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ABSTRACT
Third generation (3G) wireless systems are being developed to increase system
capacity and support innovative broadband multimedia services. Wideband CDMA
(WCDMA) is one such system where the air interfaces need to support services with
different bit error rates, delays, and data rates. For those operators with IMT-2000, or
UMTS licenses, WCDMA technology is economically viable because it provides the
most cost-effective means of adding significant capacity for both voice and data
services. Although some investment is needed in a new radio access network, there is a
worthwhile return in the form of much higher capacity to cope with today's voice and
data needs, as well as future data-intensive services. Furthermore, as subscribers
gradually migrate to WCDMA, existing resources in the GSM layer will be freed up,
thus relieving the pressure for new 2G investment, which is substantially less cost
effective, particularly for data services. In addition, the high bandwidth and low latency
of WCDMA contributes significantly to a high-quality user experience that can make a
crucial contribution to the revenue gained by operators. WCDMA will also provide the
fast access that users will demand as they start to take up more advanced data services.
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INTRODUCTION
WCDMA is based on CDMA and is the technology used in UMTS. WCDMA
was adopted as a standard by the ITU under the name "IMT-2000 direct spread".
WCDMA is the technology for wideband digital radio communications of Internet,
multimedia video and other capacity demanding applications. WCDMA has been
selected for the third generation of mobile telephone systems in Europe, Japan and the
United States. Voice, images, data, and video are first converted to a narrowband digital
radio signal. The signal is assigned a marker (spreading code) to distinguish it from the
signal of other users. WCDMA uses variable rate techniques in digital processing and it
can achieve multi-rate transmissions. WCDMA has been adopted as a standard by the
ITU under the name IMT-2000 direct spread.
In chapter 1, we discussed about the basic information of WCDMA. WCDMA is a
group of specifications that define the radio part of the

3rd

Generation UMTS wireless

systems.
Chapter 2 describes the WCDMA features and product. There are a number of services
available that helps for better communication namely, voice services, data services,
multicast services and etc.
Chapter 3 gives the idea or concept which is the base of WCDMA. It provides the
detail study of different concepts like, channel code, handover and its types, frequency
bands and frequency reuse.
In chapter 4, we explained the WCDMA channel and its types. Channel is a physical
link that serves to establish a connection between transmitter and receiver. Each channel
has its own specific function by using different modulation technique.
Chapter 5 depends upon the WCDMA network. For effective efficiency and better
services many of the current networks upgrade to WCDMA. Radio antenna tower,
network data bases and much important information is briefly explained.

ıx

Chapter 6, describe the internal WCDMA system operation. It gives the information
from initializing up to final registration and the process of any user authentication.
In Chapter 7, we discussed the quality of service that WCDDMA provides to the user. It
uses different admission control strategies to overcome the error.
Chapter 8 provides the brief information of different protocols and its types. These
protocols interact with some layers to work properly. It also gives the WCDMA future
evolution that includes, increased data rates and more efficient modulation techniques.

X

Introduction To WCDMA

1. INTRODUCTION TO WCDMA
1.1 Overview
The 3rd generation wideband code division multiple access (WCDMA) system is a
mobile radio communication system that provides for high-speed data and voice
communication services. WCDMA is one of two technologies that are being used to fulfill
the radio access requirements of universal mobile teleco8mmunicationssystem (UMTS).
Installing a new WCDMA system or upgrading existing systems to WCDMA allows
mobile service providers to offer their customers wireless broadband (high-speed Internet)
services and to operate their systems more efficiently (more customers per cell site radio
tower).The WCDMA system is composed of mobile devices (wireless telephones and data
communication devices called user equipment - UE), radio towers (cell sites called Node
Bs), and an interconnection system (switches and data routers). The WCDMA system uses
two types of radio channels; frequency division duplex (FDD) and time division duplex
(TDD). The FDD radio channels are primarily used for wide area voice (audio) channels
and data services. The TDD channels are typically used for systems that do not have the
availability of dual frequency bands.

1.2 Wide Band Code division Multiple Access (WCDMA)
The WCDMA system has been designed to interoperate with GSM systems. This
allows for the gradual migration of GSM customers to advanced WCDMAdigital services.
WCDMA radio towers (cell sites) are composed of an antenna system, and radio equipment
(base station). WCDMA base stations contain one or more WCDMA digital and/or GSM
radio channels. The base station converts radio signals from mobile devices into electrical
signals that can be transferred to the cellular interconnection system (typically a mobile
switchi2ng center). In a typical cellular system, each wide WCDMAradio channel typically
replaces two GSM radio channels.

1
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Cell sites are typically interconnected to each other through a central switching
system called a mobile switching center (MSC) and or packet data routers. The MSC is a
circuit switching systems as it allows continuous communication between a mobile device
and cell sites. The packet data servicing node (PDSN) is a packet router that receives and
forwards packets towards their destination.
Figure 1. 1 shows a simplified diagram of a WCDMA system. This diagram shows
that the WCDMA system includes various types of mobile communication devices (called
user equipment - UE) that communicate through base stations (node B) and a mobile
switching center (MSC) or data routing networks to connect to other mobile telephones,
public telephones, or to the Internet via a core network (CN). This diagram shows that the
WCDMA system is compatible with both the 5 MHz wide WCDMA radio channel and the
narrow 200 kHz GSM channels. This example also shows that the core network is
essentially divided between voice systems (circuit switching) and packet data (packet
switching).

Radio Access
Network (RAN)

User Equipment (UE)

Core Network (CN)

Data Only

Medium
Speed
Data

WCDMA

GSM

Voice Only

Base Station
(Node B)

Figure 1.1 WCDMA Systems
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The WCDMA system allows cellular carriers to offer new broadband wireless
Internet services for existing and new customers. The WCDMA system is designed to
permit advanced and reliable services including media streaming and large file transfers.
These new services offer the potential of higher average revenue per user (ARPU) than
existing 1st and 2nd generation mobile customers. For existing mobile carriers that upgrade
to WCDMA (such as GSM carriers), WCDMA capability allows the carriers to market to
new data-only customers they don't already have. Customers can access the high-speed
Internet services through WCDMA capable handsets or external modems that connect to
their desktop or laptop computers.
The WCDMA radio channels are an "always-on" system that allows users to browse
the Internet without complicated dialup connections. Because the WCDMA system was
designed to provide multimedia services, it is plug-and-play with most computer operating
systems. Ea ch 5 MHz WCDMA RF channel can have more than 100 separate coded
communication channels. Some of the channels are used for control purposes and the
remaining channels are used for voice (audio) and user data transmission. The number of
coded channels can vary based on the spreading factor used. 3rd generation WCDMA
systems are more efficient than 2nd generation systems being that they allow 50 to 150
mobile devices to simultaneously share a single radio channel for voice and data
communication.The key attributes of a WCDMA system include a wide 5 MHz bandwidth
CDMA radio channel, the co-existence of multiple physical channels on the same
frequency using channel codes, many logical (transport) channels, multiple signalin2g
methods, increased frequency reuse, multiple speech coding technologies, improved paging
methods, multi-system operation, and other advanced operational features.
The system components of the WCDMA system are the same basic types of
8subsystems as the GSM system. Some of the names of the network parts have been
changed and new functions have been added. WCDMA systems are composed of three
basic parts; mobile devices (called user equipment - UE), radio network (called UMTS
terrestrial access network -UTRAN), and an interconnection network (called the core
network - CN).

3
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1.3 WCDMA System Evolution
The WCD.MA system has evolved from 1st generation analog systems (primarily
voice), through 2nd generation d2igital (voice and low speed data), through evolved 2nd
generation GPRS and EDGE digital (medium speed packet data), to provide multimedia
broadband capability.
In the 1990s, it became clear that 2nd generation digital systems could not meet the
growing needs for mobile communication. In 1992, the world administrative radio
conference (WARC) defined new frequency bands that could provide new 3rd generation
mobile services. The initial requirements for 3rd generation systems were defined in an
international mobile telecommunications 2000 (IMT-2000). The IMT-2000 key
requirements included multimedia communications, data transmission rates of greater than
2

Mbps, and global mobility. IMT 2000 is managed by the international

telecommunicationsunion (ITU).
Using the IMT-2000 requirements, a universal mobile telephone service (UMTS)
was created. The UMTS system defines a complete system for providing universal
communication including mobile and fixed based communication. For land based mobile
communication it is composed of a UMTS terrestrial radio access network (UTRAN), a
core network (CN), and gateways that connect the core network to other systems (such as
the public telephone network and the Internet).
One of the radio access technologies used for UTRAN is the wideband code
division multiple access (WCDMA) system (as of 2004 there were 2 access technologies
used). The WCDMAtechnical specification was initially developed to allow a single global
mobile communicationsystem.
Initially, the WCDMA system was planned to be a completely new network, radio
system and infrastructure. Because the development of new infrastructure equipment is
expensive and time consuming and many carriers have already invested in GSM
infrastructure, the WCDMA system primarily defines a new radio access network (RAN)
and the infrastructure(switching systems) remains the same as the GSM system.
4
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The industry specification development effort began in 1996 and the first
commercialWCDMA mobile system was launched in Japan in 2001.

1.4 3rd Generation Partnership Project (3GPP)
The 3GPP group is a collaborative organization that works on the creation of 3rd
generation industry global standards that provide for high-speed multimedia wireless
services. The 3rd generation partnership project (3GPP) oversees the creation of industry
standards for the 3rd generation of mobile wireless communication systems (WCDMA).
The key members of the 3GPP include standards agencies from Japan, Europe, Korea,
China and the United States.

1.5 WCDMA Industry Specifications
WCDMA is a group of specificationsthat define the radio part of the 3rd Generation
UMTS wireless systems. The WCDMA system is specified by the 3rd generation
partnership project (3GPP) and you can obtain the WCDMA and related specifications.

1.6 Upgrading GSM to WCDMA
The deployment of WCDMA allows carriers to upgrade existing GSM systems with
new software and some new hardware such as replacing or adding radio transceivers and
adding new radio network controllers (RNCs). Service providers (operators) can upgrade
their GSM systems to offer WCDMA services by either adding WCDMA channels and/or
replacing existing GSM channels. The WCDMA system was designed to simplify the
requirements of the node B radio equipment by moving some of the radio control functions
to the radio network controller (RNC). As a result, the RNC for the WCDMA system is
more sophisticatedthan the base station controller (BSC) for the GSM system.
While WCDMA radio channels can operate on the same frequency in adjacent cell
sites, GSM radio channels typically require frequency planning that requires them to be
spaced 12 channels apart.

5
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This means that for each 5 :MHz CDMA channel, two or more 200 kHz radio
channels must be removed or not used. In addition, WCDMA radio channels require a
guard band (a radio buffer zone) between other radio channels. This guard band slightly
increases the number of radio channels that must be removed or not used in a cell site.
Figure 1 .2 shows how a GSM system can be upgraded to offer WCDMA services. This
diagram shows that typically 2 or more GSM channels are typically removed to allow a
new WCDMA channel to be added. This example also shows that a separate base station
assembly is added to communicate with a WCDMA RNC as the GSM BSC is not equipped
to manage the WCDMAradio channels.

a Talkers Per Channel

····-····:>

GSM

GSM

50-150 Talkers Per
Channel

·········:>

_____.

~

Guard Bands

WCDMA

WCDMA
------)

-t

2.4 MHz
12 Channel Spacing
(Frequency Reuse)

i

'

GSMJElli

~iiiB
GSM
To SSC

_.

'•

/
200 KHz

ToRNC

Figure 1.2 GSM System Upgrade to WCDMA

Because each WCDMA radio channel can simultaneously provide audio
connections to over 100 voice and data customers and each GSM radio channel can only
provide 8 audio connectionsper radio channel, This means that the installation of WCDMA
radio channels typically increases the number of customers that can be served in the same
frequency range by 5 to 1 O times the existing GSM customers.
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1.7 Dual Mode Capability
Dual mode (multi-mode operation) capability is the ability of a device or system to
operate in two different modes (not necessarily at the same time). For wireless systems, it
refers to mobile devices that can operate on two different system types such as analog and
digital or different forms of digital. The WCDMA system was designed to allow calls to
transfer to and from existing GSM systems to WCDMA systems. This allows for the
gradual transfer of customers from 2nd generation GSM systems to 3rd generation
WCDMA systems. Figure 1 .3 shows how the WCDMA system can interoperate with either
the WCDMA system or GSM system. This diagram shows how a mobile device is
operating between a GSM and a WCDMA system. This example shows that the WCDMA
system and GSM system share the same network systems so call completion and transfer
(handoff) can be transparent to the user.

GSM

WCDMA

Dual Mode
WCDMAorGSM

RNC

BSC

HLR

VLR

HLR

EIR

VLR

EIR

Figure 1.3 WCDMA and IS-95 Dual Mode Operation
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Summary
This chapter has briefly traced the evolution of mobile communications using the
~DMA technique. It gives the information to upgrade the system from GSM to WCDMA
. replacing or adding radio transceiver and adding new radio network controllers (RNCs).
e WCDMA system is designed to permit advanced and reliable service including media
.:.:earning and large file transfer.
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2. WCDMA SERVICES AND PRODUCTS
_,l Overview
The services that WCDMA can provide include voice services, data servıces,
::ıulticastservices, location based services (LBS), and multimedia communication services
that

have various levels of quality of service (QoS).Voice service is a type of

communication service where two or more people can transfer information in the voice
frequency band (not necessarily voice signals) through a communication network. Voice
ervice involves the setup of communication sessions between two (or more) users that
allows for the real time (or near real time) transfer of voice type signals between users.

2.2 Voice service
The WCDMA system provides for various types of digital voice services. The voice
service quality on the WCDMA system can vary based on a variety of factors. The
WCDMA system can dynamically change the voice quality because the WCDMA system
can use several different types of speech compression. The service provider can select and
control which speech compression process (voice coding) is used. The selection of voice
coders that have higher levels of speech compression (higher compression results in less
digital bits transmitted) allows the service provider to increase the number of customers it
can provide service to with the tradeoff of providing lower quality audio signals.

2.3 Data Services
Data Services are communication services that transfer information between two or
more devices. Data services may be provided in or outside the audio frequency band
through a communication network. Data service involves the establishment of physical and
logical communication sessions between two (or more) users that allows for the non real
time or near-real time transfer of data (binary) type signals between users. When data
signals are transmitted on a non-digital channel (such as an analog telephone line), a data
modem must be used. The data modem converts the data signal (digital bits) into tones that
can be transferred in the audio frequency band. Because the speech coder used in the
9
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WCDMA system only compresses voice signals and not data modem signals,
analog modem data cannot be sent on a WCDMA traffic (voice) channel.When data
signals are transmitted on a WCDMA radio channel, a data transfer adapter (DT A) is used.
The DT A converts the data bits from a computing device into a format that is suitable for
transmission on a communication channel that has a different data transmission format.
DTAs are used to connect communication devices (such as a PDA or laptop) to a mobile
device when it is operating on a WCDMA digital radio channel.
The data service that WCDMA radio channels can provide include low-speed
packet data up to more than 2 Mbps. Each individual WCDMA traffic channel (single
logical channel on a radio channel) is capable of using variable channel spreading rates to
provide for high speed data transmission. To get even higher speed data channels, multiple
traffic channels (up to 4 or 6) can be combined. Bandwidth on demand (BOD) is a process
that allows the data transmission rate for a specific user to dynamically change based on
requests from the customer, their application

(e.g. voice or video), and the data

transmission capability of the system.

2.4 Circuit Switched Data
Circuit switched data is a data communication method that maintains a dedicated
communications path between two communication devices regardless of the amount of data
that is sent between the devices. This gives to communications equipment the exclusive use
of the circuit that connects them, even when the circuit is momentarily idle. To establish a
circuit-switched data connection, the address is sent first and a connection (possibly a
virtual non physical connection) path is established. After this path is setup, data is
continually transferred using this path until the path is disconnected by request from the
sender or receiver of data.

10
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2.5 Packet Switched Data
Packet switch data is the transfer of information between two points through the
division of the data into small packets. The packets are routed (switched) through the
network and reconnected at the other end to recreate the original data. Each data packet
contains the address of its destination. This allows each packet to take a different route
through the network to reach its destination.
WCDMA packet-switched data service is an "always-on" type of service. When the
WCDMA device is initially turned on, it takes only a few seconds to obtain an IP address
that is necessary to communicate with the network. Even when the WCDMA device is
inactive and placed in the dormant state, reconnection is typically less than 1/2 a second.

