Guard bands protect leakage from adjacent frequencies

Figure 9: Frequency Division Multiplexing

Figure 10: Sub-carriers in OFDM

It is easy to see that these sub-carriers are orthogonal, i.e. they do not interfere with each
other.

� =
N/2�1�

t=�N/2

e�j2� k
N tej2� p

N t = 0 (p ⇥= k) (6)

Hence we can improve spectral e⇥ciency without causing interference between the sub-carriers.

2.3 OFDM Block Diagram

At the transmitter, we have an input - a stream of D bits. Suppose we have nfft sub-carriers.
Then we must transmit D/nfft = nsym symbols, where each symbol has nfft bits. Here we
are assuming each signal value in our modulation represents one bit, e.g BPSK. Note that if
we use 4-QAM : each symbol will have 2 � nfft bits, if we use 16-QAM : each symbol will
have 4 � nfft bits, etc. The bits in each is then fed into a serial-to-parallel converter and
modulated (BPSK/4-QAM/etc.). Note that it is possible for di�erent sub-carriers to use di�er-
ent modulation schemes. An inverse fast Fourier transform (IFFT) is performed on the nfft
complex numbers. The stream is fed to a parallel to serial converter. Hence the output signal
is a sequence of nsym symbols where each symbol has nfft samples.

Orthogonal sub-carriers in OFDM 
Don’t	  need	  guard	  bands	  

f	  



Orthogonal Frequency Division Modulation 
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(a) Adjacent sub-channels interfere
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is a sequence of nsym symbols where each symbol has nfft samples.

Data	  coded	  in	  frequency	  domain	  

f	  
IFFT	  

*	  x[1]	  

*	  x[2]	  

*	  x[3]	  

…
	   t	  

TransformaNon	  to	  Nme	  domain:	  
each	  frequency	  is	  a	  sine	  wave	  	  
In	  Nme,	  all	  added	  up	  

Channel	  frequency	  
response	  	  
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Orthogonal Frequency Division Modulation

Data coded in frequency domain

N carriers

B

Transformation to time domain:
each frequency is a sine wave
in time, all added up.

f

Transmit

Symbol: 8 periods of f0

Symbol: 4 periods of f0

Symbol: 2 periods of f0

+

Receive
time

B

Decode each frequency
bin separately

Channel frequency
response

f

f

Time-domain signal Frequency-domain signal

OFDM uses multiple carriers
to modulate the data

N carriers

B

Modulation technique

A user utilizes all carriers to transmit its data as coded quantity at each 
frequency carrier, which can be quadrature-amplitude modulated (QAM).

Intercarrier Separation  = 
1/(symbol duration)

– No intercarrier guard bands
– Controlled overlapping of bands
– Maximum spectral efficiency (Nyquist rate)

– Very sensitive to freq. synchronization
– Easy implementation using IFFTs

Features

Data

Carrier

T=1/f0 Time

f0
B
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eq
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nc
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One OFDM symbol

Time-frequency grid

transmit	  

receive	  

Time	  domain	  signal	   Frequency	  domain	  signal	  

FFT	  

Decode	  each	  subcarrier	  
separately	  



OFDM Transmitter and Receiver 

2 OFDM 7

The received signal is fed to a parallel to serial converter. An fast Fourier transform (FFT) is
performed on the nfft complex numbers to produce the symbol. The bits are retrieved through
demodulation and the stream is serialized and output. A basic outline of this chain is shown in
Figure 11.

Figure 11: Basic view of the OFDM Transmitter and Receiver

2.4 Inter Symbol Interference (ISI)

Inter-symbol interference is caused when delayed and attenuated versions of the signal (e.g.
produced due to multi-path) overlap with the signal. Hence one symbol’s delayed version may
overlap with an adjacent symbol causing inter-symbol interference. One simple technique to
avoid this is to introduce a guard-band between adjacent symbols as shown in Figure 12.

Figure 12: Guard band between symbols in OFDM

However, a better approach is to introduce a cyclic prefix where some trailing portion of the
symbol is copied in front of it. This gives an illusion to the FFT algorithm that the signal is
periodic (the delayed and attenuated signals will be exactly the way it should be if the signal
was periodic). Hence equation (5) is valid. This is shown in Figure 13.

The full OFDM transmitter and receiver including the cyclic prefix is shown in Figure 14.
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produced due to multi-path) overlap with the signal. Hence one symbol’s delayed version may
overlap with an adjacent symbol causing inter-symbol interference. One simple technique to
avoid this is to introduce a guard-band between adjacent symbols as shown in Figure 12.

Figure 12: Guard band between symbols in OFDM

However, a better approach is to introduce a cyclic prefix where some trailing portion of the
symbol is copied in front of it. This gives an illusion to the FFT algorithm that the signal is
periodic (the delayed and attenuated signals will be exactly the way it should be if the signal
was periodic). Hence equation (5) is valid. This is shown in Figure 13.

The full OFDM transmitter and receiver including the cyclic prefix is shown in Figure 14.



Orthogonality of Sub-carriers 

x(t) = X[k]e j2πkt N
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N 2−1

∑

Encode: frequency-domain samples à time-domain sample 
IFFT 

Time-domain Frequency-domain 

Decode: time-domain samples à frequency-domain sample 
FFT 

X[k]= 1
N
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N 2−1

∑

Orthogonality of any two bins : e− j2πkt Ne− j2π pt N
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Example 
•  Say we use BPSK and 4 sub-carriers to transmit 

a stream of samples 

•  Serial to parallel conversion of samples 

•  Parallel to serial conversion, and transmit time-
domain samples 
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In OFDM we have N carriers, N can be anywhere from 16 to 1024 in present technology and 
depends on the environment in which the system will be used.  
 
Let’s examine the following bit sequence we wish to transmit and show the development of the 
ODFM signal using 4 sub-carriers. The signal has a symbol rate of 1 and sampling frequency is 1 
sample per symbol, so each transition is a bit. 
 

 
Fig. 7 – A bit stream that will be modulated using a 4 carrier OFDM. 
 
First few bits are  1, 1, -1, -1, 1, 1, 1, -1, 1, -1, -1, -1, -1, 1, -1, -1, -1, 1,… 
 
Let’s now write these bits in rows of fours, since this demonstration will use only four sub-
carriers. We have effectively done a serial to parallel conversion. 
 
Table I – Serial to parallel conversion of data bits. 
 c1 c2 c3  c4 
  1  1 -1  -1 
  1  1  1  -1 
  1 -1 -1  -1 
 -1  1 -1  -1 
 -1  1  1  -1 
 -1 -1  1   1 
 
 
Each column represents the bits that will be carried by one sub-carrier. Let’s start with the first 
carrier, c1. What should be its frequency? From the Nyquist sampling Theorem, we know that 
smallest frequency that can convey information has to be twice the information rate. In this case, 
the information rate per carrier will be 1/4 or 1 symbol per second total for all 4 carriers. So the 
smallest frequency that can carry a bit rate of 1/4 is 1/2 Hz. But we picked 1 Hz for convenience. 
Had I picked 1/2 Hz as my starting frequency, then my harmonics would have been 1, 3/2 and 2 
Hz. I could have chosen 7/8 Hz to start with and in which the harmonics would be 7/4, 7/2, 21/2 
Hz.  
 