2.6 Multicast Services
Multicast service is a one-to-many media delivery process that sends a single
message or information transmission that contains an address (code) that is designated for
several devices (nodes) in a network. Devices must contain the matching code to
successfully receive or decode the message. WCDMA multicast services can include news
services or media (digital audio) broadcasts.

2.7 Location Based Services (LBS)
Location based services are information or advertising services that vary based on
the location of the user. The WCDMA system permits the use of different types of location
information sources including the system itself or through the use of a global positioning
system (GPS).

11
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Messaging Services
Messaging services are the transfer of short information messages between two or
re users in a communication system. The WCDMA system allows for mobile messaging
ices that can transfer up to 160 charactersper message.

_,9 Quality of Service (QoS)
Quality of service (QoS) is one or more measurements of desired performance and
riorities of a communications system. QoS measures may include service availability,
maximum bit error rate (BER), minimum committed bit rate (CBR) and other
measurements that are used to ensure quality communicationsservice.
The WCDMA system can offer different types of quality of service (QoS) for
different types of customers and their applications. A key QoS attribute includes priority
access for different types of users. For example, real time priority access typically applies
to voice services and reliable data transfer is applied to interactive data services.

2.10 Conversation Class
Conversation class is the providing of communication service (typically voice)
through a network with minimal delay in two directions. While conversation has stringent
maximum time delay limits (typically tens of milliseconds), it is typically acceptable to
loose some data during transmission due to errors or discarding packets during system
overcapacity.

2.11 Streaming Class
Streaming class is the delivering of audio or video signals through a network by
establishing and managing of a continuous flow (a stream) of information. Upon request of
streaming class of service, a server system (information source) will deliver a stream of
audio and/or video (usually compressed) to a client. The client will receive the data stream
and (after a short buffering delay) decode the audio and play it to a user.
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Internet audio Streaming systems are used for delivering audio from 2 kbps (for
-quality speech) up to hundreds of kbps (for audiophile-quality music). Streaming class
ides a continuous stream of information that is commonly used for the delivery of
~;o and video content with minimal delay (e.g. real-time). Streaming signals are usually
pressed and error protected to allow the receiver to buffer, decompress, and time
uence information before it is displayed in its original format.

-.12 Interactive Class
Interactive class is the providing of data and control information through a network
ith minimal delays and with very few data errors. Interactive class allows a user or system
-o interact with a software application (typically a web host) in near-real time (limited
::ransmission delays). Interactive class allows the communication channel to be shared by
other users during periods of inactivity (such as when the user is thinking about a response
to a web page question.)

2.13 Background Class
Background class is the process of providing information transfer services on a best
effort basis. Background class is used for non-time critical services (such as Internet web
browsing).

2.14 WCDMA Products
WCDMA mobile devices (also called access terminals) are data input and output
devices that are used to communicate with a nearby access point. WCDMA devices include
removable UMTS subscriber identity modules (USIMs) that hold service subscription
information. The common types of available WCDMA devices include external radio
modems, PCMCIA cards, radio modules, and dual mode mobile telephones.
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5 UMTS Subscriber Identity Module (USIM)
A UMTS subscriber identity module (USIM) is an "information" card that contains
e subscription identity and personal information. This information includes a phone
ber, billing identification information and a small amount of user specific data (such as
aıre preferences and short messages.) This information can be stored in the card rather
programming this information into the phone itself. This intelligent card, either credit
rd-sized (ISO format), or the size of a postage-stamp (Plug-In format), can be inserted
o any UIM ready wireless device.

_.16 PCMCIA Air Cards
The PCMCIA card uses a standard physical and electrical interface that is used to
connect memory and communication devices to computers, typically laptops. The physical
card sizes are similar to the size of a credit card 2.126 inches (51 .46 mm) by 3.37 inches
69.2 mm) long. There are 4 different card thickness dimensions: 3.3 (type 1), 5.0 (type 2),
10.5 (type 3), and 16 mm (type 4). WCDMA PCMCIA radio cards can be added to most
laptop computers to avoid the need of integrating or attaching radio devices.

2.17 Embedded Radio Modules
Embedded radio modules are self contained electronic assemblies that may be
inserted or attached to other electronic devices or systems. Embedded radio modules may
be installed in computing devices such as personal digital assistants (PDAs), laptop
computers, and other types of computing devices that can benefit from wireless data and/or
voice connections.

2.18 Mobile Telephones
Mobile telephones are radio transceivers (combined transmitter and receive) that
convert signals between users (typically people, but not always) and radio signals. Mobile
telephones can vary from simple voice units to advanced multimedia personal digital
assistants (PDAs).
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WCDMA mobile telephones may include both GSM and WCDMA capability (dual
,. This allows dual mode WCDMA mobile device to access both 2nd generation GSM
~~

and 3rd generation WCDMA systems.

9 External Radio Modems
External radio modems are self contained radios with data modems that allow the
stomer to simply plug the radio device to their USB or Ethernet data port on their desktop
aptop computer. External modems are commonly connected to computers via standard
ections such as universal serial bus (USB) or RJ-45 Ethernet connections. Figure 1 .4
ws the common types of WCDMA products available to customers. This diagram shows
t the product types available for WCDMA include dual mode and single mode mobile

telephones, PCMCIA data cards, integrated (embedded) radio modules, and external radio
odems. WCDMA mobile telephones may be capable of operating on both the WCDMA

voice and analog radio channels or on the data only.

Mobile Telephone

Radio Module

PCMCIA Card

External
Modem

Laptop

Dual Mode
GSMorWCDMA

Data Only

Figure 2.1 WCDMA Product Types
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WCDMA channels "dual mode". PCMCIA data cards may allow for both data and
ce operations when inserted into portable communications devices such as laptops or
nal digital assistants (PDAs). Small radio assemblies may be integrated (embedded)
other devices such as laptop computers or custom communication devices. External
ems may be used to provide data services to fixed users (such as desktop computers).

10 Summary
The WCDMA system can offer different types of quality of service for different
ypes of customers and their applications. WCDMA multicast services can include news

servicesor media (digital audio) broadcasts. WCDMA mobile devices are data input and
.ırput devices that are used to communicatewith a nearby access point. The common types
~ available WCDMA devices include external radio modems, PCMCIA cards, radio
odules, and dual mode mobile telephones.
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3. WCDMA RADIO
3.1 Overview
There are two types of radio systems used by the WCDMA system. Frequency
division duplex (FDD) and time division duplex (TDD). The characteristics of WCDMA
radio channels include frequency bands, frequency reuse, and channel multiplexing
techniques, RF Power levels, RF power control, and channel structure. WCDMA radio
channels are divided into overlapping physical (transport) and logical channels. Each
physical radio channel is uniquely identified by a spreading code. The logical channels (e.g.
control, voice and data) are divided into groups of bits (fields and frames).

3.2 Frequency Division Duplex (FDD) WCDMA
Frequency division duplex (FDD) is a communications channel that allows the
transmission of information in both directions via separate bands (frequency division). The
WCDMA frequency division duplex (FDD) system pairs two 5 MHz radio channels to
provide for simultaneous duplex communication. FDD operation normally assigns the
transmitter and receiver to different communication channels. One frequency is used to
communicate in one direction and the other frequency is required to communicate in the
opposite direction. The amount of frequency separation between the transmitter and
receiver frequency bands varies based on the range of frequencies. Generally, the higher the
frequency used, the larger the amount of duplex frequency spacing. The lower frequency
band of the pair is generally designated for the mobile because it is easier (and often
cheaper) to produce lower frequency devices.
Each radio channel is divided into 1 O msec frames and each frame is further divided
into 15 time slots (666 usec each). During a typical FDD voice conversation, all the time
slots are dedicated for transmitting and for receiving. Because there are times that a mobile
device must perform other radio signal processing functions on other frequencies during
conversation (during voice transmission).
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The mobile device may enter into a compressed mode of transmission. Compressed
allows the mobile device to compress a 1 O msec frame of data into only some of the
::me slots within the 10 msec data frame (sending a higher data rate in some of the other
-·. This allows the mobile device to use the time during the unused time slots to perform
functions such as retuning and measuring the signal strength and quality of other
o channels.
Figure 3.1 shows the basic parts and operation of the WCDMA FDD system. This
.., am shows that the WCDMA FDD system uses two 5 Mllz radio channels that are
::ninally separated by 190 Mllz (85 MHz separation in USA) to provide for full duplex
way communication. Each radio channel is further divided into 1 O msec frames and 15
e slots (666 usec each) that contain control and user data.

10 msec

Frame

•>-'""' 11111111111
~

~

Voice

3.84 Mcps Spreading

'· "' I

111111111
All Tıme Slots Used
In Both directions
During Normal Operation

C
/

..........._I/

\

Data

Figure 3.1 Frequency Division Duplex (FDD) WCDMA System

3.3 Time Division Duplex (TDD) WCDMA
Time division duplex (TDD) is a process of allowing two way communications
between two devices by time sharing. When using TDD, one device transmits (device 1),
the other device listens (device 2) for a short period of time. After the transmission is
complete, the devices reverse their role so device 1 becomes a receiver and device 2
becomes a transmitter. The process continually repeats itself so data appears to flow in both
directions simultaneously.
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The WCDMA system can use time division duplex (TDD) format technology when
aired frequencies are not available. The WCDMA TDD system uses the same CDMA
channel coding process as the WCDMA FDD system. The WCDMA TDD system is well
suited for indoor areas and wide area data systems. During TDD operation, the mobile
evice receives a burst of data, waits until its assigned time slot, and transmits a burst of
ata on the same frequency.
This process is continually repeated providing a steady flow of data in both
directions. A key challenge of TDD operation is the potential that the transmission time
from mobile devices varies with the distance that the mobile device operates from the cell
site and this can cause overlapping with transmission bursts received from other mobile
devices. To overcome this challenge, a guard time period is added to each transmission
burst to ensure it does not overlap with transmit bursts from other mobiles.
Figure 3.2 shows the basic parts and operation of the WCDMA TDD system. This
diagram shows that the WCDMA TDD system divides the 5 MHz radio channel 1 O msec
frames into 15 time slots (666 usec each). Time slot can be transmitted in either the uplink
or downlink direction. This example shows that time slots can be dynamically assigned so
the system can provide variable and asymmetrical data transmission rates.
1 O msec Frame
666 usec Slot

I I 11111111
L
ı
T- Mobile Transmit
R- Mobile Receive

Guard Periods

17 \I
666

Data

usec Slot

Figure 3.2 Time Division Duplex (TDD) WCDMA - TDD/WCDMA System
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A RF Channel Multiplexing
RF channel multiplexing is a process that divides a single radio transmission path
zto several parts that can transfer multiple communication (voice and/or data) channels.
ultiplexing may be frequency division (dividing into frequency bands), time division
.iividing into time slots), code division (dividing into coded data that randomly overlap), or
sıatistical multiplexing (dynamically assigning portions of channels when activity exists).
ode division multiplexing (CDM) is a system that allows multiple users to share one or
ore radio channels for service by adding unique codes to each data signal that is being
sent to and from each of the radio transceivers.
These codes are used to spread the data signal to a bandwidth much wider than is
necessary to transmit the data signal without the code. Multiple coded (physical) channels
"an be used on the same RF channel without interfering with each other by mixing in
analization

codes that uniquely identify each physical channel. This is because the

analization codes used are pre-selected to be orthogonal (non-interfering) with each other.
RF channel spreading is the process of creating a radio communication channel that
occupies a radio channel bandwidth that is larger than frequency bandwidth that is required
to only send the information signal. To create larger RF channels, the information may be
multiplied by additional signals (channel codes). Variable spreading rates are the ability of
the ratio of chips to information bits (spreading rate) to change in a spread spectrum
communication system. The use of variable spreading rates allows the system to assign
different data transmission rates on the same radio channel without having to change the
chip rate.

3.5 Channel Codes
Channel codes are unique patterns or codes that are combined with, mixed into, or
used to modify information that is sent on a communication channel to identify each
channel that is sent on a common transmission channel. The WCDMA system uses channel
codes to expand information signals. Different channel codes are used to identify different
physical channels.2
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Each bit of information that is to be transmitted in the WCDMA system is
multiplied (spread) by a channel code. This produces a relatively long sequence of
information elements (called chips) that represent each bit of d igital information. The
number of code chips that is transmitted on a radio channel is fixed at 3.84 million chips
per second (Mcps). The ratio of how many chips are used to represent each bit of
information that is transmitted is known at the spreading factor (SF). Each radio channel
can transfer multiple coded channels that have different spreading factors.
The spreading factors on the WCDMA system vary from 4 to 512 on the downlink
channel and from 4 to 256 on the uplink channel. Because several chips of information
represent each bit of information, even with a loss of a few chips due to collisions with
other signals still allows a majority of the chips to be used to correctly recreate the original
information bits. In general, the use of a higher spreading factor provides for a more robust
(reliable) communication channel as more chips represent each information bit. However,
using a higher amount of spreading results in a lower data transmission rate available for
the user.
The WCDMA varies the spreading factor (number of chips per bit) to provide
bandwidth on demand (BoD) service shows an example of some of the spreading rates for
the downlink channel. This table 3.1 shows that the WCDMA system has a gross
(unprotected) channel data transfer rate that ranges from 15 kbps to 1920 kbps depending
on the spreading factor. This table also shows that if Yz rate convolution coding is used (it
does not have to be used), the net data rate is less than half of the gross channel data rate
due to the use of error protection and system signaling overhead. This example shows that
this results in a net data transmission rate that varies from 3 kbps to 936 kbps for each
coded radio communication channel.
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Table 3.1 Downlink Radio Channel Spreading Table
Spreading Factor
(SF)

I

Gross channel Data Rate
(kbps)

4 (minimum spreading)
8
16
32
64
128
256
512

I

Net Data Rate (kbps)
(with Yı rate convolutional
Coding:+ overhead

1920
960
480
240
120
60
30
15

936
456
215
105
45
12
6
3

Table 3.2 shows the spreading rates for the uplink channel. This table shows that the
WCDMA system has a gross (unprotected) channel data transfer rate that ranges from 15
cbps to 960 kbps depending on the spreading factor. This table also shows that the net data
rate is less than half of the gross channel data rate due to the use of Yı rate convolution
coding. This results in a net data transmission rate that varies from 7.5 kbps to 480 kbps for
each coded radio communication channel.

Table 3.2 Uplink Radio Channel Spreading
Spreading Factor
(SF)
4 (minimum spreading)
8
16
32
64
128
256

I

Gross channel Data Rate
(kbps)
960
480
240
120
60
30
15
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I

Net Data Rate (kbps)
(with Yı rate convolutional
Coding:+ overhead
480
240
120
60
30
15
7.5
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3.6 Parallel Channel Codes
Parallel channel codes are combined coded channels that are transmitted on the
same transmission channel. Parallel channel codes are used in the WCDMA to increase the
overall data transmission throughput on a single radio channel. The WCDMA system can
ombine up to 4 channels in the forward (downlink) direction and up to 6 channels in the
reverse (uplink) direction to provide for data transmission rates above 2 Mbps. To
coordinate parallel channels codes, the system coordinates the parallel channels by
transmitting a control message that identifies how the independent physical channels and
their associated logical channels are combined or divided. A transport format combination
indicator (TFCI) code is used to coordinate the combination of physical channels and
transport format indicator (TFI) coordinates each transport channel.

5 MHz

480 kbps
480 kbps

+

480 kbps

_

1440 kbps

Multiple
Coded Channel
On Same
Frequency Band

Figure 3.3 Combining Coded Channels

To use parallel channel codes, the channel must use the minimum spreading factor
(SF). Figure 3.3 shows how the WCDMA can combine multiple coded physical channels to
provide higher data transmission rates than is possible with a single coded channel. This
diagram shows that the same frequency bandwidth 2can be used to simultaneously transmit
several 5 MHz co2ded channels. Each RF carrier channel is differentiated by a different
scrambling code. This example shows that the combining of these channels can produce
broadband data transmission rates.
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. , Channel Code Trees
Channel code trees are hierarchical structured code sequences that allow codes to be
selected from a table that do not interfere with each other. By structuring the codes in a tree
rormat, lower level codes (branches of the tree) are subsets of upper level codes. When
wer level codes are selected, the upper level codes cannot be used. Figure 3.4 shows how
tae WCDMA system uses a code tree to assign different data rates to different users.

Figure 3.4 Channel Code Tree
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This example shows that upper level codes in the code tree can be used to provide
higher data rates and that these upper level codes use a lower spreading factor that provides
for the higher data rate. This diagram also shows that when lower level codes are used, the
upper level codes above them cannot be used.