We pick BPSK as our modulation scheme for this example. (For QPSK, just imagine the same 
thing going on in the Q channel, and then double the bit rate while keeping the symbol rate the 
same.) Note that I can pick any other modulation method, QPSK, 8PSK 32-QAM or whatever. 
No limit here on what modulation to use. I can even use TCM which provides coding in addition 
to modulation. 
 
Carrier 1 - We need to transmit 1, 1, 1 -1, -1, -1 which I show below superimposed on the BPSK 
carrier of frequency 1 Hz. First three bits are 1 and last three -1. If I had shown the Q channel of 
this carrier (which would be a cosine) then this would be a QPSK modulation. 
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	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  c1	  	  	  c2	  	  	  	  c3	  	  	  	  c4	  	  
symbol1	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  -‐1	  	  	  	  -‐1	  
symbol2	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  -‐1	  
symbol3	  	  	  	  	  1	  	  	  	  -‐1	  	  	  	  -‐1	  	  	  	  -‐1	  
symbol4	  	  	  	  -‐1	  	  	  	  	  1	  	  	  	  -‐1	  	  	  	  -‐1	  
symbol5	  	  	  	  -‐1	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  -‐1	  
symbol6	  	  	  	  -‐1	  	  	  	  -‐1	  	  	  	  	  1	  	  	  	  	  1	  

Frequency-‐domain	  signal	   Time-‐domain	  signal	  

	  0	  	  	  	  	  	  	  	  	  	  	  	  	  2	  -‐	  2i	  	  	  	  	  	  	  	  0	  	  	  	  	  	  	  	  	  	  	  	  	  2	  +	  2i	  
	  2	  	  	  	  	  	  	  	  	  	  	  	  	  0	  -‐	  2i	  	  	  	  	  	  	  	  2	  	  	  	  	  	  	  	  	  	  	  	  	  0	  +	  2i	  
-‐2	  	  	  	  	  	  	  	  	  	  	  	  	  2	  	  	  	  	  	  	  	  	  	  	  	  	  	  2	  	  	  	  	  	  	  	  	  	  	  	  	  2	  
-‐2	  	  	  	  	  	  	  	  	  	  	  	  	  0	  -‐	  2i	  	  	  	  	  	  -‐2	  	  	  	  	  	  	  	  	  	  	  	  	  0	  +	  2i	  
	  0	  	  	  	  	  	  	  	  	  	  	  	  -‐2	  -‐	  2i	  	  	  	  	  	  	  	  0	  	  	  	  	  	  	  	  	  	  	  -‐2	  +	  2i	  
	  0	  	  	  	  	  	  	  	  	  	  	  	  -‐2	  +	  2i	  	  	  	  	  	  	  0	  	  	  	  	  	  	  	  	  	  	  -‐2	  -‐	  2i	  
	  

IFFT	  

	  0,	  2	  -‐	  2i,	  0,	  2	  +	  2i,	  2,	  0	  -‐	  2i,	  2,	  0	  +	  2i,	  -‐2,	  2,	  2,	  2,	  -‐2,	  0	  -‐	  2i,	  -‐2,	  
0	  +	  2i,	  0,	  -‐2	  -‐	  2i,	  0,	  -‐2	  +	  2i,	  0,	  -‐2	  +	  2i,	  0,	  -‐2	  -‐	  2i,	  …	  
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Fig. 8 – Sub-carrier 1 and the bits it is modulating (the first column of Table I) 
 
Carrier 2 - The next carrier is of frequency 2 Hz. It is the next orthogonal/harmonic to frequency 
of the first carrier of 1 Hz. Now take the bits in the second column, marked c2, 1, 1, -1, 1, 1, -1 
and modulate this carrier with these bits as shown in Fig. 

 
 
Fig. 9 – Sub-carrier 2 and the bits that it is modulating (the 2nd column of Table I) 
 
Carrier 3 – Carrier 3 frequency is equal to 3 Hz and fourth carrier has a frequency of 4 Hz. The 
third carrier is modulated with -1, 1, 1, -1, -1, 1  and the fourth with -1, -1, -1, -1, -1, -1, 1 from 
Table I. 
 
 

 

 
Fig. 10 – Sub-carrier 3 and 4 and the bits that they modulating (the 3rd and 4th columns of Table I) 
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symbol1	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  -‐1	  	  	  	  -‐1	  
symbol2	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  -‐1	  
symbol3	  	  	  	  	  1	  	  	  	  -‐1	  	  	  	  -‐1	  	  	  	  -‐1	  
symbol4	  	  	  	  -‐1	  	  	  	  	  1	  	  	  	  -‐1	  	  	  	  -‐1	  
symbol5	  	  	  	  -‐1	  	  	  	  	  1	  	  	  	  	  1	  	  	  	  -‐1	  
symbol6	  	  	  	  -‐1	  	  	  	  -‐1	  	  	  	  	  1	  	  	  	  	  1	  

bin1	  

bin2	  

bin3	  

bin4	  

t1	   t2	   t3	   t4	   t5	   t6	  



Multi-Path Effect 
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The functional block diagram of how the signal is modulated/demodulated is given below. 
 

 
 
Fig 17 – The OFDM link functions 
 
Defining fading 
 
If the path from the transmitter to the receiver either has reflections or obstructions, we can get 
fading effects. In this case, the signal reaches the receiver from many different routes, each a 
copy of the original. Each of these rays has a slightly different delay and slightly different gain. 
The time delays result in phase shifts which added to main signal component (assuming there is 
one.) causes the signal to be degraded.  
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Fig. 18 – Fading is big problem for signals. The signal is lost and demodulation must have a way of 
dealing with it. Fading is particular problem when the link path is changing, such as for a moving car 
or inside a building or in a populated urban area with tall building. 
 
If we draw the interferences as impulses, they look like this  
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y(t) = h(0)x(t)+ h(1)x(t −1)+ h(2)x(t − 2)+

= h(
Δ

∑ Δ)x(t −Δ) = h(t)⊗ x(t)

time-domain 

⟺	   Y ( f ) = H ( f )X( f )

frequency-domain 

Orthogonal Frequency Division Multiplex (OFDM) Tutorial 
   

13

0D
1D kD

1'
k'

0'

 
Fig. 19 – Reflected signals arrive at a delayed time period and interfere with the main line of sight 
signal, if there is one. In pure Raleigh fading, we have no main signal, all components are reflected.  
 
In fading, the reflected signals that are delayed add to the main signal and cause either gains in 
the signal strength or deep fades. And by deep fades, we mean that the signal is nearly wiped out. 
The signal level is so small that the receiver can not decide what was there. 
 
The maximum time delay that occurs is called the delay spread of the signal in that environment. 
This delay spread can be short so that it is less than symbol time or larger. Both cases, cause 
different types of degradations to the signal. The delay spread of a signal changes as the 
environment is changing as all cell phone users know. 
 