3.8 Frequency Bands
Frequency allocation is the amount of radio spectrum (frequency bands) that is
assigned (allocated) by a regulatory agency for use by specific types of radio services. It is
not possible to use all of the frequency bands assigned to a service provider due to the need
for frequency guard bands. Guard bands are a portion frequency that is unused between two
channels or bands of frequencies to provide a margin of protection against signal
interference. Signal interference may come from radio channels that are operating outside
the assigned frequency bands of channels operating near the guard frequency. In 1992, the
frequency bands for UMTS systems were designated at the world administrative radio
conference (WARC). The new requirements for the UMTS systems were defined by the
international telecommunications union (ITU).Figure 3.5 shows the frequencies that have
been designated for 3rd generation UMTS WCDMA systems. This diagram shows that the
designated frequency bands vary throughout the world because some countries have
already assigned (licensed) part of the frequency bands.

Europe
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Asia
Uplink

Downlink

USA
PCS Uplink

1900

PCSI Downlink

2000

1950

2050
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Figure 3.5 WCDMA UMTS Frequency Bands
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Frequency Reuse
Frequency reuse is the process of using the same radio frequencies on radio
smitter sites within a geographic area that are separated by sufficient distance to cause
nimal interference with each other. Frequency reuse allows for a dramatic increase in the
ber of customers that can be served (capacity) within a geographic area on a limited
ount of radio spectrum (limited number of radio channels). The ability to reuse
••.• uencies depends on various factors that include the ability of channels to operate in
ith interference signal energy attenuation between the transmitters. The WCDMA radio
~.ıannels use coded channels that are uniquely assigned to each user. This allows many
sers to operate on the same frequency.
This also allows frequencies to be reused in every cell site and sectors within a cell
site. However, the use of the same frequency in the same cell site and sector increases the
interference levels and decreases the capacity of the radio channels. Figure 3.6 shows how
CDMA systems can reuse the same frequency in each cell site. This example shows that
the frequency use factor is 1 (N=l) and that the overlap of the radio channels results in an
increased interference level in the overlapping area. Because multiple chips represent each
channel, this overlap simply results in the loss of some of the chips and this reduces the
capacity of the WCDMA system.
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Figure 3.6 WCDMA Frequency Reuse

26

WCDMARadio

Frequency Diversity
Frequency diversity is the process of receiving a radio signal or components of a
signal on multiple channels (different frequencies) or over a wide radio channel (wide
ney band) to reduce the effects of radio signal distortions (such as signal fading) that
on one frequency component but do not occur (or not as severe) on another frequency
ponent. Because the WCDMA radio channel provides communication over a relatively
e 5 MHz radio channel (compared to the 200 kHz GSM channel), it is less susceptible
signal fading. When radio signal fades occur (due to signal combining and canceling),
. · generally occur over a narrow frequency range.
This means a signal fade only affects the reception of some of the chips that
resent each bit of information that is transmitted. If a majority of the remaining chips
an be successfully received, this result in the successful transfer of information, even in
tae presence of radio signal fades. Figure 3. 7 shows how a wideband radio channel offers
tae capability of frequency diversity. This example shows that only a portion of the

wideband WCDMA radio channel is affected by the radio signal fade. As a result, only a
few of the chips are lost and a majority of chips are successfully transmitted.
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Figure 3.7 WCDMA Frequency Diversity
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Time Diversity
Time diversity is the process of sending the same signal or components of a signal
gh a communication channel where the same signal is received at different times. The
rion of two or more of the same signal with time diversity may be used to compare,
·er, or add to the overall quality of the received signal. The cause for time diversity
_.- be naturally created or it may be self induced. Delayed signals may be created by the
--ection of the same signals by objects (such as buildings or mountains). When multiple
_ als are received that take different paths (direct and/or reflected), it is called multipart.
- some cases, it is desirable to self-create multiple delayed signals in the transmitter.
The creation of multiple delayed signals can be used to overcome the effects of
al fading. In either case, the WCDMA uses a receiver that is capable of decoding two
.:- more signals that are delayed in time. This receiver is called a rake receiver. Figure 3.8
snows how a CDMA system can use a rake receiver to combine multiple time delayed
multi path) signals to help produce a higher quality received signal. In this example, the
same signal is received at the mobile device because one of the signals has been reflected
off a building during transmission. This reflected signal has to travel a longer distance so it
· delayed slightly when the mobile device receives it. Because each signal is identified by
a unique code, the receiver can separately decode each signal. The receiver can then select
or combine the two (or more) reflected signals to produce a higher quality received signal.
Q -
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Figure 3.8 WCDMA Rake Receptions
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_,,12 Power Control
RF power control is a process of adjusting the power level of a mobile radio as it
oves closer to and further away from a transmitter. RF power control is typically
complished by the sensing the received signal strength level and the relaying of power
control messages from a transmitter to the mobile device with commands that are used to
:ncrease or decrease the mobile device's output power level. RF power control is very
important to the WCDMA system as the power level that is received from each mobile
device must be approximately the same power level as the signals received from other
mobile devices. If one mobile device were received at a much higher power level than the
other devices, the reception of the lower power channels would be lost in the interference
and noise.
As a result, more accuracy in power level control can results in received signals of
the same level. This results in higher levels of s ystem capacity (more customers can
simultaneously operate on the same channel). To accurately control the RF power level,
The WCDMA RF channel uses a combination of course (open loop) power control and
precise (closed loop) power control. Open loop power control is a process of controlling the
transmission power level for a mobile device using the received power level and an
indicator to how much RF power it should transmit. As the received signal level goes
down, the transmitter signal level is increased.
Open loop power control provides for relatively broad (wide range) power level
control. Closed loop power control is a process of controlling the transmission power level
for the mobile device using the power level control commands that are received from
another transmitter that is receiving its signal (the closed loop). Closed loop power control
in the WCDMA system is used to precisely control (fine tune) the mobile device
transmitter level. When in closed loop operation (when the mobile device is assigned to a
specific channel), the base station sends power level control commands 1,500 times per
second (every 666 usec).
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The power control commands can change the output power in 1, 2 or 3 dB steps
_ e 3.9 shows that the WCDMA system uses a combination of open-loop and closed
power control to ensure that approximately the same RF signal level is received from
ers of the system regardless of the distance they are from the cell site. This figure
,YS

how open loop power control automatically adjusts the transmitter power level of the

ile device as the received signal level decreases and how closed loop power control
tunes to receive signal power level at an antenna by continuously sending small power
-el control.
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Figure 3.9 Open and Closed Loop WC2DMA RF Power Control

3.13 RF Power Classifications
RF Power classification defines the RF power levels associated with specific modes
of operation for a particular class of radio device. Classes of RF devices often vary based
on the application and use of the device such as portable, mobile or fixed applications.
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RF power classification typically defines the maximum RF power level a device
_ transmit but it may also include the minimum RF power levels and the RF power
els for specific modes of operation (such as during power control commands). The
imum RF power for each class typically determines the type of mobile device; car
unted (high power class), transportable (medium power class), or handheld portable
w power class). WCDMA mobile devices have 4 different power classes 1-4 (most

rtable mobile telephones are class 4).Mobile devices that operate close to the base station
.ill receive a high quality signal and this will allow them to transfer at the highest data
zansmission rates (they can use lower spreading factors). Mobile devices that operate far

zway from the base station (at the edge of the radio coverage area) will typically be
ssigned to slower data transmission

rates that use higher spreading factors (more

orotection from interference).
Base stations typically transmit at full power. This allows mobile devices to
accurately measure the signal strength of nearby base stations. Table 3.3 shows the
ifferent types of power classes available for WCDMA mobile devices and how their
maximum power level. This table shows that there are 4 classes of WCDMA devices and
their maximum power level ranges from +21 dBm (0.125 Watts) to +33 dBM (2.0 Watts).
Table 3.3 WCDMA User Equipment (UE) Power Classifications
Mobile Device class
(UE Class)
1
2
3
4

Maximum Power level
(dB)
+33 dBm
+27 dBm
+24 dBm
+21 dBm

Maximum Power level
Watts
2.0 Watts
0.5 Watts
0.25 Watts
0.125 Watts

3.14 Channel Structure
Channels are a portion of a physical communications channel that is used to for a
particular communications purpose. There are two groups of channels used in the WCDMA
system; control channels and traffic channels. Control channels are used to setup, manage,
and terminate communication sessions.
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Traffic channels are primarily used to transfer user data but can also transfer some
•ontrol information. Some of the channels on the WCDMA system use separate coding so
--~y can be simultaneously transmitted and decoded by the receiver and other channels are
gical channels that share a coded channel. Channel structure is the division and
coordination of a communication channel (information transfer) into logical channels,
frames (groups) of data, and fields within the frames that hold specific types of
.nformation. The WCDMA system has different channel structures for the forward and
reversedirections.
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Figure 3.10 WCDMADuplex Channels

Figure 3.10 shows the channel structure and duplex channel spacing for the
WCDMA system. This diagram shows that each coded communication channel (traffic
channel) is divided into 1 O msec frames an that each of the frames is divided into 666 msec
time slots. All the time slots are used duringnormal transmission.
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The above figure also shows that the duplex channel spacing between the uplink
_, the downlink is nominally 190 MHz (85 MHz for USA). The 1 O msec frames for the
rward and reverse channels is transmitted with a fixed time offset relative to each other.

15 Packet Data Transmission
Packet data transmission is the process of setting up and managing packet data
mmunication sessions. There are three basic ways to send packet data on the WCDMA
__ stem; on the access channel, on a common paging channel, or on a dedicated packet data
caannel. If the amount of information (packet data) is very small, it can be sent directly on
ıae random access channel (RACH). The sending of very short data packets on the access
caannel eliminates the need to setup another communication channel for more packets. If
ıae amount of information is larger than can be sent on the RACH channel, the data can be
sent on the common paging channel (CPCH) channel (shared by other users).
If the amount of data is relatively large, the dedicated data channel (DCH) is used
not shared by others). Packet data transmission starts by sending access request messages
..t low RF power level and then gradually increasing the RF power level of the access
request messages until the system responds to the access request or when a maximum
allowable RF power level has been reached. If the WCDMA system does respond to the
access requested within a short period of time, the mobile device must stop transmitting and
wait a random amount of time before attempting to send access request messages to the
system again.
Access request messages contain a preamble that alerts the system that an access
request message is coming along with a short identification number that is used to identify
the mobile device that is attempting to access the system. If the system recognizes the
access request message, it will send an acknowledgement message on the CPCP AP-AICH
channel. When the mobile device receives the acknowledgement message, it can continue
to transmit additional access control information that is necessary to setup the packet data
transmission session.
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These control messages are confirmed on the CD/CA-ICH channel. The CD/CA
channel is used to coordinate the shared packet data channel. If the amount of data to
t

~g),

is very large or the data transmission is likely to be continuous (e.g. multimedia
a dedicated data channel (DCH) can be setup. The sending of data on dedicated

eels does involve additional setup time. However, the transmission of packet data on
allows the system to provide high-speed

data transmission

and to allow for

rerrupted soft handovers for data sessions. Packet data transmission is controlled by a
.et scheduler (PS). The PS coordinates the distribution of packets over multiple radio
els, frames, and time slots. The packet scheduler is commonly located at the RNC to
w a PS to coordinated packet data transmission over several cells. Figure 3.11 shows
· the WCDMA system transfers packets on the CPCH. This diagram shows that the
ile device first attempts access to the system on the CPCH. If this request is
~owledged on the AP-AI CH, the mobile device continues to transmit packet data access
uest information.
If the mobile device does not hear a response to its access request message, it will
rease its transmitter power level and send its access probe again. This process repeats
.mtil either the WCDMA system acknowledges its request or the mobile device reaches its
maximum allowable transmit power. This example shows that the WCDMA system can
control the power level on the CPCH channel.
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Figure 3.11 WCDMA Packet Access on the CPCH Channel
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. ısymmetrtc Channels
Asymmetric

channels

are two-way

communication

channels

that allow for

ms::ission rates that can vary by direction. For example, the downlink broadcast channel
a high-speed channel (e.g. 1.9 Mbps) and an uplink (reverse direction) channel may
15 kbps. The WCDMA system allows asymmetric operation as it permits the
rı,s:·::-;ment of different data transmission rates for the forward and reverse directions.

- Speech Coding
Digital speech compression

(speech coding) is a process of analyzing and

ressing a digitized audio signal, transmitting that compressed digital signal to another
and decoding the compressed signal to recreate the original (or approximate of the
ginal) signal. Figure 3 .12 shows the basic digital speech compression process. The first
_ is to periodically sample the analog voice signal (20 msec) into pulse code modulated
Yi) digital form (usually 64 kbps). This digital signal is analyzed and characterized (e.g.
ume, pitch) using a speech coder.
The speech compression analysis usually removes redundancy in the digital signal
such as silence periods) and attempts to ignore patterns that are not characteristic of the
-ınnan voice. In this example, this speech compression process uses pre-stored code book
bles that allow the speech coder to transmit abbreviated codes that represent larger
robable) digital speech patterns. The result is a digital signal that represents the voice
content, not waveform. The end result is a compressed digital audio signal that is 8-13 bps
instead of the 64 kbps PCM digitized voice.
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Figure 3.12 Speech Coding

The WCDMA system is designed to use different types of speech coders'
:epending on the system capability and the needs of the user. The ability of the WCDMA
system to change speech coder technologies is called adaptive multi-rate (AMR) speech
coding. The use of speech coders that have different compression rates allows a power bit
rate coding process (higher compression rates) to be used when system capacity is limited
and more users need to be added to the system. The WCDMA system speech coders
include the 12.2 kbps standard GSM enhanced full rate (EFR), 7.4 kbps interim standard
641 (IS-641), 6.7 kbps specific digital cellular (PDC) EFR, and other types of speech
coders that per ate at 10.2 kbps, 7.95 kbps, 5.9 kbps, 5.15 kbps, and 4.75 kbps.
In the future, the WCDMA system may add other types of speech coders as
technology improves. The determination of the speech coder that is used is a combination
of mobile device capability (which speech coders the mobile device has available o use),
system capability (which speech coders the base station has variable to use), and which
speech coder is preferred by the system, lower it rate speech coders may be used.
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When systems reach overcapacity conditions the selection of which speech coder is
~ can be changed every 20 sec. The WCDMA system provides for the ability of the
__em to dynamically change the maximum data transmission rate that the speech coder
_.- us to characterize (compress) the audio signal. While this maximum data rate limit
_ affect the quality of speech (less bits may mean lower audio quality and periods of
_ audio activity), the limit allows the WCDMA system to control the maximum data
mission rate and may allow the system to add additional users with a tradeoff of audio
uality (called soft capacity). Figure 3.13 shows the basic adaptive multi rate speech coding
ess. This diagram shows that the WCDMA system allows for the use of different
ch coding processes and that the system may dynamically control which speech
ess is used dependent on the needs of the system. This example shows that the speech
ing process can change as often as every 20 msec speech frame. The selection of speech
er is primarily determined by the channel quality. However, this example shows that the
=;

.stem can instruct he speech coder to use high compression process (lower audio quality)

.:_uring periods of system overcapacity.
Use High
Compression
(System Overcapacity)

End High
Compression

BIBIBIBICICICICIA

AIAIAIA

______..
20 msec

High ccmpression
Forced By System

CoderA - High Compression (Low Quality)
Coder B - Medium Compression
Coder C - Low Compression (High Quality)

Figure 3.13 WCDMA Adaptive Multi-Rate Speech Coding
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The speech process can use a process of error concealment to reduce he effect of
errorsthat are received during transmission. Error concealment is a process that is used by a
~..,.. . ing device (such as a speech coder) to create information that replaces data that has
oeen received in error. Error concealment is possible when portions of the signal output of
tae coder has some relationship to other portions of the signal output and that the

relationship can be used to produce an approximated signal that replaces the most
.aformation period (lost bits). To save battery life, the WCDMA system can use voice
activity detection VAD) to reduce or stop transmission during periods of inactive speech
activity, The inhibiting of transmission is called discontinuous transmission DTx). Voice

tivity detection (VAD) is a process or an electronic circuit hat senses the activity (or
absence) of voice communication signals. When he VAD system determines the user has
stopped talking, the transmitter may be shut off. The use of VAD and DTx reduces the
ower consumption e.g. extends the battery life) and reduces interference to other users
increasing system capacity). To overcome the potential disconnection from he system, a
silence descriptor (SID) frame may be sent to allow the system o know the connection is
till active and to provide some background noise o the listener knows the call is still in
progress (not completesilence).