Fig. 19 shows the spectrum of the signal, the dark line shows the response we wish the channel to 
have. It is like a door through which the signal has to pass. The door is large enough that it allows 
the signal to go through without bending or distortion. A fading response of the channels is 
something like shown in Fig.20 b, we note that at some frequencies in the band, the channel does 
not allow any information to go through, so called deep fades frequencies. This form of channel 
frequency response is called frequency selective fading because it does not occur uniformly 
across the band. It occurs at selected frequencies. And who selects these frequencies. 
Environment. If the environment is changing such as for a moving car, then this response is also 
changing and the receiver must have some way of dealing with it. 
 
Rayleigh fading is a term used when there is no direct component and all signals reaching the 
receiver are reflected. This type of environment is called Rayleigh fading.  
 
In general when the delay spread is less than one symbol, we get what is called flat fading. When 
delay spread is much larger than one symbol that it is called frequency-selective fading. 
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Fig. 13 – The generated OFDM signal. Note how much it varies compared to the underlying 
constant amplitude sub-carriers. 
 
In short-hand, we can write the process above as 
 

1

( ) ( )sin(2 )
N

n
n

c t m t nt�
�

� �    (4) 

 
Eq. 4 is basically an equation of an Inverse FFT. 
 
Using Inverse FFT to create the OFDM symbol 
 
The equation 4 is essentially an inverse FFT. The IFFT block in the OFDM chain confuses 
people. So let’s examine briefly what an FFT/IFFT does.  
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Current symbol + delayed-version symbol 
à Signals are deconstructive in only certain frequencies 



Frequency Selective Fading 
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Fig. 20 – (a) The signal we want to send and the channel frequency response are well matched. (b) A 
fading channel has frequencies that do not allow anything to pass. Data is lost sporadically. (c) With 
OFDM, where we have many little sub-carriers, only a small sub-set of the data is lost due to fading. 
 
An OFDM signal offers an advantage in a channel that has a frequency selective fading response. 
As we can see, when we lay an OFDM signal spectrum against the frequency-selective response 
of the channel, only two sub-carriers are affected, all the others are perfectly OK. Instead of the 
whole symbol being knocked out, we lose just a small subset of the (1/N) bits. With proper 
coding, this can be recovered.  
 
The BER performance of an OFDM signal in a fading channel is much better than the 
performance of QPSK/FDM which is a single carrier wideband signal. Although the underlying 
BER of a OFDM signal is exactly the same as the underlying modulation, that is if 8PSK is used 
to modulate the sub-carriers, then the BER of the OFDM signal is same as the BER of 8PSK 
signal in Gaussian channel. But in channels that are fading, the OFDM offers far better BER than 
a wide band signal of exactly the same modulation. The advantage here is coming from the 
diversity of the multi-carrier such that the fading applies only to a small subset. 
 
In FDM carriers, often the signal is shaped with a Root Raised Cosine shape to reduce its 
bandwidth, in OFDM since the spacing of the carriers is optimal, there is a natural bandwidth 
advantage and use of RRC does not buy us as much. 
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Frequency	  selecNve	  fading:	  Only	  some	  sub-‐carriers	  get	  affected	  



Inter Symbol Interference (ISI) 

•  The delayed version of a symbol overlaps 
with the adjacent symbol  

•  One simple solution to avoid this is to 
introduce a guard-band  
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Delay spread and the use of cyclic prefix to mitigate it 
 
You are driving in rain, and the car in front splashes a bunch of water on you. What do you do? 
You move further back, you put a little distance between you and the front car, far enough so that 
the splash won’t reach you. If we equate the reach of splash to delay spread of a splashed signal 
then we have a better picture of the phenomena and how to avoid it. 
 
 

      

Delayed splash from front symbol

Symbol 1 Symbol 2  
 
Fig. 21 – Delay spread is like the undesired splash you might get from the car ahead of you. In 
fading, the front symbol similarly throws a splash backwards which we wish to avoid. 
 
Increase distance from car in front to avoid splash. The reach of splash is same as the delay 
spread of a signal. Fig. 22a shows the symbol and its splash. In composite, these splashes become 
noise and affect the beginning of the next symbol as shown in (b). 
 
 

 
 
 
Fig. 21 – The PSK symbol and its delayed version.  
(a) The delayed, attenuated signal and (b) composite interference. 
 
To mitigate this noise at the front of the symbol, we will move our symbol further away from the 
region of delay spread as shown below. A little bit of blank space has been added between 
symbols to catch the delay spread. 
 
 

 
 
Fig 22 – Move the symbol back so the arriving delayed signal peters out in the gray region. No 
interference to the next symbol! 
 
But we can not have blank spaces in signals. This is won’t work for the hardware which likes to 
crank out signals continuously. So it’s clear we need to have something there. Why don’t we just 
let the symbol run longer as a first choice? 
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Fig 22 – Move the symbol back so the arriving delayed signal peters out in the gray region. No 
interference to the next symbol! 
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Guard	  band	  



Cyclic Prefix (CP) 
•  However, we don’t know the delay spread 

exactly 
�  The hardware doesn’t allow blank space because it needs 

to send out signals continuously 

•  Solution: Cyclic Prefix 
�  Make the symbol period longer by copying the tail and 

glue it in the front 
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Original symbol

Portion added in
the front

Copy this part at front

Symbol 1 Symbol 2 Copy this part at front

Original symbolExtension  
 
Fig. 25 – Cyclic prefix is this superfluous bit of signal we add to the front of our precious cargo, the 
symbol. 
 
This procedure is called adding a cyclic prefix. Since OFDM, has a lot of carriers, we would do 
this to each and every carrier. But that’s only in theory. In reality since the OFDM signal is a 
linear combination, we can add cyclic prefix just once to the composite OFDM signal. The prefix 
is any where from 10% to 25% of the symbol time.  
 
Here is an OFDM signal with period equal to 32 samples. We want to add a 25% cyclic shift to 
this signal. 
 
1. First we cut pieces that are 32 samples long.  
2. Then we take the last .25 (32) = 8 samples, copy and append them to the front as shown. 
 

 
 
Fig. 26 – The whole process can be done only once to the OFDM signal, rather than doing it to each 
and every sub-carrier.  
 
We add the prefix after doing the IFFT just once to the composite signal. After the signal has 
arrived at the receiver, first remove this prefix, to get back the perfectly periodic signal so it can 
be FFT’d to get back the symbols on each carrier. 
 
However, the addition of cyclic prefix which mitigates the effects of link fading and inter symbol 
interference, increases the bandwidth. 
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In	  802.11,	  
CP:data	  =	  1:4	  



•  Because of the usage of FFT, the signal is periodic 

•  Delay in the time domain corresponds to 
rotation in the frequency domain 
•  Can still obtain the correct signal in the frequency 

domain by compensating this rotation 

Cyclic Prefix (CP) 
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Fig. 23 – If we just extend the symbol, then the front of the symbol which is important to us since 
it allows figuring out what the phase of this symbol is, is now corrupted by the “splash”. 
 
We extend the symbol into the empty space, so the actual symbol is more than one cycle. 
 