3.18 Soft Capacity Limits
A capacity limit is the maximum amount of service (such as data transmission ate)
or number of customers that a system can provide services to at a defined level of service.
The WCDMA system has a soft capacity limit as the system operator can dynamically
change the defined level of service to change the maximum number of customers (capacity
limit) that can obtain service from the system. This allows the service provider to
temporarily increase the system capacity in exchange for a reduction in the quality of voice.
A WCDMA service provider can increase the number of customers on a CDMA mobile
communication system by reducing the audio quality through increased speech
compression.
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This lowers the average data rate per user, reducing interference, increasing the
B!XIIDUill

number of users. Figure 3 .14 shows that a soft capacity limit allows for the

dual decay of voice quality in a communicationsystem when additional users are added
system.To provide service to more customersthan the capacity limit (over capacity) in a
DMA system, users in the system are provided with lower it rates (higher speech
pression).As a result, assigning lower bit rates o users as service demand increases
es off voice quality for increases in system capacity.

High Voice Quality
High

Medium Voice Quality

Data
Rate
Per
user

Low Voice Quality
Low
Low

Number Of simultaneous Users

High

Figure 3.14 WCDMA Soft Capacity Limit

3.19 Handover
Handover (also called handoff) is a process where a mobile device that is operating
on a particular channel is reassigned to a new channel. This can be a new frequency
channel, new code channel, or a new logical channel. The process is often used to allow
subscribersto travel throughout the large radio system coverage area by switching the calls
(handoff) from cell-to-cell and different channels with better coverage for that particular
area when poor quality conversation is detected.
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Handoff may also occur when a mobile device requests a service that can only be
ided by a radio channel that has different service capabilities. This might mean
gnment from a WCDMA traffic (voice) channel to a GSM traffic channel. The
-DMA system can handover a communication

channel when the radio network

oller (RNC) determines the radio channel quality between the mobile device and the
·" station has fallen below an acceptable level and a better radio channel is available for
transfer. The RNC can use information that it receives from the mobile device to assist
its' handover decisions. The mobile device can measure the received signal strength
-sl) and the received signal code power (RSCP) level and return this information to the
.C via the base station. The WCDMA system handover types include soft handover,
er-system handover, and hard handover .

.20 Soft Handover
A soft handover is a process that maintains a communication connection with an
itial transmitter site (e.g. base station) while simultaneously communicating with one or
zıore additional transmitter sites (base stations) during the handover process. The WCDMA
=;

.stem uses soft handover process to allow the mobile device to be precisely controlled

.:uring the handover (cell site transfer) process and to provide for undetectable changes in
audio quality during handover. During the soft handover process, two or more cell sites are
simultaneously communicating with the mobile device during the transfer process. The
information received from these cell sites to begin the soft handover process. The mobile
evice monitors the signal strength of pilot channels of nearby cell sites and returns this
information to the cell site it is communicating with. This list of pilot channels is provided
on the cell site's broadcast channel. Figure 3. 15 shows the basic soft handover process that
occurs in the WCDMA system. In this example, the mobile device has measured the signal
strength of the pilot channel from a nearby cell site.
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Using this information, it is determined that the adjacent cell site is a candidate for
the soft handover process and that it should simultaneously communicate with the mobile
device and the soft handover process begins. During the soft handover process, both cell
sites simultaneously receive information from the mobile device and the information
frames that have the highest quality (least errors) can be selected.
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Figure 3.15 WCDMA Soft Handover

3.21 Inter-System WCDMA to GSM Handover
Mobile devices that are communicating on a WCDMA channel may need to
Handover to a GSM cellular channel. Some of the reasons this transfer may be necessary
include no availability of WCDMA radio channels during handover or the need to use
GSM services that are not available on the WCDMA system. This may occur because the
geographic area the mobile device is entering into does not have WCDMAradio channels..
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Transferring calls between a WCDMA system and GSM system has some unique
lenges that include different frequencies and time slot periods. If the WCDMA mobile
·ice is continuously transmitting a data signal, this would require the mobile device to
ultaneously communicate with b oth the GSM system and the WCDMA system (2
-eceivers).
To overcome this potential challenge, the WCDMA system can use a compressed
mode (formerly called "slotted mode") of transmission. This allows the mobile device to
dapt its data transmission rate for brief periods to allow it to tune (change its frequency) to
monitor and communicate if necessary with a GSM channel in between WCDMA
transmissions. The compressed mode can be entered into by either lowering the user data
rate, changing the spreading factor (increasing the WCDMA channel data transmission
rate), or by puncturing the error protection coding (using less error protection bits).

3.22 Hard Handover
Hard handovers

are the transferring

of communication

session from one

communication channel (frequency and/or coded channel) to a new communication channel
where one channel is completely disconnected before a new channel is established. During
the hard handover process, small amounts of information or audio are lost during the
transition process. WCDMA hard handovers occur when a call is transferred (handed over)
from a WCDMA system to a WCDMA channel that is operating on another frequency or
when it is handed over to another WCDMA channel that is operating on another WCDMA
system. When the handoff is occurring between different systems, the mobile telephone can
enter into a compressed transmission mode. During the compressed transmission mode,
speech and/or data information are sent during a portion of the frame and other portions of
the frame are used to allow the mobile device to search, find, and measure other candidate
radio channels for handover.
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3.23 Radio Coverage and Capacity Tradeoff
Radio coverage is a geographic area that receives a radio signal above a specified
minimum level. The radio coverage area of a WCDMA cell site can change based on the
capacity used by customers. As more customers are added to a radio coverage area, the
smaller the radio coverage area becomes (given the same power levels). Figure 3.16 shows
how the WCDMA system can tradeoff radio coverage for higher capacity. This diagram
shows as more customers are added to the cell, the radio boundaries begin to contract into a
smaller radio coverage area.

Figure 3.16 WCDMA Radio Coverage and Capacity Tradeoff

3.24 Discontinuous Reception (DRx)
Discontinuous reception (DRx) is a process of turning off a radio receiver when it
does not expect to receive incoming messages. For DRx to operate, the system must
coordinate with the mobile radio for the grouping of messages. The mobile device will
wake up during scheduled periods to look for its messages. This reduces the power
consumption that extends battery life. This is sometimes called sleep mode. The W2CDMA
system divides the paging channel into sub-channel groups to provide for DRx capability.
The number of sub-channel groups is determined by the system. Each 1 O frames contain a
paging channel frame. To inform the mobile device of the sleep periods, a paging indicator
channel (PICH) is used.
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Figure 3.17 Discontinuous Receptions (Sleep Mode)
A paging indicator (PI) message is sent at the beginning of the paging

channel

frame to identify the paging channel group. This allows the mobile device to quickly
determine if it must keep its receiver on during the paging group or if it can turn off its
receiver and wait for the next paging channel group. Figure 3.17 shows the basic DRX
(sleep mode) process used in the WCDMA system. This diagram shows that each 10 msec
frame contains a paging channel frame and that the beginning of the paging channel frame
contains a paging indicator (PI) message. The PI message identifies the paging group and
this allows the mobile device to determine if it needs to keep it's receive on (wake mode) or
ifit can turn off its receiver (sleep mode) until the next group of paging messages.

3.25 Summary
In this chapter we have presented fundamental principles of WCDMA. The various
functional components of a BS transmitter have been discussed in some detail. The receiver
structure, soft decision decoding of convolutional codes, methods of multi-user detection at a BS,
and smart antennas have been described.
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4. WCDMA RADIO CHANNELS AND TYPES
.1 Overview
A radio channel is a communications channel that uses radio waves to transfer
ormation from a source to a destination. A radio channel may transport one or many
communication channels and communication circuits. The WCDMA system uses the same
- MHz bandwidth size radio channels for WCDMA voice and WCDMA data. To maximize
-•.e data transfer rate, the WCDMA forward radio channel can use different types of
modulation and different amounts of signal spreading (processing gain). The forward
CDMA channel transmits at maximum power to one user at a time while the reverse
WCDMA channel uses precise power control and allows all the active (connected) users to
transmit at the same time.

4.2 WCDMA Radio Channel
To create a wide digital radio channel from low-speed digital audio or control
signals, each bit of the information signal is multiplied (converted) into a long sequence of
bits called a spreading code. This spreading code effectively represents each bit of an
information signal by multiple RF information signals (chips) over a frequency band that is
much wider than the information si gnal. This is why it is called a wideband system.
Because the WCDMA

system uses variable

spreading

sequence

for each coded

communication channel, data transmission rates can vary based on the amount of spreading
that is used. For the user data channels, the information data transmission rate can vary
from 7.5 kbps to 960 kbps. While it is theoretically possible to obtain these data
transmission rates, the total data transmission rate also varies (is reduced) based on the
amount of interference received from other channels.
The WCDMA system can uses a variety of speech compression (speech coding)
devices that have different data transmission rates. The ability to select speech coders with
a higher data compression capability allows the service providers to increase the number of
customers per channel in exchange for the reduction of voice quality (increased speech
compression typically decreases the voice quality).
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This capacity to quality tradeoff is known as the soft capacity limit. Figure 4.1
saows how the WCDMA digital radio channel spreads each information bit into multiple
adio information chips. This figure shows that each information bit is converted
multiplied)by a spreading code. Receivers look for a specific spreading code until a match
curs. If a majority of the chips match, the receiver can recreate the original bit of
ormation.
Large
Spreading
Code

1 Bit

IL
Slow Data

CDMA
Many Chips
Per Bit

Figure 4.1 WCDMA RF Channel Spreading

The physical channel is divided into 1 O msec frames and each frame is divided into
15 time slot periods (666 usec each). During typical communication with the system, a
mobile device is assigned to one or more time slots during a frame (multiple time slots are
combined to achieve higher data transmission rates). Some of the time slots are used to
transfer control information and some of the slots are used for user information (voice
and/or data).
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Channel Bandwidth
Radio channel bandwidth is the difference between the upper frequency limit and
'er frequency limit of allowable radio transmission energy for a radio communication
el. The WCDMA system uses 5 MHz radio channels for both voice and data
mmunication. For the FDD WCDMA system, two radio channels are combined (paired)
form a full duplex (simultaneous two-way) communication channel. For the TDD
·cnMA system, a single radio channel is used and different time slots in each frame are
.sed to each direction to provide two-way communication.

.4 Modulation Types
Modulation is the process of changing the amplitude, frequency, or phase of a radio
frequency carrier signal (a carrier) to change with the information signal (such as voice or
data), Adaptive modulation is the process of dynamically adjusting the modulation type of

a communication channel based on specific criteria (e.g. interference or data transmission
rate). The WCDMA system uses different modulation types for the downlink and uplink
lıannels. The downlink channel uses phase shift keying (QPSK) and the Uplink uses dual
hannel modulation, one channel is used for the control channel and the other channel is
used for the user traffic (data) channel. Because all the downlink communication channels
are controlled by a base station and the radio channel transmission is continuous. The data
transmission on the uplink may be cycled on and off during discontinuous transmission
(DTx) to save battery energy.

4.5 Channel Types
The WCDMA system has 3 basic channel types; physical channels, transport
channels, and logical channels. Channels can be classified as common channels or
dedicated channels. Common channels are accessible and shareable by a variety of
communication devices.
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The WCDMA system uses common channels to send commands or instructions
as system or device identification information to all mobile devices operating in a
.o coverage area. Dedicated channels are accessible by one or several designated
ices. The WCDMA system uses dedicated channels to send information to a specific
· e (such as voice or data information).

-.ı Physical

Channels

Physical channels are the electrical, radio, or optical transmission channels that are
nnected between transmitters and receivers. Physical channels may be distinguished from
ıaer channels by the frequency, code, or time of occurrence of the transmission. The
·cDMA system is composed of several physical (coded) and logical (time shared)
aannels. WCDMA channels may be only used on a forward (downlink) or reverse
.::ownlink) direction or they may be paired for two-way transmission .
. 5.2 Common Pilot Channel (CPICH)
The common pilot channel (CPICH) provides a reference timing signal to assist in
:he demodulation of the received signal. The CPI CH uses a predetermined spreading code
that is unique from all other channels. Because the CPICH is always present, it can also be
ed by mobile devices to estimate the received signal strength. The CPICH has a fixed
spreading factor of 256 that provides a data transmission rate of 30 kbps. The WCDMA
system uses two types of pilot channels; a primary channel and a secondary channel. The
primary channel code is used for each cell (or sector). A secondary pilot channel that uses
other codes may be included

assist with the use of directional (smart) antenna systems.

4.5.3 Primary Common Control Physical Channel (PCCPCH)
The primary common control physical channel (PCCPCH) is used to continuously
broadcast WCDMA system identification and access control information on the forward
(downlink) channel. The PCCPCH uses a fixed spreading code of 256 and uses

l/2

rate

convolution coding for error protection that provides a data transmission rate of 30 kbps.
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-.4 Physical Downlink Shared Channel (PDSCH)
The physical downlink shared channel (PDSCH) is used to send common control
formation to all mobile devices operating within its coverage area. The PDSCH can use a
eading factor that ranges from 4 to 256 and the PDCH is always associated with a
wnlink dedicated channel (DCH) .
.5.5 Secondary Common Control Physical Channel (SCCPCH)
The secondary common control physical channel (SCCPCH) provides common
cess control information and call alert (paging) messages to mobile devices that are
perating within its area. The spreading factor for the S CCPCH is determined by the
capabilities of the mobile device reception capability.
The SCCPCH is composed of the forward access channel (FACH) and a paging
channel (PACH). A WCDMA system must have at least one SCCPCH. Additional
CCPCH can be added to increase the capacity of the system to process system access
requests and to send more paging messages.
4.5.6 Physical Random Access Channel (PRACH)
The physical random access channel (PRACH) is an uplink channel that is used to
coordinate the random requests for service from mobile devices. The PRACH transmits
access requests (bursts) when a mobile device desires to access the mobile system (call
origination or a paging response).
To assist the base station in receiving and decoding the access request messages, the
beginning part of the PRACH access request message uses a fixed spreading factor of 256
and the data transmission rate of the PRACH is 16 kbps. The message part of the PRACH
message can use a spreading factor from 32 to 256 kbps.
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· " Dedicated Physical Data Channel (DPDCH)
The dedicated physical data channel (DPDCH) is used to transfers user data
een the mobile device and the base station (uplink and downlink channels). The
:>DCH can use different spreading factors for the uplink and downlink DPDCH. The
wnlink DPDCH can use a spreading factor that angles from 4 to 256 and the uplink
:JPDCH can use a spreading factor that ranges from 4 to 512. The spreading factor can
ge on each frame. The uplink DPDCH uses dual channel I/Q (phase) modulation to
5-..3Jld information from two different data sources on each I/Q channel. One phase code is
ed to send user data and the phase code is used for sending control signals. Using dual
channel modulation allows the DPDCH to simultaneous end data and control information.
4.5.8 Dedicated Physical Control Channel (DPCCH)
The dedicated physical

control channel (DPCCH)

is used to send control

information between the WCDMA system and specific mobile devices. Both the uplink and
ownlin2k DPCCH carries pilot bits and transport format combination identifier (TFCI)
and the downlink DPCCH also include feedback information bits (FBI) and transmission
power control (TPC) bits. The pilot bits are used as a reference signal to help demodulate
the signal and to estimate the received signal strength of the channel. The TFCI indicates if
multiple physical channels have been combined (to achieve higher data transmission rates).
The TPC is used to control the power of the mobile device and the FBI bits are used to
assist with diversity transmission.
4.5.9 Physical Common Packet Channel (PCPCH)
The physical common packet channel (PCPCH) is used to transfer packet data and
its operation is similar to the random access channel (RACH). When a mobile device wants
to send packet data, it must first gain the attention of the system and compete for access on
the PCPCH. Like the RACH. The mobile device first monitors the system to see if it is not
busy and then it transmits brief access request bursts.
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Gradually increasing the power of each access burst until the system recognizes and
responds to its request. After the mobile device has gained the attention on the system, the
-::>CPCH is used to continuethe transmit data on the common channel.
4.5.10 Synchronization Channel (SCH)

The synchronization channel (SCH) provides information that assists the mobile
-evice to find and time-align with the system. The WCDMA has primary and secondary
synchronization channels. The primary synchronization channel uses a fixed 256 chip
Sequence that is used in every cell. The secondary synchronization channel provides
iaformation that allows for frame and time slot timing synchronization for each base
station.
4.5.11 Acquisition Indication Channel (AICH)

The acquisition indication channel (AICH) assigns a mobile device to a data
channel (DCH). The AICH is used to send channel assignment messages after the mobile
evice has competed for access to the system on a radio access channel (RACH).
4.5.12 Page Indicator Channel (PICH)

The page indicator channel (PICH) coordinates the sleep mode of the mobile
device's receiver section. The PICH works on combination with the paging channel (PCH)
o inform the mobile device when it can "sleep" and when I must "wake-up" to receive its
paging messages.
4.5.13 Transport Channels

Transport channels are communication channels that use one or more physical
hannels in a specific way (such as specific channel codes) to transfer information.
Transport channels define how, when, and which physical channels are used.
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-.14 Random Access Channel (RACH)
The random access channel (RACH) is used to initiate requests for service from the
ile device to the base station (uplink). Responses to service requests received on the
CH are provided on the acquisition indicator channel (AICH). A key feature of the
.-\CH is its ability to transfer small amounts of data with along the system access request
-=sage. For applications that send very small amounts of data (such as an electric meter
eading), this is a very efficient use of packet data transmission as the sending of the data
ith the access request eliminates the need for an assignment to a dedicated packet data
znsmission channel.
~.15 Common Packet Channel (CPCH)
- mmon packet channel (CPCH) is used to send packet data from the mobile device to the
-e station (uplink channel). The CPCH is used for packets that are too large to send
ctly on the RACH. The CPCH includes RF power level control (the RACH does not
aclude RF power level control) making it suitable to send a large number of packets with
=ınıimal interference to other users .
.5.16 Forward Access Channel (FACH)
The forward access channel (FACH) provides control and data messages to mobile
=.evices that have registered with the system. There must be at least one FACH in each cell
there can be more than one FACH per base station) and it must have a low data
:ransmission rate to allow all mobile devices to receive control and data messages (some
:nobiles may be capable of higher data transmission rates).
4.5.17 Downlink Shared Channel (DSCH)
The downlink shared channel (DSCH) is a downlink channel that uses a packet
scheduling system to dynamically assign time slots for specific users who have packets to
transmit or receive. The packet scheduling system selects the frequency (RF channel),
hooses a channel code, and assigns time slot(s).
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~.18 Uplink Shared Channel (USCH)
The uplink shared channel an uplink channel on the WCDMA system allows
·eral user devices to send control or user data on a shared channel. The USCH is only
sed in the TDD mode.
· .19 Broadcast Channel (BCH)
The broadcast channel (BCH) continuously transmits system and access control
ormation to mobile devices that are operating within its radio coverage areas. This
ormation typically includes the system identification code and name, lists of neighboring
radio channels, system configuration information, available random access channels and the
scrambling codes they use. Each base station must have a broadcast channel.8 the broadcast
channel continually transmits and this allows mobile devices to examine and measure the
signal strength of each broadcast channel at nearby cell sites. The ability of mobile devices
to measure broadcast channels allows it to determine which cell site is best suited for
ommunication.
4.5.20 Paging Channel (PCH)
The paging channel (PCH) is used to send messages (page messages) that alert
mobile devices of an incoming telephone call (voice call), request for a communicate
session (data session), or to request a maintenance service (e.g. location registration
update). In addition to sending paging messages, the paging channel is also used to provide
information about discontinuous reception (DRx) that allows the mobile device to turn off
its circuitry (sleep) during periods between paging groups.
4.5.21 High Speed Downlink Shared Channel (HS-DSCH)
The high speed downlink shared channel allows multiple devices to share a high
speed communication channel through the assignment of specific codes from a common
pool of codes that are available for the channel.
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-.22 Dedicated Channel (DCH)

A dedicated channel is an uplink or downlink communication channel that is only
essible by one device.
-.23 Logical Channels
Logical channels are a portion of a physical communicationschannel, which is used
· r a particular (logical) communications purpose. The WCDMA system defines logical
aannels that are related to (mapped onto) the physical channels. Some logical channels
y be dynamically assigned (mapped) to more than one physical channel depending on
ıae capabilityand needs of the system.
.5.24 Broadcast Control Channel (BCCH)

The broadcast control channels constantly transfer parameters needed by mobile
:.evicesto identify and gain access to the communicationsystem.
4.5.25 Paging Control Channel (PCCH)

The paging control channel is used to send page messages to mobile devices to alert
tnem of an incoming telephone call (voice call) or a request for a communicate session

data session).
4.5.26 Common Control Channel (CCCH)

The common control channel is a logical channel that is used for the establishment
and maintenance of communication links between mobile devices and node B radio
equipment.
4.5.27 Dedicated Control Channel (DCCH)

A dedicated control channel is used to coordinate and control specific mobile
evıces.
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Shared Common Control Channel (SHCCH)

The shared common control channel is a logical channel that is used for the
· hment and maintenance of communication links between mobile devices and node
~=o

equipment. SHCCH are only used in TDD mode.

~ ~9 Dedicated Traffic Channel (DTCH)

A dedicated traffic channel is an uplink or downlink communication channel that is
. accessible by one device to transfer user data.
... ,O Common Traffic Channel (CTCH)

A common traffic channel is an uplink or downlink communication channel that is
d by several mobile devices for the transfer of user data. Figure 4.2 shows the
ing (assignment) of logical and transport channels onto physical channels. This

= am shows that some logical channels can be assigned to one or more physical
els dependent on the channel and system needs.
Logical
Channel
Transport
Channel

~~;~

OCH

CTCH CCCH

OSCH

BC.CH

PCCH

BCH

PCH

FACH

Physical
Channel

Transport
Channel

RACH

CPCH

OCH

Uplink

Logical
Channel

DCCH
DTCH
CCCH

Figure 4.2 Mapping of Transport (Logical) Channels to Physical Channels
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Summary
In this chapter our focus is on WCDMA radio channels and its types. The WCDMA
stern can uses a variety of speech compression (speech coding) devices that have
..:erent data transmission rates. The WCDMA system uses 5 MHz radio channels for both
ce and data communication. The WCDMA system uses different modulation types for
ownlink and uplink channels. The downlink channel uses phase shift keying (QPSK)
the Uplink uses dual channel modulation, one channel is used for the control channel
the other channel is used for the user traffic (data) channel.
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5. WCDMA NETWORK
5.1 Overview
The WCDMA system includes a Base Stations (BS), various data processıng
~ .ınctions and a data distribution network. The WCDMA network is also called a radio
ccess network (RAN). WCDMA network parts may be dedicated equipment assemblies or
__ ftware programs that work involves equipment selection and installation, implementation
-ethods inter connection to the public switched telephone network (PTSN) and other
etworks such as the Internet.
The WCDMA system uses either a mobile switching center (MSC) for voice and
zıedium speed data or a packet data service node (PDSN) for packet data services. The
. f SC coordinates the overall allocation and routing of calls throughout the wireless system.
The PDSN ensures packets from the mobile devices can reach their destination.
Figure 5.1 shows a simplified functional diagram of a WCDMA network. The
-CDMA system is composed of 3 key parts; the user equipment (UE), UMTS terrestrial
radio access network (UTRAN), and a core interconnecting network (CN). The UE is
iivided into 2 parts, the mobile equipment (ME) and the UMTS subscriber identity module
USIM) card. The UTRAN is composed of base stations (called Node B) and radio network
controllers (RNCs). This example shows that the RNCs connect voice calls to mobile
switching centers (MSCs) and connect data sessions to packet data service nodes (PDSNs).
The core network is basically divided into circuit switched (primarily voice) and packet
switched (primarily data) parts. The core network circuit switch parts contain the serving
YISC and a gateway MSC. The serving MSC (SMSC) connects to the UTRAN system and
the gateway MSC (GMSC) connects to the public telephone network. The core network
packet switched parts contain the serving general packet radio service (GPRS) support node
(SGSN) and a gateway GPRS service node (GGSN). The SGSN connects to the UTRAN
ystem and the GGSN connects to data networks such as the Internet.
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Equipment
(UE)

-8
Figure 5.1 WCDMANetwork

5.2 Base Stations (Node B)
Base stations (called Node B) may be stand alone transmission systems or part of a
cell site and is composed of an antenna system (typically a radio tower), building, and base
station radio equipment. Base station radio equipment consists of RF equipment
transceivers and antenna interface equipment), controllers, and power supplies. Base
station transceivers have many of the same basic parts as a mobile device. However, base
nation radios are coordinated by the WCDMA system's BSC and have many additional
functions than a mobile device. The radio transceiver section is divided into transmitter
and receiver assemblies. The transmitter section converts a voice or data signal to RF for
trans- mission to wireless devices and the receiver section converts RF from the wireless
device to voice or data signals routed to the MSC or packet switching network. The
controller section commands insertion and extraction of signaling information.
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Unlike end user wireless devices (such as a mobile telephone or laptop computer),
transmitter, receiver, and control sections of an access point may be grouped into
ipment racks. For example, a single equipment rack may contain al of the RF amplifiers
·oice channel cards. Unlike analog or early-version

digital cellular systems that

.:ı;cated one transceiver in each base station for a control channel, the WCDMA system
bines control channels and voice channels are mixed on a single physical radio channel.

Radio Antenna Towers
Wireless base station antenna heights can vary from a few feet to more than three
dred feet. Radio towers raise the height of antennas to provide greater area coverage.
ere may be several different antenna systems mounted on the same radio tower. These
tner antennas may be used for paging systems, a point to point microwave communication
, or land mobile radio (LMR) dispatch systems. Shared use of towers by different types
- radio systems in this way is very common, due to the economies realized by sharing the
cost of the tower and shelter. However, great care must be taken in the installation and
testing to avoid mutual radio interference between the various systems.

5.4 Communication Links
Communication links carry both data and digital voice information between the
ase

station

and

the

WCDMA

network.

The

physical

connection

options

for

ommunication links include copper wire, microwave radio, or fiber optic links. Duplicate
and/or alternate communication links are sometimes used to help ensure communication
may continue in the event of the failure of a communication line (such as when a cable
seeking backhoe cuts a line).
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~ Mobile Switching Center (MSC)
The mobile switching center (MSC) processes requests for service from mobile
ices and land line callers, and routes calls between the base stations and the public
itched telephone network (PSTN). The MSC receives the dialed digits, creates and
:erprets call processing tones and routes the cal paths.

5.6 Authentication, Authorization, and Accounting (AAA)
Authentication, Authorization, and Accounting are the processes used in validating
-.e claimed identity of an end user or a device, such as a host, server, switch, or router in a

ınmunication network. Authorization is the act of granting access rights to a user, groups
- users, system, or a process. Accounting is the method to establish who, or what,
:erformed a certain action, such as tracking user connection and logging system users.

-.7 Interworking Function (IWF)
Interworking functions are systems and/or processes that attach to a
communicationsnetwork that is used to process and adapt information between dissimilar
types of network systems. IWFs in the WCDMA system may include data gateways that
convert circuit switched data from the MSC to the Internet.

5.8 Serving General Packet Radio Service Support Node (SGSN)
A serving general packet radio service support node is a switching node that
coordinates the operation of packet radios that are operating within its ser- vice coverage
range. The SGSN operates in a similar process of a MSC and a VLR, except the SGSN
performs packet switching instead of circuit switching. The SGSN registers and maintains a
list of active packet data radios in its network and coordinates the packet transfer between
the mobile radios.
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_.Iessage Center (MC)
The message center is a node or network function within a communications network
commodates messages sent and received via short messaging service (SMS).

10 Gateway GPRS Support Node (GGSN)
A gateway GPRS support node is a packet switching system that is used to connect
~PRS packet data communication network to other packet networks such as the Internet.

5.11 Radio Network Controller (RNC)
A radio network controller is an automatic coordinator (controller) in a WCDMA
. stem that allows one or more node B base transceiver station (BTS) to communicate with
_ mobile switching center and/or a packet data communication system. The RNC contains
ore control features than a traditional base station controller (BSC).

5.12 Voice Message System (VMS)
The voice mail system is a telecommunications system that allows a sub- scriber to
receive and play back messages from a remote location (such as a PBX telephone or mobile
phone). The VMS consists primarily of memory storage (for messages), telephone
interfaces (to connect to the communication system), and message recording, playback, and
control features (typically via DTMF tones).

5.13 Public Switched Telephone Network (PSTN)
Public switched telephone networks are communication systems that are available
for public to allow users to interconnect communication devices. Public telephone networks
within countries and regions are standard integrated systems of transmission and switching
facilities, signaling processors, and associated operations support systems that allow
communication devices to communicate with each other when they operate.
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le Packet Data Network (PPDN)
cacket data network that is generally available for commercial users (the public).
e of a PPDN is the Internet.

·ork Databases
erworkdatabases are information storage and retrieval systems that are accessible
.ork. There are many network data base sing the WCDMA network. Some of the
·ork databases include a master subscriber database (home location register),
h

v

y active user subscriber data- base (visitor location register), unauthorized or

ser database (equipment identity register), billing database, and authorization and
__. . . n center (authentication).

Home Location Register (HLR)
The home location register (HLR) is a subscriber database containing each
mııEL~er's international mobile subscriber identity (IMSI) and international mobile
!wıı::,:::ıent identifier (IMEI) to uniquely identify each customer. There is usually only one
for each carrier even though each carrier may have many MSCs. The HLR holds each
mer's user profile includes the selected long distance carrier, calling restrictions,
e fee charge rates, and other selected network options.
The subscriber can change and store the changes for some feature options in the
R (such as cal forwarding.) The MSC system controller uses this information to
orize system access and process individual cal billing. The HLR is a magnetic storage
ice for a computer (commonly called a hard disk). Subscriber databases are critical, so
y are usually regularly backed up, typically on tape or CDROM, to restore the
zformation if the HLR system fails.
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"isitor Location Register (VLR)
The visitor location register (VLR) contains a subset of a subscriber's HLR
....-=ation for use while a mobile telephone is active on a particular MSC. The VLR holds
· iting and home customer's information. The VLR eliminates the need for the MSC
crinually check with the mobile telephone's HLR each time access is attempted. The
- required HLR information is temporarily stored in the VLR memory, and then erased
when the wireless telephone registers with another MSC or in another system or after
cified period of inactivity.

Equipment Identity Register (EIR)
The equipment identity register is a database that contains the identity of
omrnunications devices (such as wireless telephones) and the status of these devices in
network (such as authorized or not-authorized). The EIR is primarily used to identify
rreless telephones that may have been stolen or have questionable usage patterns that may
~;cate fraudulent use. The EIR has three types of lists; white, black and gray. The white
sr holds known good mobile devices. The black list holds invalid (barred) mobile device.
- e gray list holds mobile devices that may be suspect for fraud or are being tested for
idation.

5.19 Billing Center (BC)
A separate database, called the billing center, keeps records on billing. The billing
center receives individual cal records from MSCs and other network equipment. The
switching records (connection and data transfer records) are converted into cal detail
records (CDRs) that hold the time, type of service, connection points, and other details
about the network usage that is associated with a specific user identification code. These
billing records are then transferred via tape or data link to a separate computer typically by
electronic data interchange (EDI) to a billing system or company that can settle bills
between different service providers (a clearinghouse company).
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Authentication Centre (AuC)
The Authentication Centre stores and processes information that is required to
re ("authenticate") the identity of a wireless device before service is provided. During
nhentication procedure, the AuC provides information to the system to allow it to
are the mobile device.

1 Number Portability Database (NPDB)
Number portability is the ability for a telephone number to be transferred between
erent service providers. This allows customers to change service providers without
g to change telephone numbers. Number portability involves three key elements: local
er portability, service portability and geographic portability. To enable number
bility, the WCDMA sys- tem maintains a number portability database (NPDB). This
cınase helps to route calls to their destination which may have an assigned telephone
ber that is different (number has been ported) than the destination phone number.

-..22 IP Backbone Network
A backbone network is the core infrastructure of a network that connects several
-aJor network

components

together. A backbone

system is usually a high-speed

mmunications network such as ATM or FDDI. The WCDMA system uses a backbone
zetwork that can provide end-to-end IP transmission capability.
Backbone network is a communications network that connects the primary switches
r nodes within the network. The backbone network is usually composed of high-speed
switches and communication lines. The focus on using IP communication allows carriers to
e of-the-shelf IP network equipment. This typically lowers the equipment cost (due to a
large selection of vendors and equipment options), reduces operation and maintenance
costs due to one type of system to maintain (less training and processes), and allows for the
use of standard software (traffic monitoring and management).
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·.23 Device Addressing
WCDMA mobile terminals are uniquely identified by the mobile identification
.nnber through the use of mobile station ISDN (MSISDN), of International Mobile
.ıbscriber Identity (IMSI), International

Mobile Equipment Identifier (IMEI), and a

znporary mobile station identity (TMSI). In addition may be assigned temporary IP
dresses as required .

. 24 Mobile Station ISDN (MSISDN)
The mobile station ISDN is the phone number assigned to mobile telephones. This
is compatible with the E. 164 international public telephone numbering plan.