But now the start of the symbol is still in the danger zone, and this start is the most important 
thing about our symbol since the slicer needs it in order to make a decision about the bit. We do 
not want the start of the symbol to fall in this region, so lets just slide the symbol backwards, so 
that the start of the original symbol lands at the outside of this zone. And then fill this area with 
something. 
 

 
 
Fig. 24 – If we move the symbol back and just put in convenient filler in this area, then not only we 
have a continuous signal but one that can get corrupted and we don’t care since we will just cut it out 
anyway before demodulating. 
 
Slide the symbol to start at the edge of the delay spread time and then fill the guard space with a 
copy of what turns out to be tail end of the symbol. 
 
1. We want the start of the symbol to be out of the delay spread zone so it is not corrupted and  
2. We start the signal at the new boundary such that the actual symbol edge falls out side this 
zone. 
 
We will be extending the symbol so it is 1.25 times as long, to do this, copy the back of the 
symbol and glue it in the front. In reality, the symbol source is continuous, so all we are doing is 
adjusting the starting phase and making the symbol period longer. But nearly all books talk about 
it as a copy of the tail end. And the reason is that in digital signal processing, we do it this way. 
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FFT(	  	  	  	  	  	  	  	  	  	  	  )	  	  =	  	  	  exp(-‐2jπΔf)*FFT(	  	  	  	  	  	  	  	  	  	  )	  
delayed	  version	   original	  signal	  



Cyclic Prefix (CP) 

original	  signal	  

y(t)	  à	  FFT(	  	  	  	  	  	  	  	  	  	  	  	  	  )	  àY[k]	  =	  H[k]X[k]	  	  	  	  	  	  	  w/o	  mulNpath	  

w	  mulNpath	  

original	  signal	  +	  delayed-‐version	  signal	  

y(t)	  à	  FFT(	  	  	  	  	  	  	  	  	  	  	  	  	  )	  àY[k]	  =	  α(1+exp(-‐2jπΔk))*X[k]	  
	   	   	  	  	  	  	  	  	  	  	  	  	  	  =	  H’[k]X[k] 	  	  	  	  	  	  	  	  	  

Lump	  the	  phase	  shid	  in	  H	  



Side Benefit of CP 
•  Allow the signal to be decoded even if the 

packet is detected after some delay 
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Fig. 23 – If we just extend the symbol, then the front of the symbol which is important to us since 
it allows figuring out what the phase of this symbol is, is now corrupted by the “splash”. 
 
We extend the symbol into the empty space, so the actual symbol is more than one cycle. 
 
But now the start of the symbol is still in the danger zone, and this start is the most important 
thing about our symbol since the slicer needs it in order to make a decision about the bit. We do 
not want the start of the symbol to fall in this region, so lets just slide the symbol backwards, so 
that the start of the original symbol lands at the outside of this zone. And then fill this area with 
something. 
 

 
 
Fig. 24 – If we move the symbol back and just put in convenient filler in this area, then not only we 
have a continuous signal but one that can get corrupted and we don’t care since we will just cut it out 
anyway before demodulating. 
 
Slide the symbol to start at the edge of the delay spread time and then fill the guard space with a 
copy of what turns out to be tail end of the symbol. 
 
1. We want the start of the symbol to be out of the delay spread zone so it is not corrupted and  
2. We start the signal at the new boundary such that the actual symbol edge falls out side this 
zone. 
 
We will be extending the symbol so it is 1.25 times as long, to do this, copy the back of the 
symbol and glue it in the front. In reality, the symbol source is continuous, so all we are doing is 
adjusting the starting phase and making the symbol period longer. But nearly all books talk about 
it as a copy of the tail end. And the reason is that in digital signal processing, we do it this way. 
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Fig. 20 – (a) The signal we want to send and the channel frequency response are well matched. (b) A 
fading channel has frequencies that do not allow anything to pass. Data is lost sporadically. (c) With 
OFDM, where we have many little sub-carriers, only a small sub-set of the data is lost due to fading. 
 
An OFDM signal offers an advantage in a channel that has a frequency selective fading response. 
As we can see, when we lay an OFDM signal spectrum against the frequency-selective response 
of the channel, only two sub-carriers are affected, all the others are perfectly OK. Instead of the 
whole symbol being knocked out, we lose just a small subset of the (1/N) bits. With proper 
coding, this can be recovered.  
 
The BER performance of an OFDM signal in a fading channel is much better than the 
performance of QPSK/FDM which is a single carrier wideband signal. Although the underlying 
BER of a OFDM signal is exactly the same as the underlying modulation, that is if 8PSK is used 
to modulate the sub-carriers, then the BER of the OFDM signal is same as the BER of 8PSK 
signal in Gaussian channel. But in channels that are fading, the OFDM offers far better BER than 
a wide band signal of exactly the same modulation. The advantage here is coming from the 
diversity of the multi-carrier such that the fading applies only to a small subset. 
 
In FDM carriers, often the signal is shaped with a Root Raised Cosine shape to reduce its 
bandwidth, in OFDM since the spacing of the carriers is optimal, there is a natural bandwidth 
advantage and use of RRC does not buy us as much. 
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•  Edge sub-carriers are more vulnerable to 
errors under discrete FFT 
�  Frequency might be shifted due to noise or multi-path 

•  Leave them unused 
�  In 802.11, only 48 of 64 bins are occupied bins 

•  Is it really worth to use OFDM when it costs so 
many overheads (CP, unoccupied bins)? 



Packet Detection 

•  Double sliding window packet detection 

•  Optimal threshold depends on the receiving 
power 

Packet	  

An	   Bn	  

threshold	  Mn=An/Bn	  

Packet	   Packet	  



Packet Detection 

•  Use cross-correlation to detect the 
preamble 

An	   Bn	  

preamble	   preamble	  

threshold	  



Synchronization 

•  DAC (at Tx) and ADC (at Rx) never have 
exactly the sampling period 
�  A slow shift of the symbol timing point, which 

rotates subcarriers 

�  Intercarrier interference (ICI), which causes loss 
of the orthogonality of the subcarriers 

DAC	  (Tx)	  

ADC	  (Rx)	  



Carrier Frequency Offset (CFO) 

•  The oscillators of Tx and Rx are not typically 
tuned to identical frequencies 
�  Up-convert baseband signal sn to passband signal 

yn=sn*ej2πftxnTs 

�  Down-convert passband signal yn back to 
rn=sn*ej2πftxnTs*e-j2πfrxnTs=sn*ej2πfΔnTs 

�  Error accumulates 

DAC	  (Tx)	  

ADC	  (Rx)	  

ftx	  

frx	  



Correct CFO in Time Domain 

Symbol	  1	   Symbol	  2	  

sn	   Sn+N	  

rn=sn*ej2πfΔnTs	   rn+N=sn+N*ej2πfΔ(n+N)Ts	  

rnrn+N
* = sne

j2π fΔnTs sn+N
* e− j2π fΔ (n+N )Ts

= e− j2π fΔNTs snsn+N
*

= e− j2π fΔNTs sn
2

z = rnrn+N
*

n=1

L

∑

= e− j2π fΔNTs snsn+N
*

n=1

L

∑

= e− j2π fΔNTs sn
2

n=1

L

∑

fΔ =
1

2πNTs
∠z



Sampling Frequency Offset (SFO) 

•  The transmitter and receiver may sample the 
signal at slightly different offset 
�  Rotate the signal 

•  Yi=HiXi * ej2πtΔiNs/Nfft 

•  All subcarriers experience the same sampling 
delay, but have different frequencies 

DAC	  (Tx)	  

ADC	  (Rx)	  

tΔ	  



Sample Rotation due to SFO 

I	  

Q	  

x	  x	  
x	  x	  

x	  
x	  x	  

x	  x	   x	  
x	   x	  
x	  x	  
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x	  
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Symbol	  2	  

Symbol	  3	  
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Correct SFO in Frequency Domain 

•  SFO: slop; residual CFO: intersection of y-axis 

2πδfTs	  (Residual	  CFO)	  

1	  
2πtΔNs/Nn	  (SFO)	  
	  

Change	  in	  phase	  between	  Tx	  and	  Rx	  ader	  CFO	  correcNon	  	  



Data-aided Phase Tracking 

•  Using pilot bits (known samples) to compute  
Hi*ej2πtΔiNs/Nfft=Yi/Xi 

•  Find the phase change experienced by the pilot bits using 
regression 

•  Update HI = Hi*ej2πtΔiNs/Nfft for every symbol 

2πδfTs	  (Residual	  CFO)	  

1	  
2πtΔNs/Nn	  (SFO)	  
	  

Change	  in	  phase	  between	  Tx	  and	  Rx	  ader	  CFO	  correcNon	  	  

x	  
x	  

x	  

x	  

regression	  



After Phase Tracking 

I	  

Q	  

x	  x	  
x	  x	  

x	  
x	  x	  

x	  x	   x	  
x	   x	  
x	  x	  
x	  

x	   Symbol	  1	  

Ader	  correcNon	  

θ	  

Symbol	  2	  



Nondata-aided Phase Tracking 

I	  

Q	  

x	  x	  
x	  x	  

x	  
x	  x	  

x	  x	   x	  
x	   x	  
x	  x	  
x	  

x	  

Symbol	  1	  

θ	  
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UNIT 4



RELAY ARCHITECTURE

• The possibility of a terminal communicating with the network, and
the data rate that can be used, depends on several factors, the path
loss between the terminal and the base station being one.

• The highest data rates supported by LTE require a relatively high
signal-to-noise ratio.

• A denser infrastructure is required to reduce the terminal-to-base-
station distance and thereby improve the link budget.

• One of these tools is relaying, which can be used to reduce the
distance between the terminal and the infrastructure, resulting in an
improved link budget and an increased possibility for high data rates



• TYPES OF RELAYS:
• Amplify-and-forward relays, commonly referred to as repeaters,

simply amplify and forward the received analog signals and are, on
some markets, relatively common as a tool for handling coverage
holes.

• Traditionally, once installed, repeaters continuously forward the
received signal regardless of whether there is a terminal in their
coverage area or not, although more advanced repeaters can be
considered as well.

• Repeaters are transparent to both the terminal and the base station
and can therefore be introduced in existing networks..



• The fact that the basic principle of a repeater is to amplify whatever it
receives, including noise and interference as well as the useful signal,
implies that repeaters are mainly useful in high-SNR environments.

• Expressed differently, the SNR at the output of the repeater can
never be higher than at the input.

• Decode-and-forward relays decode and re-encode the received
signal prior to forwarding it to the served users. The decode-and-re-
encode process results in this class of relays not amplifying noise and
interference, as is the case with repeaters



• They are therefore also useful in low-SNR environments.
• Furthermore, independent rate adaptation and scheduling for the

base station–relay and relay– terminal links is possible.
• However, the decode-and-re-encode operation implies a larger delay

than for an amplify-and-forward repeater, longer than the LTE
subframe duration of 1 ms.

• As for repeaters, many different options exist depending on
supported features (support of more than two hops, support for
mesh structures, etc) and, depending on the details of those features,
a decode-and-forward relay may or may not be transparent to the
terminal.



RELAYS IN LTE

• LTE release 10 introduces support for a decode-and-forward relaying
scheme (repeaters require no additional standardization support
other than RF requirements and are available already in release 8).

• A basic requirement in the development of LTE relaying solutions
was that the relay should be transparent to the terminal – that is, the
terminal should not be aware of whether it is connected to a relay or
to a conventional base station



• This ensures that release-8/9 terminals can also be served by relays,
despite relays being introduced in release 10.

• Therefore, so-called self-backhauling was taken as the basis for the
LTE relaying solution.

• In essence, from a logical perspective, a relay is an eNodeB wirelessly
connected to the rest of the radio-access network by using the LTE
radio interface.

• It is important to note that, even though the relay from a terminal
perspective is identical to an eNodeB, the physical implementation
may differ significantly, from a traditional base station, for example in
terms of output power.



• In conjunction with relaying, the terms backhaul link and access link
are often used to refer to the base station–relay connection and the
relay–terminal connection respectively.

• The cell to which the relay is connected using the backhaul link is
known as the donor cell and the donor cell may, in addition to one or
several relays, also serve terminals not connected via a relay



• Since the relay communicates both with the donor cell and terminals
served by the relay, interference between the access and backhaul links
must be avoided.

• Otherwise, since the power difference between access-link transmissions
and backhaul-link reception at the relay can easily be more than 100 dB,
the possibility of receiving the backhaul link may be completely ruined.

• Similarly, transmissions on the backhaul link may cause significant
interference to the reception of the access link. These two cases are
illustrated in Figure below Therefore, isolation between the access and
backhaul links is required, isolation that can be obtained in one or several
of the frequency, time, and/or spatial domains.





• Therefore, isolation between the access and backhaul links is required, isolation
that can be obtained in one or several of the frequency, time, and/or spatial
domains.

• Depending on the spectrum used for access and backhaul links, relaying can be
classified into outband and inband types.

• Outband relaying implies that the backhaul operates in a spectrum separate from
that of the access link, using the same radio interface as the access link.

• Provided that the frequency separation between the backhaul and access links is
sufficiently large, interference between the backhaul and access links can be
avoided and the necessary isolation is obtained in the frequency domain.

• Consequently, no enhancements to the release-8 radio interface are needed to
operate an outband relay.



• There are no restrictions on the activity on the access and backhaul links and the relay
can in principle operate with full duplex.

• Inband relaying implies that the backhaul and access links operate in the same
spectrum.

• As the access and backhaul link share the same spectrum, require additional mechanisms
to avoid interference between the access and backhaul links.

• Unless this interference can be handled by proper antenna arrangements, for example
with the relay deployed in a tunnel with the backhaul antenna placed outside the
tunnel, a mechanism to separate activity on the access and backhaul links in the time
domain is required.

• Such a mechanism was introduced as part of release 10 and will be described in more
detail in the following.

• Since the backhaul and access links are separated in the time domain, there is a
dependency on the transmission activity and the two links cannot operate
simultaneously.



Overall architecture

• From an architectural perspective, a relay can, on a high level, be
thought of as having a “base-station side” and a “terminal side”.