- International Mobile Subscriber Identity (iMSi)
The international mobile subscriber identity is an identification number that is
_

d by a mobile system operator to uniquely identify a mobile telephone.

International Mobile Equipment Identifier (IMEi)
An International Mobile Equipment Identifier (IMEI) is an electronic serial number
:~ contained in a GSM mobile radio. The IMEI is composed of 14 digits. Six digits are
- for the type approval code (TAC), two digits are used for the final assembly code
C), six digits are used for the serial number and two digits are used for the software
sion number.

7 Static IP Addressing
Static IP addressing is the process of assigning a fixed Internet Protocol (IP) address
- a computer or data network device. Use of a static IP address allows other computers to
-:tiate data transmission (such as a video conference cal) to a specific recipient.
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mı:a.;.o Temporary Mobile Station Identity (TMSI)
A temporary mobile station identity (TMSI) is a number that is used to temporarily
~,

a mobile device that is operating in a local system. A TMSI is typically assigned to
ile device by the system during its' initial registration. The TMSI is used instead of
International Mobile Subscriber Identity (IMSI) or the mobile directory number
N). TMSis may be used to provide increased privacy (keeping the telephone number
ate) and to reduce the number of bits that are sent on the paging channel (the number of
-- for a TMSI are much lower than the number of bits that represent an IMSI or MDN).

"'9 IP Address
Internet protocol addressing (IP addressing) is the use of unique identifiers in a data
ket that are assigned to a particular device or portion of a device (such as a port) within
_ system or a domain (portion of a system). IP addressing varies based on the version of
cıcmet protocol. For IP version 4, this is a 32-bit address and for IP version 6, this is a 128
::t address. To help amplify the presentation ofIPv4 addresses, it is common to group each
bit part of the IP address with a decimal number separated from other parts by a dot (.),
such as: 207.169.222.45. For IPv6 it is customary to represent the address as eight, four
igit

hexadecimal

numbers

separated

by

colons,

such

as

234:5678:9000:0DOD:0000:5678:9ABC:8777.

While the WCDMA system was not designed to directly use IP addressing, IP
addresses can be assigned to mobile devices when they are access data networks (such as
the Internet). The WCDMA system permits the static or dynamic assignment of IP
addresses. Static IP addressing can simplify the connection of services to mobile devices.
Dyna8mic IP addressing can better manage a limited number of IP addresses and enhance
the security of systems.
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amic IP Addressing
ynamic IP addressing is a process of assigning an Internet protocol address to a
. sually and end user's computer) on an as needed basis. Dynamic addressing is used

~"e

on the number of IP addresses required by a server and to provide an enhanced
security(no predefined address to use for hackers).

Dedicated User
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-------ı--•

Internet Service
Provider (ISP)

r.\

Computer Turns On
Requests connection
To Internet

\_:_)

ISP Assigns
(':;'., an Available IP
Address

V

1

Communication With Internet
Using Temporary IP Address

Figure 5.2 DHCP Addressing

Figure 5.2 shows how a computer uses DHCP to obtain a temporary IP address
en it requires an Internet communication session. In this example, the computer requests
onnection with an Internet service provider (ISP) via a modem that is connected to a
· "ersal serial bus (USB) line. When the Internet service provider receives the request for
nnection, it assigns an IP address from is list of availableIP addresses. The computer will
-.en use this IP address for al of its communications with the Internet until it disconnects
·-e connectionto the ISP.
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this chapter WCDMA network architecture has discussed that contain the base
switching center, communication link, radio antenna tower etc. Public switched
e networks are communication systems that are available for public to allow users
connect communication devices. Data base aspects and the EIR is primarily used to
_.- wireless telephones that may have been stolen or have questionable usage patterns
- indicate fraudulent use.
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6. WCDMA SYSTEM OPERATION
erview
The WCDMA system operation is the set of tasks performed to complete key
arions: initialization of information when the subscriber unit is turned on, monitoring
ntrol information, accessing the system, and maintaining communication sessions.
a WCDMA mobile device is first turned on, it gathers its initial information
· alizes) by scanning the available radio channels to find pilot channels. If it finds pilot
=- ıaıs, it determines that there is WCDMA ser- vice capability and it will begin to
-.-.Jıronize (time align) with the channel and obtain system broadcast information. If it
- .;,. more than one pilot channel, it will usually tune to the radio channel with the
ngest or best quality signal.
If the mobile device does not find any pilot channels, it may begin to scan for GSM
els if the user has programmed the mobile device to allow access to the GSM system
mpanies may charge a surcharge for accessing GSM service.) If it finds GSM control
aannelzs, it will synchronize with the control channel and gather its system broadcast
formation.

The system broadcast information provides the information needed by the

cıobile device to monitor for incoming calls (paging messages) and to coordinate how to
ccess the system (power level and maximum number of sys- tem access attempts).
After the mobile device has gathered its initial information (initialized), it will
rypically register with the system. This allows the system to route incoming calls to the cell
siteıs) that are able to communicate with the mobile device. The mobile device will
ontinually register (sending short messages) to the system as it moves through new radio
overage areas. When a WCDMA mobile device desires to obtain service from a mobile
sys- tem, it sends an access request message. Before attempting to access the system, the
mobile device must first listen to the control channel to deter- mine if the system is idle (not
currently busy) serving access requests from other mobile devices. When a cal is received
by the wireless system for the mobile device the sys- tem sends a cal alert (page) message
to the radio coverage(s) where the mobile device has last registered.

69

WCDMA System Operation

After the mobile device has initialized with the system, it constantly listens to the
_ channels for page messages (its own identificationnumber). After the mobile device
gained the attention of the system and has been granted access to services, a
unication session (connected mode) is established. During the communication
n, a voice path and/or data paths may be opened (communication sessions). While the
e device is in connected mode, other processes may simultaneously happen such as
el handover.

• Initialization
Initialization is the process of a mobile device initially finding an available
DMA radio channel, synchronizingwith the system and obtaining sys- tem parameters
the pilot channel, synchronization channel (SCH),and broadcast channel (BCH) to

.•ermine the information requirements for access and communicatio4n. Initialization

ıase begins when the access terminal first powers on. It initially looks to the UMTS
scriber identity module (USIM) card for a preferred con4trol channel list. If there is no
__ the mobile device scans al of the available radio channelsto find a control channel.

3 Idle
During idle mode, the mobile device monitors several different control channels to
cquire system access parameters, to determine if it has been paged or received an order, or
o initiate a cal (if the user is placing a cal) or to start a data session (if the user has started a
ta application).After obtaining the system parameters the mobile device continuously
nonitors the broad cast channel for changes in system parameters, including sys- tem
.dentificationand access information.
If the mobile device has discontinuous reception (sleep mode) capability, and if the
system supports it, the mobile device turns of its receiver and other non-essential circuitry
for a fixed number of burst periods. The system knows that it has commanded the mobile
device to sleep, so it does not send pages designated for that mobile device during the sleep
period.
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Because control channels are on only one of the 15 time slots in a frame, the mobile
device can scan neighboring control channels during the unused time slots. If a better
ontrol channel (higher signal strength or better bit error rate) is available, the mobile
device tunes to it. The mobile device then monitors the paging control channel to determine
if it has received a page. If a cal is to be received, an internal flag is set indicating that the
mobile device is entering access mode in response to a page. If the system sends an order
such as a registration message an internal flag is set indicating that the mobile device is
attempting access in response to an order. When a user initiates a cal, an internal flag is set
indicating that the access attempt is a cal origination, and dialed digits will follow the
access request.

6.4 Access Control and Initial Assignment
Access control and initial assignment is the process of gaining the attention of the
system, obtaining authorization to use system services, and the initial assignment to
communication channel to setup a communication session.

Access control and initial

assignment occurs when a mobile device responds to a page (incoming connection request),
desires to setup a cal, or any attempt by the mobile device. Access to the WCDMA is a
random (at any time) occurrence (not usually preplanned.) To avoid access "collisions"
between mobile devices, a seizure collision avoidance process is used. Before a mobile
device attempts access to the system, it first waits until the channel is available (not busy
serving other users). The mobile device then begins transmitting an access request message
(called an access probe) on the Random Access Channel (RACH) at very low power. An
access probe contains a preamble that is followed by the access channel data message.
The access probe preamble uses a predefined sequence and a fixed spreading that
allows the system to easily detect an access probe message. The access request indicates the
type of service the mobile device is requesting (e.g. cal origination or a response to a
paging message). If an access request message does not gain the attention of the system in
a short period of time, the mobile device will increase its transmitter power level and send
another access probe.
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This process will repeat until either the system responds to the access request on the
channel or if the mobile device reaches a maximum allowable transmission power
e. established by the system.

If the system acknowledges the mobile device's request

service, the mobile device will send additional information to the system that allows it
setup a dedicated communications channel where conversation or data transmission can

gin, Figure 1.29 shows the process used by mobile devices to gain access to a WCDMA
em. This diagram shows that the mobile device transmits an access probe packet to the
stern to attempt to gain the attention of the system.

~i/

Access

Pobes

Figure 6.1 WCDMA System Aces
This figure shows that the mobile device transmits the first access probe at low
er. If the system does not respond within a short amount of time, the mobile device will
mit another access probe at a higher RF power level. This process of sending an access
robe at a higher power level and waiting for the system to respond continues until either
-.e system responds to the access probe request or the mobile device reaches its maxi- mum
ess probe RF power level that is assigned by the system.
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Authentication
Authentication is a process of exchanging information between a communications
e (typically a user device such as a mobile phone) and a communications network that
the carrier or network operator to confirm the true identity of the user (or device).
- validation of the authenticity of the user or device allows a service provider to deny
ice to users that cannot be identified. Thus, authentication inhibits fraudulent use of a
unication device that does not contain the proper identification information. The
-DMA may require the mobile device to authenticate with the system during the system
ss process.

Paging
Paging is a process used to alert mobile devices that they are receiving a cal,
mmand, or message. Mobile devices listen for paging messages for their identification
e (IMSI number or TMSI) on a paging channel. After a mobile device has registered
rıh the system, it is assigned to a paging group. The paging group is identified by a paging
,. cator (PI) that is provided at the beginning of the paging message group. The mobile
zevice first reads the PI to determine if it should remain awake to receive the pag- ing
_ up or if it can go to sleep as its identification code is not associated with the particular
._:,..,oing group .

. 7 Connected Mode
Connected mode is the process of managing the communication session when a
mobile device is transferring data to and from a Base Station. When in the connected mode,
the base transceiver station (BTS) continuously controls the mobile device during the
ommunication session. These control tasks include power level control, hand-over,
alerting, etc. The Base Station exercises control during the communication session through
dedicated control channels.
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To enter the connected mode, the base station must open a communication channel
tne mobile device. When the connection is opened, each frame or packet that is

ed by the base station can be transferred to the assigned communication line (for a
"' cal) or IP address (for a data communications session). When a communication
s.on is complete (e.g. the user presses end or closes their email or web browsing

.cation), the connection is closed and the base station may assign other users to the
resources. The mobile device does not have to continuouslytransmit data while in the
ected mode. When in the connected mode, the base station associates (maps) the radio

· to the circuit switched communication channel (for voice) or to an IP address (for
},

When the connected mode is used for data transmission such as web browsing, the
al data transmission activity is less than 10%. Other mobile devices can use the
els during inactive data transmission periods allowing a system to serve many
-:mdreds) simultaneous data users for each WCDMA radio channel. During the connected
e, communication session processing tasks include the insertion and extraction of
ntrol messages that allow functions such as power control monitoring and control,
candover operation, adding or terminating additional communication sessions (logical
caannels), and other mobile device operational functions.

6.8 Packet Data Scheduling Algorithm
A packet data scheduling algorithm is a program that coordinates the sequences of
rocesses or information. The packet data scheduling algorithm in the WCDMA system is
used to coordinate the flow of data to multiple WCDMA users. Mobile data usage such as
Internet web browsing involves data transmission that is not continuous. The ratio of data
transmitted by a single device compared to the overall data transmissionby al the devices is
the activity factor. The lower the activity factor, the higher the number of mobile data
devices that can access the system. Packet scheduling can assign different priority levels
based on user and application types. Packets for specific types of users such as public
safety officers can be given higher priority.

74

WCDMA System Operation

Registration is the process that is used by mobile devices to inform the wireless
of their location and availability to receive communications ser- vices (such as
~cing

calls). The reception of registration requests allows a wireless system to route

ning messages to the radio base station or transmitter where the mobile device has
y
ster

registered. The process of registration is typically continuous. Mobile devices
when they power on,

When they move between new radio coverage areas, when requested by the system,
vhen the mobile device is power off. Because the registration process consumes
:.ırces of the system (channel capacity and system servicing capacity), there is a tradeoff
·een regularly maintaining registration information and the capacity of the system.
· g periods of high system usage activity, registration processes may be reduced.

10 Summary
In this chapter we have presented fundamental principles of more specifically W
.::DY1A. The various functional components of a BS transmitter have been discussed in
e detail. The receiver structure, soft decision decoding of convolutional codes, methods
; multi-userdetection at a BS, and smart antennas have been described.
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7. QUALITY OF SERVICE (QoS) IN 3G SYSTEM

erview
The Internet was originally designed for non real-time data services such as
f~ctive

burst or interactive bulk transfer. In these applications,there are no requirements

maximum amount of delays that a packet may encounter during its transit to the
~tion.

Similarly, bandwidths required by an end user are never specified. As such, the

.ork accepts all incoming packets without using any admission control mechanism,
~-m·ds them using a simple, first-come-first served algorithm, and delivers them on a best
rt basis.1 Thus, issues concerning the quality of service (QoS) delivered to an end user
rather straightforward.The QoS in present day mobile IP is also minimal because, once

_w,

data is delivered using the best-effort scheme. With the emergence of real-time

timedia services as envisaged by third-generation (3G) wireless systems, new QoS
uirements are imposed on the networks. For example, with interactive video
erencing or streaming video and audio, the network must be able to deliver these
-ices to the destination on a timely basis. Because flow control or retransmission is not
ssible for these applications, the bit error rate or packet loss ratio must be kept below a
ertain level; otherwise, the QoS may suffer. For instance, if the bit error rate is too high,
--e video in an .MPEGapplication may never synchronizeat a receiver 2.

-.2 QoS issues
The Internet Engineering Task Force (IETF) is developing standards that provide
QoS in an IP network. To this end, it has defined two models. One of them, called
integrated services (IntServ), allows a receiving terminal (or host) to reserve network
resources along a route to the sender. The traffic coming into a node from each user is
lassified on the basis of its characteristics, and resources are reserved explicitly on an end
to-end basis for each flow (that is, a sequence of packets between any sending and
receiving application). This reservation is made using the Resource Reservation Protocol
(RSVP) defined by the IETF for real time services over virtual circuits.

76

Quality of Service In (QoS) 3G System

The other model is known as differentiated services (DiffServ). It divides incoming
- (from any user) into a few classes. For example, one class of traffic may require the
ork to assign the associated packets the highest priority and therefore forward them
nother traffic class may be such that associated packets can wait a while before they
forwarded to the next hop, but in the event of congestion, they must be dropped last and
n. In DiffServ, unlike IntServ, the receiving end point does not make any explicit
servation of network resources. In providing QoS, we are only concerned with the
N (that is, the radio link) and the core network (that is, the routers), and not the entire

works from one end to the other. In other words, referring to Figure 7 .1 the QoS
epts and procedures developed by 30 only apply to the UMTS radio bearer service.
ce objective of this chapter is to provide the reader with a basic understanding of the
__bject.
End-to-end Service

Core
Network

UMTS Bearer Service

(-----------------"!

Radio Access Bearer Service

Core Network
Bearer
Service

Radio Bearer
Service

Figure 7.1 Provision of QoS in 30 networks
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The organization of this chapter is as follows. It begins with an overview of how
- usually implemented following the IntServ model. To request and provide the
.~ QoS, it is necessary to classify the traffic emitted by a source and characterize the
~ requested by a user. A brief description of RSVP is provided in section 5 .
.ssion control and servicing strategies that ensure the requested QoS are presented. A
~?tion

of the DiffServ model and indicates how IntServ and DiffServ regions can be

-.ıı:~ted together in an attempt to combine the features of the two models. The chapter
des with a discussion of how a 3G network can provide QoS to a mobile station as it
ded over from one cell to another in the same serving area, or from one serving area

In the IntServ model, there are actually four aspects to the QoS issues. This is
n in Figure 7 .2 First, the network must be designed so as to provide a means for the
application to request the QoS desired. Second, once the network receives the service
st, it should be able to analyze the request, determine the network resources (such as
bandwidth, buffers, spreading codes, error-detecting codes, algorithms, and so on)
ııired to provide the requested quality, and admit the user only if it is authorized to
eive the service or request the QoS, and, at the same time, the network has enough
sources. Third, the network must now set aside the required resources for the incoming
and mark packets that should receive the requested quality.
Finally, the network must be able to police and enforce the service contract of each

.ser by monitoring traffic rates, inform any user that violates its traffic contract, and take
zpproptiate action to prevent congestion in the network so that the packet loss ratio is
ithin the advertised limits of the system. If incoming packets meet their service contract,
-... e network must forward them towards their destination, still guaranteeing the requested
uality. Otherwise, it may send the packets on a best effort basis.
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Re'iervation
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Adınitted

assign
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Figure 7.2 Functions involved in providing QoS

7.3 Classification of Traffic
One of the distinctive features of a 30 system is its capability to provide different
services such as video conferencing, real-time process control and telemetry, streaming
audio and video, high speed data transfers, and so on. More specifically, it is required to
support data rates of at least 384 kb/s in urban or suburban areas, 144 kb/s in rural areas,
and up to 2.048 Mb/s in indoor or limited-range, outdoor environments because in a general
case a mobile station may run several applications simultaneously.
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It is necessary to characterize the traffic in some meaningful way so that each
ıcation can request the desired QoS from the network in a straightforward manner. One
. to classify the user traffic is based upon how the network should assign its resources,
. bandwidth, to transport that traffic across the network. For example, some traffic, such
· deo telephony or voice over IP (VoIP), requires the bandwidth to be allocated at
_ ar intervals, whereas no such regular allocation is necessary for non real time, delay
itive data. On the basis of this requirement, then, the following types of traffic are
ssible:
•

Constant bit rate (CBR) traffic Sensitive to delays, this type of traffic generates
fixed-size packets on a periodic basis. Examples are speech, high-quality audio,
video telephony, full motion video, and so on. Here, each individual application
knows the amount of bandwidth it requires for the duration of the call and may use
it to request the QoS.

•

Real-time variable bit rate (VBR) traffic this traffic generates variable-size packets
on a periodic basis. Examples include variable bit-rate encoded audio, interactive
video encoded into an MPEG standard, and so on. In this case, it is not possible for
the application to know the exact bandwidth it needs. However, it may have the
knowledge about the sustainable traffic rate, maximum traffic rate, and maximum
traffic burst. The sustainable traffic rate may be defined as the maximum amount of
traffic per unit time that the network has agreed to carry over time. The phrase over
time is important because although the network can carry a much larger traffic load
for a relatively short interval, the user traffic should be within this value most of the
time. That being the case, the sustainable traffic rate can equal but never exceed the
access rate, that is, the transmission rate of th e physical medium. Similarly, if
multiple logical channels are defined on a physical channel, the sum of the
sustainable traffic rates of all these channels cannot exceed the access rate.
The maximum traffic rate is not meaningful unless we also define the maximum burst

size. As an example, suppose that the access rate on a physical channel is 64 kb/s (that is,
the maximum bit rate), and the sustainable traffic rate is 32 kb/s.
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The user could also specify to the network that it would emit traffic at a rate of 64 kb/s
for, say, 100 ms every second. At other times, it agrees to keep its traffic rate below 32 kb/s
so that over time the sustainable traffic rate would be around 32 kb/s as subscribed by the
user.3 Because there may be many logical channels defined on a single physical channel,
the sum of the peak traffic rates may well exceed the access rate. In this case, the network
may congest during these peak traffic times and drop excess packets unless it has sufficient
buffers to hold the incoming burst. Because the network has limited buffers, it is necessary
for it to know the burst size so that it can allocate a buffer of appropriate size. With the
specification of these parameters, the network may allocate the maximum amount of
bandwidth on a regular basis to ensure that packets of all sizes would be able to get
through. Or, better yet, the network may measure the input traffic and, using past
allocation, predict the required number of slots so that the frame error rate is within the
limits specified by the user.
•

Non real-time variable bit rate traffic this type of traffic can tolerate delays or delay
variations. An example is an interactive and large file transfer service. The source may
indicate to the network its minimum sustained traffic rate and the maximum tolerable
delay between successive transfers. If the source does not specify any of these
parameters, the network may, in the event of congestion, reduce its bandwidth
allocation. The traffic may also be classified according to the extent to which it can
tolerate end-to-end delays and delay variations.
•

Real-time conversational traffic this real-time traffic is bidirectional, involving human
users at the two ends of a communication link, and is characterized by low end-to-end
delays. Since the perceptual quality of the received signal greatly depends on how well
the silent or inactive periods between adjacent information entities are preserved, delay
variations should also be kept very small (about 1 ms or less). Applications that fall in
this category are conversational voice, video phone, and video conferencing.

•

Interactive traffic this class of traffic, which involves man and machine, is based on a
request/response from end-points. It is non real-time and may be unidirectional or
bidirectional. Examples are web browsing, e-mail, data transfer to or from a server,
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rransaction services (that is, e-commerce), and so on. Because applications generating
this traffic are non real-time, delays may be longer but usually have an upper limit.
However, payload contents of protocol data units (PDUs) must be transferred without
any modification and with low bit error rates. Delay variations must be kept very small
(1 ms or less).
Streaming traffic This traffic is associated with real-time applications. However,
unlike the conversational type, it is unidirectional (between man and machine) and has a
somewhat more continuous flow with fewer and shorter inactive/silent periods between
information entities. Because the traffic is unidirectional, end-to-end transfer delays
may be large as long as their variations are small (1 ms or less). Examples are audio
streaming, one-way video, still images, large-volume data transfers, and telemetering
information for monitoring purposes at an operations and maintenance center.
•

Background traffic As the name implies, the data transfer for this kind of traffic takes
place in the background only when the computer has some real-time left after finishing
high-priority tasks. Because there is no requirement on when it should arrive at the
destination, permissible delays or delay variations are not specified. Bit error rates,
however, must be very low and PDU contents must be preserved. Applications giving
rise to this traffic have usually low priorities. For example, the short messaging service
(SMS) in GSM, or the delivery of e-mails from one server to another, falls in this
category.

7.4 UMTS Service Attributes
In 3G, the term service attributes means services provided by the network. As such, the
traffic type may be considered a service attribute. For example, when requesting a QoS, a
mobile station may specify the traffic class to be conversational voice. The network may
then use it as a basis for scheduling necessary resources to meet the quality of that class of
traffic. Some of the service attributes in 3G are listed below.
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Guaranteed bit rate It is given by the number of bits guaranteed to be delivered by the
UMTS per unit time over the duration of a call. It must be at least equal to the
sustainable bit rate, which is equal to the number of bits/second averaged over the life
of a call.
Burst size A burst is said to have occurred when two or more packets appear in quick
succession such that the associated minimum inter arrival times are less than the packet
arrival time averaged over the duration of a call. The number of bits in the burst is
called the burst size. The term maximum service data unit (SDU) size used in the
UMTS literature may be considered as equivalent to the burst size.
,.

Maximum bit rate It is defined as the number of bits in a burst averaged over the burst
duration. The network may use this parameter to select the type of coding and coding
rate on a downlink channel on the radio interface. For the definition of these
parameters, see Figure 7-3. Assuming that we have t1 t2 t3 t4, the four packets
appearing in time period Tb form a burst because their inter arrival time t1 is the
shortest. If T, the duration of the call, is large compared to tl, ... , t4 and Tb, and bl, b2,
... , b7 are the packet size in bits, then the sustainable bit rate for this example is
(b 1. .. b7) IT bits/s. The burst size is b 1 _ b2 _ b3 _ b4, and the peak traffic rate is (b 1 _
b2 _ b3 _ b4)/Tb.

•

Delays and delay variations A packet may encounter delays at a number of points as it
travels from the source to the destination. They include:
o

Propagation delays.

o

Delays due to buffering at an input or output port.

o

Serialization delay.

o

Switching delays. This component increases with the number of nodes in a
network.
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Figure 7.3 Definition of sustainable traffic rate, burst size, and peak traffic rate
Delays in packet-switched networks are not constant but vary because incoming packets
arrive at input ports randomly and are processed according to some priority queuing
schemes. Furthermore, each packet may be treated differently for forwarding purposes. For
example, packets with the same destination address may be forwarded along different
routes at different instants during the life of a call depending upon the priority of each
packet and the incoming traffic volume at a node.
Real time conversational traffic (such as voice, video telephony, and so on) is sensitive
to delays and delay variations (that is, jitter). For instance, round-trip delays of 600 ms or
more, even with echo cancellers, may cause confusion on the part of listeners and may even
cause both parties to talk simultaneously. But delays in the range of 100 ms or so may not
have any noticeable effect on the perceptual quality of speech. On the other hand, the
human ear is extremely sensitive to delay variations. For example, if packets oflength, say,
100 ms or so, are subjected to variable delays of 1 O to 170 ms, speech becomes
unintelligible. As for the interactive video, it is also sensitive to delays and delay variations.
For example, if delay variations exceed a few tens of milliseconds, the video may not
synchronize at all at the receiving end.
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use video telephony or, for that matter, one way video also includes audio, and
,. the video and audio must always be synchronized, the allowable jitter for these
~.;.:ions

is generally quite low. 3G system requirements specify that the maximum

delay must lie in the range of 20 to 300 ms with little or no jitter for all real time
riorıs in urban or suburban outdoor environments at velocities up to 120 km/h, rural
~,:ırat

speeds up to 500 km/h, and indoor or low-range outdoor at speeds up to about 1 O
For non real-time applications, delays may be 1200 ms or more. As for delay
- ons, they are subject to an upper limit of 1 ms. once delays are specified transport
aıs on varioustransport channels can be defined as.
SDU error ratio It is the ratio of SDUs either lost or received in error to the total

number of SDUs. The UTRAN can use this parameter to select protocols, errordetecting codes, algorithms, and so on.
•

Residual bit error ratio It is defined as the undetected bit error ratio in the

delivered SDUs and may be used to select protocols and error-detecting codes.
•

Bit error rate Actually, bit error rates are not considered to be service attributes in

UMTS. However, an upper limit on this parameter is sometimes specified as a
desired goal. For example, in a 3G system, the maximum bit error rate is specified
to be 10_7 _ 10_3 for real-time applications in urban, suburban, rural, indoor, and
outdoor environmentsand 10_8_10_5for non real time applications.
Table 7.1 Recommended frame errors for different media in 3G systems.

Medium

Frame Error Rate

Conversationalaudio

<3%

Interactive audio

<3%

Streamingaudio

<1%

Video (conversationalor streaming)

<1%

Data

0%

I
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Table 7 .2 One-way transfer delays of different media and examples of relevant
applications
Medium

Examples of Application

One Way Transfer Delay

:=onversational audio

Conversational voice

150-400 ms

Interactive audio

Voice messaging

1-2 s

Streaming audio

High-quality audio

<10 s

Conversational video

Video telephony

150-400 ms

Streaming video

One-way

<10 s

Two-way telemetry,
Conversational data

process control, interactive

250 ms

games, and so on
Web browsing, eInteractive data

commerce, e-mail (from an

<4 s

end user to a local server),
and so on
High-volume data transfer,
Streaming data

file transfer, still image,

<10 s

telemetry information, and
so on
Background

SMS, e-mails (from server

Not applicable

to server), and so on

It is worthwhile to mention here that some applications, such as file transfers, e

nails, and so on, cannot tolerate any errors. Voice and video traffic, on the other hand, are

nuch more tolerant of channel errors. For example, with some coding schemes (such as

waveform quantizes), an acceptable speech quality is obtained even when the error rate is

ıs high as 10_2. As for video, bit error rates on the order of 10_8 or less have negligible or

110

effect. Error rates in the range of 10_8 _ 10_3, if not corrected, will have a significant

effect. If they are any higher, the system may not even operate at all. As indicated earlier,

the recommended jitter for audio and video regardless of the traffic type in 3G is 1 ms.
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There is no specification of this parameter for data. Table 7 .1 gives the one way

:ransferdelays for different media. The permissible frame error rates for audio, video, and
data of various traffic types are presented in Table 7.2. In many instances, particularly in
initial versions of 3G, a subset of the service attributes that we discussed earlier may be

adequate.Table 7 .3 shows these attributes for the four traffic types.
Table 7.3 Suggested attributes for the four traffic types.
Background

Service

Conversational

Interactive

Streaming

Attributes

Type

Type

Type

Maximum bit

X

X

X

X

Burst size

X

X

X

X

Guaranteed bit

X

X

X

X

rate

rate
Delays

Based on a meaningful combination of these attributes, the network may create a set
of profiles. For example, the network may have two profiles for the conversational type of
traffic. Profile l provides a maximum bit rate of 144 kb/s, a maximum SDU size of 456
bits, a guaranteed bit rate of 64 kb/s, and a transfer delay of 100 ms. Profile 2 supports a
maximum bit rate of 384 kb/s, while its remaining attributes are the same as for profile 1.

7.5 Requesting QoS RSVP Protocol
As we saw before, multimedia services in 3G systems are IP-based. For IP
networks, IETF has defined a resource reservation protocol, called RSVP, which enables a
receiving terminal (or host) to request the desired QoS. This protocol operates at the
transport layer. However, it does not transport user data, but rather works like the Internet
Control Message Protocol (ICMP).4 because future wireless networks are also likely to be
based on IP, we will present a brief overview of RSVP here. Before describing this
protocol, it is necessaryto define a few terms used in connectionwith RSVP.

87

Quality of Service In (QoS) JG System

The term flow refers to a set of packets from the source to a destination during a
__n. Packets could come to a destination from many different sources; similarly, the
e source could send packets to multiple destinations. In other words, many-too much
· asting is possible in RSVP. A template specifies the format of data packets.
chanisms that implement a QoS for a particular data flow are called traffic control. In
1>, the following terms are called objects:
TSPEC This object describes the traffic that is likely to be generated by an application
t the source end, and indicates such things as the peak rate at which the sender expects
o emit, its maximum packet size, the minimum packet size that can be monitored (by a
router), and so on. The sender's TSPEC travels downstream (that is, towards the
receiver) unchanged from one hop to the next until it reaches the receiver.
RSPEC This is used by a receiving host to specify the requested level of service.
ADSPEC This indicates the QoS requirements of the sender, expressed in terms of the
bandwidth estimate, minimum path latency, and so on. Generated by the sending host, it
travels downstream, and may be changed, if necessary, at an intermediate node. A
reservation request includes two parameters flow spec and filter spec, which together
are known as a flow descriptor.
,.

FLOWSPEC This describes the QoS requested by the receiving host in terms of the
token bucket rate, token bucket size, peak data rate (that the receiving end-point can
support), minimum packet size, maximum packet size, and so on. Upon receiving the
sender's ADSPEC, the receiver may use it as a guide to choose these parameters in its
resource reservation request. It flows upstream towards the sending host.