• Towards terminals, it behaves as a conventional eNodeB using the
access link, and a terminal is not aware of whether it is
communicating with a relay or a “traditional” base station.

• Relays are therefore transparent for the terminals and terminals
from the first LTE release, release 8, can also benefit from relays.

• This is important from an operator’s perspective, as it allows a
gradual introduction of relays without affecting the existing terminal
fleet.



• Towards the donor cell, a relay initially operates as a terminal, using
the LTE radio interface to connect to the donor cell.

• Once connection is established and the relay is configured, the relay
uses a subset of the “terminal side” functionality for communication
on the backhaul link.



• In release 10, the focus is on two-hop relaying and scenarios with a
relay connected to the network via another relay are not considered.

• Furthermore, relays are stationary – that is, handover of a relay from
one donor cell to another donor cell is not supported.

• The case for using mobile relays is not yet clear and therefore it was
decided in release 10 not to undertake the relatively large task of
adapting existing core-network procedures to handle cells that are
moving over time, something that could have been a consequence of
a mobile relay.





• The overall LTE relaying architecture is illustrated in Figure below.
• One key aspect of the architecture is that the donor eNodeB acts as a

proxy between the core network and the relay.
• From a relay perspective, is appears as if it is connected directly to the

core network as the donor eNodeB appears as an MME for the S1 interface
and an eNodeB for X2 towards the relay.

• From a core-network perspective, on the other hand, the relay cells appear
as if they belong to the donor eNodeB.

• It is the task of the proxy in the donor eNodeB to connect these two views.
• The use of a proxy is motivated by the desire to minimize the impact to the

core network from the introduction of relays, as well as to allow for
features such as tight coordination of radio-resource management
between the donor eNodeB and the relay.



BACKHAUL DESIGN FOR INBAND RELAYING

• In the case of inband relaying, the backhaul and access links operate
in the same spectrum.

• As discussed in the previous section, a mechanism to separate
activity on the access and backhaul links in the time domain is
required unless sufficient isolation between the two links can be
achieved in other ways, for example through appropriate antenna
arrangements.

• Such a mechanism should ensure that the relay is not transmitting on
the access link at the same time as it is receiving on the backhaul link
(and vice versa).



• An obvious way to handle this is to “blank” some subframes on the access link to provide
the relay with the possibility to communicate with the donor eNodeB on the backhaul
link.

• In the uplink, the scheduler in the relay can in principle schedule such that there is no
access-link activity in certain subframes.

• These subframes can then be used for uplink transmissions on the backhaul link as the
relay does not need to receive anything on the access link in these subframes.

• However, blanking subframes on the access downlink is not possible. Although a release-
10 terminal in principle could have been designed to cope with blank subframes,
terminals from earlier releases expect at least cellspecific reference signals to be present
in all downlink subframes.

• Hence, to preserve the possibility of also serving release-8/9 terminals, which was an
important requirement during standardization of release 10, the design of the backhaul
link must be based on the assumption that the access link can operate with release-8
functionality only.



• Fortunately, already from the first release LTE included the possibility of configuring
MBSFN subframes.

• In an MBSFN(Multicast Broadcast single frequency network) subframe, terminals expect
cell-specific reference signals and (possibly) L1/L2 control signaling to be transmitted
only in the first one or two OFDM symbols, while the remaining part of the subframe can
be empty.

• By configuring some of the access-link subframes as MBSFN subframes, the relay can
stop transmitting in the latter part of these subframes and receive transmissions from
the donor cell.

• As seen in Figure below, the gap during which the relay can receive transmissions from
the donor cell is shorter than the full subframe duration.

• In particular, as the first OFDM symbols in the subframe are unavailable for reception of
donor-cell transmissions, L1/L2 control signaling from the donor to the relay cannot be
transmitted using the regular PDCCH.

• Instead, a relay-specific control channel, the R-PDCCH, is introduced in release 10.





• Not only are transmission gaps in the access downlink required in
order to receive transmissions from the donor cell, but also reception
gaps in the access link are needed in order to transmit on the
backhaul from the relay to the donor cell.

• As already mentioned, such gaps can be created through proper
scheduling of uplink transmissions.

•



Access-Link Hybrid-ARQ Operation

• The access-link gaps discussed above, MBSFN subframes in the
downlink and scheduling gaps in the uplink, used in order to be able
to receive and transmit respectively on the backhaul link, affect the
hybrid-ARQ operation.

• Note that hybrid ARQ is used on both the access and backhaul links.
• Since compatibility with release 8 was a fundamental requirement in

the development of the LTE relaying solution, there are no changes to
access-link hybrid-ARQ operation.



• For uplink transmissions on PUSCH(Physical uplink shared channel) hybrid-ARQ
acknowledgements are transmitted on PHICH.

• Since the PHICH(Physical channel Hybrid ARQ indicator channel) can be transmitted by the relay
even in MBSFN subframes, the operation is identical to that in earlier releases of the LTE
standard.

• However, although the hybrid-ARQ acknowledgement can be received, the subframe where the
retransmission should take place (8 ms after the initial transmission for FDD, configuration
dependent for TDD) may be used by the backhaul link and not be available for the access link.

• In that case the corresponding uplink hybrid-ARQ process needs to be suspended by transmitting
a positive acknowledgement on the PHICH, irrespective of the outcome of the decoding.

• By using PDCCH, a retransmission can instead be requested in a later subframe available for the
same hybrid-ARQ process.

• The hybrid-ARQ round-trip time will be larger in those cases (for example, 16 ms instead of 8 ms
for FDD).



• Downlink transmissions on PDSCH trigger hybrid-ARQ
acknowledgements to be sent on PUCCH and, for proper operation,
the relay should be able to receive those acknowledgements.

• The possibility to receive PUCCH on the access link depends on the
backhaul operation, more specifically on the allocation of subframes
for backhaul communication.



• In FDD, backhaul subframes are configured such that an uplink subframe
occurs 4 ms after a downlink subframe.

• This is chosen to match the access-link hybrid-ARQ timing relations, where
an uplink subframe follows 4 ms after a downlink subframe

• As the relay cannot transmit on the access link simultaneously with the
backhaul link, there is no access-link transmission in subframe n and,
consequently, no hybrid-ARQ transmission in subframe n +4.

• Hence, the inability to receive accesslink hybrid-ARQ acknowledgements in
some subframes is of no concern as the corresponding downlink subframes
cannot be used for access-link transmission anyway.

• Downlink retransmissions are not an issue as they are asynchronous and
can be scheduled in any suitable downlink subframe on the access link.



• In TDD, the relay node may not be able to receive hybrid-ARQ feedback on
PUCCH in uplink subframes used for transmission on the backhaul link.

• One possibility is to restrict the downlink scheduler such that no terminals
transmit PUCCH in uplink subframes the relay cannot receive.

• However, such a restriction may be too limiting. Alternatively, the relay can
schedule without restrictions in the downlink and ignore the hybrid-ARQ
acknowledgement.

• Retransmissions can then either be handled blindly – that is, the relay has to
make an educated “guess” on whether a retransmission is required based on, for
example, CSI feedback – or RLC retransmissions are used to handle missing
packets.

• Another possibility is to configure repetition of the hybrid-ARQ
acknowledgements such that at least some of the repeated acknowledgements
are receivable by the relay.



COMP

• The characteristic feature of 5G and beyond networks is the diversity of
services, which is required to support different user needs.

• However, the requirements for these services are often competing in
nature, which impresses the necessity of a coordinated and flexible
network architecture.

• Although coordinated multipoint (CoMP) systems were primarily proposed
to improve the cell edge performance in 4G, their collaborative nature can
be leveraged to support the diverse requirements and enabling
technologies of 5G and beyond networks.

• To this end, we propose the generalization of CoMP to a proactive and
efficient resource management framework capable of supporting different
user requirements such as reliability, latency, throughput, and security
while considering network constraints.



• This article elaborates on the multiple aspects, inputs, and outputs of
the generalized CoMP (GCoMP) framework.

• Apart from user requirements, the GCoMP decision mechanism also
considers the CoMP scenario and network architecture to decide
upon outputs such as CoMP scheme or appropriate coordinating
clusters.

• To enable easier understanding of the concept, a case study
illustrating the effect of different combinations of GCoMP
framework’s outputs on varying user requirements is presented.



• The fifth generation (5G) signaled a paradigm shift in wireless
communication networks.

• Rather than focusing on increasing the data rates, it emphasized
diversifying the supported applications and use cases.

• While 5G catered to the enhancement of data rates under the enhanced
mobile broadband (eMBB) service, it also expanded its vision to
incorporate the increasing number of wireless devices and stringent
reliability and latency requirements under the massive machine type
communication (mMTC) and ultra-reliable low latency communication
(uRLLC) services, respectively

• This diversity of applications is expected to increase even further in sixth
generation (6G), with more



• stringent requirements of throughput, latency, reliability, energy and spectral efficiency,
security, and so on.

• This diversity is evident not only in the applications and services, but also in the enabling
technologies for future wireless networks.

• For instance, 5G tried to address the different requirements by introducing the concept
of numerologies ;

• the lack of available spectrum has led to research regarding spectrum sharing and
utilization of higher frequency bands such as millimeter wave (mmWave), visible light
communication (VLC) [6] and terahertz (THz) communication.

• furthermore, the diversity of network infrastructure itself is expected to increase with
the incorporation of non-terrestrial networks and reconfigurable intelligent surface (RIS)-
aided smart radio environments.

• However, a major challenge is the lack of cohesion in the development of these
approaches. To achieve the envisaged goals of the human-centric future communication
systems,



• more sophisticated networks are required that can adapt to the user
and network dynamics in a synergic manner.

• This needs three capabilities on the network’s part, namely
awareness, intelligence, and flexibility.

• Awareness refers to knowledge of the radio environment including
network infrastructure, device characteristics, user requirements,
physical (PHY) and medium access control (MAC) layer properties of
the signals; intelligence is the ability to pick the most suitable option
in a given scenario; flexibility indicates the availability of different
resource allocation and signal design options.



• Coordinated multipoint (CoMP) was introduced in Long Term
Evolution (LTE) Rel-11, where the goal was to improve the quality of
service (QoS) experienced by cell edge user equipments (UEs).

• Since LTE focused on increasing the data rates and/or spectral
efficiency of the network, CoMP was also limited to interference
mitigation and throughput/capacity improvement.

• However, the expansion of industry verticals and use cases promised
by 5G has signaled renewed interest in CoMP.

• This is primarily due to a metamorphosis of the mentality behind
CoMP, where instead of limiting it to multiplexing gains for capacity
enhancement, methods are being developed to leverag



• e diversity for reliability and other requirements.
• The reemergence of CoMP is illustrated by multitude of works in literature

targeted at addressing the diverse
• requirements of 5G and beyond networks such as mobility management

reliability and latency , energy efficiency , and security.
• Table 1 summarizes the state-of-the-art work leveraging CoMP principles used to

address the aforementioned user requirements.
• Inspired by these works, we propose generalization of CoMP as a potential

flexibility enabler for the next generation wireless networks.
• The proposed generalized CoMP (GCoMP) concept is targeted towards realizing

an efficient, adaptive, and optimized resource management framework which
takes into account the dynamic nature of application/user requirements, network
capabilities, and resource availability.



• Here it is important to reiterate that we are not proposing new CoMP
schemes/methods. Rather, we are providing a framework that is
capable of adapting to user demands and network conditions.

• The said framework, however, requires well-defined inputs, decision
mechanisms, and outputs for its proper operation which are
elaborated in the rest of this work.

• An overview of the emergence of coordination in cellular networks
through the different generations is provided, highlighting the need
for more evolved solutions in future wireless systems.





CONTRIBUTION

• An overview of the emergence of coordination in cellular networks through the
different generations is provided, highlighting the need for more evolved
solutions in future wireless systems

• A comprehensive review on the applicability of different CoMP aspects to
address various requirements pertaining to the 5G and beyond networks, use-
cases, and applications is presented.

• The idea of GCoMP is proposed and its associated framework is presented, which
takes into account the specific user requirements, resource availability, and
network constraints.

• A simple case study is provided to demonstrate the working of GCoMP, which
illustrates the effect of varying user/application requirements on the
performance of different clustering approaches and coordination schemes.

• • Challengesandpotential research directions for improving the proposed GCoMP
framework, and CoMP in general, are highlighted and discussed.





EMERGENCE AND EVOLUTION NEED FOR
COORDINATION
• Wirelesscommunicationsystemshavealwaysbeenhindered byinter-

cellinterference(ICI),particularlyatcelledges.
• This section describes how the ICI problem ignited the need for

coordination in cellular networks leading to the emergence
oftechniqueslikeinter-cellinterferencecoordination(ICIC), enhanced
ICIC (eICIC), and finally CoMP.

• Towards the end of this section, we highlight 5G enhancements
related to CoMP or coordinated networks in general.

•



• Earlier generations of cellular systems increased the frequency reuse distance  to
mitigate or reduce the ICI experienced by cell edge users.

• Different reuse mechanisms such as integer frequency reuse (e.g. reuse-3 and
reuse-7) , fractional frequency reuse (FFR) and soft frequency reuse (SFR)  are
illustrated in Figure 1.

• In general, these mechanisms restrict the resource utilization in the spectral
domain to reduce ICI. Despite their simplicity, the aforementioned mechanisms
are hampered by their static and standalone nature since there is no provision for
the transmission points (TPs) to coordinate with each other.

• This led to the emergence of the ICIC concept in 3rd Generation Partnership
Project (3GPP) Rel-8, allowing the TPs to allocate transmission resources in a
coordinated manner by leveraging different flags, namely relative narrowband
transmissionpower(RNTP),highinterferenceindicator(HII)and



• overloadindicator(OI)
• Theseflagsindicateiftheinterference power on certain resource blocks

(RBs) is expected (or measured) to be high, allowing neighbor TPs to
schedule resources accordingly.

• However, even this method fails to control ICI in heterogeneous
networks (HetNets) due to the power disparity of TPs. eICIC was,
therefore, introduced in 3GPPRel-10.e

• ICICalsoconsiderstimedimensiontoensure orthogonal resource
allocation in the form of absolute blank subframes (ABSs), where the
macro TPs are muted to allow interference-free transmission for
micro/femto TPs



• overloadindicator(OI)Theseflagsindicateiftheinterference power on certain resource blocks (RBs) is expected (or measured) to be
high, allowing neighbor TPs to schedule resources accordingly.

• However, even this method fails to control ICI in heterogeneous networks (HetNets) due to the power disparity of TPs. eICIC was,
therefore, introduced in 3GPPRel-10.eICICalsoconsiderstimedimensiontoensure orthogonal resource allocation in the form of
absolute blank subframes (ABSs), where the macro TPs are muted to allow interference-free transmission for micro/femto TPs .
The increase in device density, combined with elevated heterogeneity of wireless infrastructure compounded the ICI problem.

• This necessitated more sophisticated and dynamic coordination approaches. Consequently, CoMP was introduced in the Rel-11 of
3GPP as a mechanism to allow different TPs connected with ideal backhaul to coordinate with each other [49]. CoMP introduces
spatial domain to the resourceallocationproblem,therebyimprovingspectralefficiency in addition to interference mitigation.

• Figure 2 illustrates the different CoMP schemes, including coordinated
scheduling(CS),coordinatedbeamforming(CB),jointtransmission(JT)anddynamicpointselection(DPS).

• Theconcept was extended to multiple eNodeBs (eNBs) connected with non-idealbackhaulinRel-12.Thisrequired the standardization
of signaling over X2 interface to enable exchange of CoMP hypothesisset and its associated benefit metric,including reference
signal received power (RSRP) measurements, between cooperating eNBs.

• The sharing of this information amongst the coordination cluster helps improve the radio resource management (RRM) [51]. 3GPP
Rel-13 provided some enhancements regarding channel state information (CSI) and enhanced RNTP (eRNTP), where the latter is
particularly useful for power allocation in a CoMP setting.

• Rel-14 looked at alternatives to JT due to its stringent synchronization and CSI requirements, leading to discussion around non-
coherent JT (NC-JT). The performance results indicated the suitability of NC-JT and CS/CB in low and high traffic load scenarios,
respectively [53]. Rel-15 proposed monitoring X2 characteristics and the spatio-temporal



5G / 4G CELLULAR SYSTEMS

WiMAX



Contents
• What is WiMAX ?
• WiMAX Basic Building Blocks
• WiMAX Base Station
• WiMAX Receiver
• Features of WiMAX
• Specifications of WiMAX
• Benefits of WiMAX
• Types of services by WiMAX
• WiMAX V/S WiFi
• Advantages
• Disadvantages
• Applications



What is Wi Max ?
➢ WiMAX stands for Worldwide Interoperability for Microwave Access .

➢ WiMAX was formed in April 2001, in anticipation of the publication of the 

original IEEE 802.16 specification.

➢ WiMAX refers to broadband wireless networks that are based on the IEEE 

802.16 standard , which ensures compatibility and interoperability between 

broadband wireless access equipment.

➢ It is based on Wireless MAN technology.

➢ A wireless technology optimized for the delivery of IP centric services over a 

wide area.

➢ A scalable wireless platform for constructing alternative and complementary 

broadband networks.



WiMAX - Building Blocks

A WiMAX system consists of two major parts :

           1) A WiMAX base station 

           2) A WiMAX receiver



Wi MAX Base Station

✔ A WiMAX base station consists of indoor electronics and a WiMAX tower 

similar in concept to a cell-phone tower.

✔ A WiMAX base station can provide coverage to a very large area up to a 

radius of 6 miles.

✔ Any wireless device within the coverage area would be able to access the 

internet.

✔ Each base station provides wireless coverage over an area called a cell.

✔ Theoretically, the maximum radius of a cell is 50 km or 30 miles however , 

 practical considerations limit it to about 10 km or 6 miles.



Wi-MAX Receiver
✔ A WiMAX receiver may have a separate antenna or could be 

stand-alone box or a PCMCIA card sitting in your laptop or 
computer or any other device.

✔ This is also referred as customer premise equipment(CPE).
✔ WiMAX base station is similar to accessing a wireless access point 

in a WiFi network, but the coverage is greater. 



Features of Wi MAX

➔ Scalability – WiMAX  has a scalable physical – layer architecture that 

allows for the data rate to scale easily with available channel bandwidth.

➔ Quality of Service – WiMAX MAC is designed to support  a large number 

of users, with multiple connections per terminal, each with its own QOS 

requirement.

➔ Support for Mobility – The mobile WiMAX  Variant of the system has 

mechanisms to support secure seamless handovers for delay tolerant full 

mobility applications.



Specifications of Wi MAX

• Range – 30 mile (50-km) radius from base station

• Speed – 70 megabits per second

• Frequency bands – 2 to 11 GHz and 10 to 66 GHz 

(licensed and Unlicensed bands)

• Defines both MAC and Physical layers and allows 

multiple physical layer specifications.
 



Benefits of Wi MAX
 Faster than broadband service.

 Not having to lay cables reduces cost.

 Easier to extend to suburban and rural areas.

 Much wider coverage than WiFi hotspots.

 A single location can serve hundreds of users.

 Much faster deployment of the new user as compared to wired 

networks.

 WiMAX offers high speed internet as broadband access which 

transfer data , voice , video , at very high speed.



Types of Services by Wi MAX
 WiMAX can provide two forms of Wireless services,

Non-line-of-sight Service :

 This is a WiFi sort of service .
 Here a small antenna on your computer connects to the WiMAX tower
 In this mode , WiMAX uses a lower frequency range – 2GHz to 11GHz ( similar to 

WiFi)

Line-of-sight Service : 

 In this, a fixed dish antenna points straight at the WiMAX tower from a roof top or 
pole.

 The line-of-sight connection is stronger and more stable, so it’s able to send a lot of 
data with fewer errors.

 Line-of-sight transmissions use higher frequencies, with range reaching a possible 
66 GHz.



Wi MAX v/s WiFi
IEEE 802.11 IEEE 802.16

  Maximum  Speed 54Mbps 10 - 100Mbps

 Range 100m 40 km

Quality of Service None Yes

Coverage Indoor Outdoor

Users Hundred Thousand

Service level None Yes



Advantages
 Coverage

 High speed

 Multi-functionality

 Infrastructure

 Low cost Network 

 Rich Feature

 Smart Antenna and Mesh

 Topology

 Ultra Wide Band

 Homeland Security

 Lack of history



Disadvantages

 Lack of Quality

 WiMAX range

 WiMAX Bandwidth

 Installation and Operational

 Cost

 Bad Weather

 Wireless Equipment

 Power Consuming



Appilications

 Broadband Internet Access

 Real time Applications

 Video Streaming

 VoIP , Video on Demand

 Tele medicine application / Video Conference

 Surveillance and monitoring ( forests, volcano, etc )

 E – Learning

 General applications and services based on IP connectivity
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