•

FILTERSPEC This object specifies the group of packets that are to be specially
treated by the network so that they get the requested QoS. The group of packets may be
selected on the basis of some upper-layer protocol specification or on the basis of some
header values. For example, we could say that it would be all those packets that are
associated with the Address Resolution Protocol (ARP).
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When Sender has data to send. It sends a PATH message including SENDER
TSPEC and ADSPEC, among others
Intermediatenode forwards PATH message to next node downstream,but may
modify its ADSPEC.
Receivinghost gets PATH message, analyzes itto choose traffic parameters,
constructs RESV message, and sends it upstream.
Network determinesif user has permission to request reservation (policy
control)

No

A

Network checks if it has sufficient resources for the requesting user (admission
control)

A

No

Yes

NeJ:fOrkassigns a QoS class to requesting user's packets and sets paramet~rsof
O~!g9inglink layer interface to meet requested Qg;~ (i.e. assigns buffers;:.ş~t
..,
queuing, priority, etc.)'"
'3"
(a)

'~etwoiltcheck~to seei£incomintpackethas the requested QoS

No

Yes

Packet is forwardedto next hop via packet scheduler of link layer (with
appropriatepriority to meet requested QoS)
(b)

Figure 7.4 The RSVP protocol mechanism
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The working of the protocol is described in the form of flow charts in Figure 7.4
3efore the receiving host initiates a resource reservation request, the sending host must
send a PATH message downstream towards the receiver that should include, among other
taings, the sender's template. The PATH message follows exactly the same path as the data
-ackcts. On receiving the PATH message, the receiving host constructs an RESV message,
taking into consideration the QoS requirements of the sender as indicated in the PATH
essage as well as its own capabilities, and sends it upstream to the nearest router. The
uter checks to see if the requesting terminal has the administrative permission to make the
reservation.
QoS Request

User Data
Packets (flows)
Application

Link Scheduler

Packet Classifier

Data Out to

Next Hop
Router

Figure 7 .5 Functional entities in a router or host that process a reservation request and
subsequently provide the desired QoS to incoming data packets
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Figure 7 .5 shows functional entities in a router that processes a resource reservation
request and subsequently provides the desired QoS to incoming data packets. The term
packet classification is used to indicate how a particular packet is going to be treated when
transmitting it over an outgoing link so that the requested QoS can be ensured. For
example, it might specify what fraction of the total bandwidth of that link can be assigned
to that packet. Similarly, if different packets are held in different queues while the outgoing
interface is busy, packet classification would indicate how the node should schedule the
transmission

of each packet

from different

queues when the interface

becomes

subsequently idle. As user data packets come into a router from the source (or another
upstream router), the service class of each packet is examined. If the associated service
class matches the service class assigned in the request phase, the packet is treated for
forwarding purposes using the scheduler parameters that were previously set during the
reservation request process.
PATH

Up user

__..
PATH

•

Down user

Receiver

.-_.
RESV

RESV

Data

Data

..-

RESV

_..
Data

Figure 7 .6 Path and Reservation (RESV) messages in RSVP
The flow of PATH and RESV messages is shown in Figure 7 .6. As each hop receives the
RESV message, it may reject the request or accept it by reserving resources according to
the flow spec content of the RESV message. Finally, when the sender receives it, it sets the
necessary traffic control parameters for the next-hop router. QoS is controlled at the point
where the data enters the link layer at the source end. Formats of RSVP messages are
shown in Figure 7.7. Each message consists of a common header with eight octets and a
variable length description of each object to be included in the message. As shown in the
figure, the data structure of each object begins with a four octet header and a variable
length description of the object.
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8
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Message
Type e bits

Check;
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Send
TTL 8
bits

Reserved
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ObjectN
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vCtess Number
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Object
Class Type
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Object Specification
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Figure 7.7 Message formats of RSVP messages. Examples of objects are ADSPEC,
FLOWSPEC, and so on. Each object specification is of variable length.

7.6 Admission Control
7.6.1 Admission Control Strategies
The idea behind admission control strategies is as follows. When a user originates a
call to the network requesting a desired QoS, the network must do two things before
accepting the call request. First, it must make sure that it has sufficient bandwidth to
allocate to that user. Second, it must determine if, after admitting the user, it can continue to
provide the same QoS for all existing connections. One QoS objective may be a desired
packet loss probability. Thus, before the network admits the new user, it should determine
whether it can meet that packet loss probability goal for all connections, old as well as new.
The network can proceed to do it in two ways. The simplest way is to set aside a portion of
its available bandwidth that is equal to (or perhaps slightly greater than) the requested peak
data rate of the incoming call and reserve that bandwidth for the duration of the call.
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This is possible only if the sum of the bandwidth requirements of the existing and
ew connections does not exceed the total available bandwidth. Or, considering a little
ore complex situation, assume that each user provides the network with information about
traffic characteristics during call establishment, such as its peak and sustainable data

-ates. The network can now analyze the traffic using a fixed reference model that is known
a priori, determine the mean data rate, data rate variance, and packet loss probability,
and then, based on some criteria, decide whether to admit the requesting user. Once
admitted, it is allocated a fixed bandwidth. This is called the no statistical or fixed
allocation. This control scheme is suitable for constant bit rate services. In the previous
allocation, there are some inaccuracies. For one thing, a source may not be able to describe
its traffic accurately. For another, the real-time traffic from a source is generally quite
omplex in nature (such as the variable-bit-rate encoded audio or video), and very often
annot be represented by a fixed reference model. To correct these inaccuracies, the
network may set the packet loss probability objective slightly lower than the desired value.
In this case, the QoS can be maintained with a higher probability but only at the expense of
lowering the throughput. An alternative approach would be for the network to actually
analyze the packet arrival processes from all existing connections, estimate the desired QoS
parameter, assuming that the requesting source is admitted into the network, and then
determine if it can meet the packet loss probability objective for all users. If it cannot, it
rejects the incoming call. Otherwise, it connects the user to the network. This is called a
statistical allocation scheme. This is summarized in Figure 7-8. An advantage of this
scheme is that the network can now serve more users than would be possible with the fixed
allocation scheme. However, because the network must now do the traffic analysis in real
time, these schemes are generally very difficult to implement. The problem becomes even
more complex if the network consists of many switches over geographically dispersed areas

7 .6.2 Resource Allocation
Because the packet arrival process is purely random, it is often not easy to compute
the required bandwidth for an arbitrary sustainable data rate, peak data rate, and the burst
size except for very simple cases. As an example of a simple traffic pattern, consider Figure
7 .8 where packets arrive in bursts periodically with a period T.
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Each burst contains n packets of b bits each with an inter arrival time t between
em such that T. This represents the worst-case situation because all incoming packets are
eated as bursts. Assuming the duration of each packet it is much Jess than t.
Peak traffic rate

= bit,

Sustainable traffic rate R = nb/T
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Figure 7.8 An overly simplified traffic pattern used
In calculating bandwidth in admission control
If the bandwidth is allocated on the basis of this worst-case traffic pattern as
permitted by the leaky bucket algorithm for ATM networks, QoS cannot be guaranteed.
Notice that the situation depicted here is overly simplified. In reality, the traffic pattern
would hardly, if ever, be so well defined. A number of similar, although more complex,
traffic patterns have been considered.
7.6.3 Policing
If the network uses admission control and if no user violates its traffic contract then
there should not be any congestion in the network. However, users do sometimes exceed
their negotiated rates and cause congestion in the network. Consequently, it is necessary to
monitor the sustainable and peak traffic rates and the burst size on each virtual circuit (VC).
If these rates for any user exceed the negotiated rates, the network can react by dropping its
packets.
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When the user application detects the increase in the packet loss, it may adjust its
ffic rate, and thus alleviate congestion in the network. So, the overall policy to prevent

1gestion and thereby maintain the QoS for all users would be to employ an appropriate

rıission control scheme, monitor each user's maximum data rate, the burst size, and the

stainable data rate, and drop packets if these parameters exceed their negotiated values.

B

Leak Rate R - Sustainable Traffic Rate

Figure 7 .9 Leaky bucket algorithms to control congestion
By monitoring the sustainable traffic rate
A simple way to police these parameters is to use the so-called leaky bucket

ılgorithm. The idea is illustrated in Figure 7 .9. Newly arrived packets enter a bucket (that

is, a buffer) of finite depth, say, B. The leak rate of the bucket is R, which is the rate at

which the input queue is being serviced by the network. If the bucket is full, it overflows,
and consequently, the incoming packet is dropped. Clearly, if packets come in at a rate
faster than R, the bucket will overflow after a while, causing packets to be rejected. The
leaky bucket algorithm can be implemented using a single up-down counter. the counter is
initially set to zero and is incremented by one each time a packet comes in and decremented
by a clock of frequency R, making sure that the counter is never decremented below zero.
When the counter reaches the maximum count, we stop incrementing the counter and mark
the associated packet for discard.
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Figure 7.10 Leaky bucket algorithm to police the peak traffic rate
To police the maximum bit rate, it is only necessary to set the bucket depth B to 1,
~ shown in Figure 7.10. To police the average bit rate or the burst size, the token bucket
concept is used. Tokens are being generated at a constant rate R, and placed in a bucket that
can hold, say, only N tokens. When a packet comes in, it must take a token to be admitted
into the network. If there are no tokens left in the bucket, the newly arrived packet is
dropped. Clearly, if the rate of the incoming traffic exceeds R, at some point, tokens will be
exhausted, and the incoming packets will be denied access into the network. Similarly,
suppose that the input source has been inactive for a while so that N tokens have
accumulated in the bucket.
Tokens Are generated
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at Rate R
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Figure 7.11 The token bucket algorithm
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At this point, the source may transmit N packets in a burst, all of which will be
accepted into the network. Thus, the token bucket scheme can police both the average bit
rate and the burst size (that is, the number of packets in a burst, which is Nin this example).
In most cases, it is necessary to monitor both the maximum and sustainable rates. This can
e done easily by means of two buckets in tandem the simple leaky bucket of Figure 7.11
or the maximum rate and the token bucket for the sustainable rate. Although leaky bucket
algorithms are simple to implement, they can sometimes lead to inaccurate results.

7.7 Providing Requested QoS
To ensure the QoS, the network must do two things. First, it must allocate enough
bandwidth to each user based upon its traffic descriptors, such as the peak traffic rate, the
sustainable traffic rate, and the burst size. If users are admitted into the network following
strict admission control strategies, this requirement would be satisfied automatically.
Second, many real time applications audio, video, process control information, and so on
specify the maximum delay they can tolerate. Because a physical channel may contain a
number of logical channels and because packets on each of these logical channels arrive at
a node randomly, It is likely that the output link would be busy transmitting data from a
particular logical channel when packets are coming in over other logical channels. In this
case, it is necessary to buffer the packets temporarily in a queue until the link is idle. Or, if
at a given point in time the network is congested, we could drop the packets, or better yet,
save then in a buffer until that condition clears. In any case, because packets from many
different users are buffered in the queue, the delay encountered by each would depend on
how the packets are being serviced.
A number of servicing strategies are available. For example, when the output link is
busy, packets of all classes could be buffered in a single first-in, first-out (FIFO) order.
When the link becomes idle, they are read out of the FIFO and transmitted over the link on
a first-come, first-served basis. There are two problems in this approach. First if packets for
a particular application are small (such as Telnet) and appear behind large packets of other
applications (such as FTP), they would be subjected to rather long delays.
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Second, it would be impossible to guarantee the QoS this way because if the
aximum delay is one of the QoS parameters, and if packets with low delay requirements
appen to be near the end of the FIFO, they would be the last ones to be transmitted over
me link. In an effort to solve the previous problems, a separate buffer is assigned to each
pplication (that is, packet class). These buffers are then serviced following certain rules.
For example, the scheduler could read the buffers in a round robin fashion and transmit the
entire contents of each before moving on to the next. This, again, cannot guarantee the
requested QoS. An alternative way is to transmit only a certain number of packets rather
than all from each buffer according to their service classifiers, move to the next, and
ontinue the cycle until all buffers have been fully serviced. This is called the weighted fair
queuing scheme.
In this scheme, because packets are classified according to the requested QoS, the
number of packets transmitted at a time from any buffer (that is, the bandwidth allocated to
the associated application) depends on the QoS. This scheme is shown in the total available
bandwidth of the link is being divided into a number of small time slots or units. Each user
requesting service from the network is assigned a certain number of these basic units
according to its associated QoS metrics. For constant bit rate services that cannot tolerate
any variable delays,
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Figure 7.12 Weighted fair queuing scheme
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The associated packets must be sent over the link at regular intervals using the
uired fraction of its bandwidth. Thus, in general, when both constant bit rate and
·able bit rate services are to be supported,the bandwidth assignment in the weighted fair
_.._uing scheme appears as in Figure 7.12.

t= o
VBR Data for User 2, N2 packets sent at a time
CBR Data, sent out at regular intervals

VBR Data for User 1, N1 packets sent at a time

Figure 7 .13 CBR and VBR packet data services handled at a node

7.8 Differentiated Services (DiffServ)
Because in IntServ, an explicit reservation of resources is made for each flow, the
integrated services model is not suitable for a large system. The DiffServ model overcomes
this problem by avoiding classification on a per-user or per-flow basis. Instead, it
differentiates the incoming packets into a small number of classes and forwarding each
packet on the basis of its class. In DiffServ, packets are differentiated using a one-octet
Differentiated Service (DS) field, which is actually the same as the Type of Service (TOS)
field of IPv4 header or the Traffic Class field of IPv6 header except for the fact that the
meaning of each bit is now redefined. The TOS field of IPv4 and the significance of its
subfields are shown in Figure 7 .13. The DS field in DiffServ is shown in Figure 7.14.
Instead of defining different service types available in the network, the six-bit DS code
point (DSCP) indicates how a collection of packets (referred to in the RFC as a behavior
aggregate) should be treated for forwarding purposes on a per-hop basis. The forwarding

treatment for a group of packets in the DiffServ model is termed the Per-Hop Behavior
(PHB). There are many possible DSCPs and correspondingPHBs.

99

Quality of Service In (QoS) 3G System

For example, DSCP 000 may indicate a collection of packets that are delivered by
,, network on a best effort basis. Similarly, DSCP O 1 O 000 may be defined such that
rackets marked by this code point are forwarded on a timely basis with a higher probability
--an packets designated with, say, DSCP 001 000.Yet another DSCP may indicate that
ssociated packets are to use only, say, 50 percent of the bandwidth of a shared link, and so
n. Notice that the so-called default P HB mapped to by DSCP 000 is the same as the
--~rwarding strategy used in present-day IP routers, and thus provides for interoperability
tween existing routers and a DiffServ network. For a detailed description of how code
points may be mapped to PHBs. Procedures to provide QoS in DiffServ are conceptually
similar to those of IntServ that have been discussed earlier. When packets originating from
_ sender enter a DiffServ network, they are classified on a PHB basis and conditioned (that
· s, metered, shaped, and marked) at an edge device. As packets travel downstream, the
aggregate traffic is policed at each intermediate node in the network. New users are
admitted only if the network capacity is not exceeded.
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Figure 7.14 The TOS field in the IPv4 header
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7.9 Quality of Service (QoS) in 3G Systems
Evidently, an advantage of the DiffServ model is that it lends itself easily to a large
network such as the Internet. On the other hand, because it does not support per-user flows,
it cannot provide QoS on an end-to-end basis (that is, for end users).

End User 2

End User 1
lntServ Region

lntServ Region
Edge Device

o-Rooter
Figure 7.15 Providing an end to- end QoS over any network
Because an IntServ network does not scale well, but supports per-user flows, an
end-to-end QoS can be delivered over any network by providing IntServ in the access part
and DiffServ in the core, as shown in Figure 7.15. Here, flows between two IntServ regions
may be considered as being transported

across the DiffServ network over virtual

connections between two IntServ-capable routers.

7.10 RSVP for Mobile Systems
Problems arise when standard RSVP is used in a mobile communications network.
Summarizes the various RSVP-based protocols that have been suggested as a possibility for
wireless mobile networks. To understand these problems, consider Figure 7. 16 where the
cellular network is connected to the packet-switched public data network (PSPDN) via
three routers Rl, R2, and R3. R2 provides services to cells 1 to 4, and R3 to cells 57.10
Initially, when the mobile station (MS) is in cell 1, it reserves resources along the path
shown by the thick lines from base station 1 to R2 to Rl.
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Figure 7.16 RSVP in a mobile environment
If the MS now moves into cell 2, it is attached to base station 2 and makes a reservation
along the new route from base station 2 to R2. In RSVP, because a receiving host cannot
initiate a reservation request ( using the RESV message) until it has received a PA TH
message and because a data source sends the PATH message periodically, the MS must
wait before it can make the new reservation. Meanwhile, R2 continues to send packets
along the old route to cell 1, and so these packets are lost by the MS. This problem may be
somewhat mitigated by modifying RSVP so that as soon as the MS is handed over to the
new cell, R2 issues a PATH message. However, since the resource reservation process is
rather slow, the associated delays may still be too long to avoid any packet loss. The
problem becomes particularly severe if the MS moves into a cell where the traffic is already
quite high. In this case, the MS must renegotiate with the network for the allocation of
required resources, leading to even longer delays and further loss of packets. And
depending upon the requested QoS, the network may not be able to guarantee the desired
quality, and consequently, may even deny the reservation request. This problem can be
solved if the network has some prior knowledge of how a mobile station is going to move
around in a serving area.
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An extension of RSVP, called Mobile RSVP (MRSVP), based upon this idea. In this
protocol, the network maintains in its database a list of all nodes that are likely to be visited
y an MS. The MS reserves resources at all of these nodes in advance, even though it will

be using resources at only one of them at any time. In this way, delays caused by the
negotiation and reservation of resources can be eliminated. The flow of RSVP messages in
this protocol is shown in Figure 7 .17. Because the MS may visit neighboring cells 1, 2, and
3, resources are reserved along three different routes. If the MS is located in cell 2, only the
route, shown by the heavy lines, from the MS to base station 2 to R2 through Rl to the
PSPDN is active, while the other two routes are passive. Although this protocol is
conceptually simple, there are several disadvantages:
•

Although only one of the routes is active at any time, the system must reserve
resources at many other nodes. Much of these resources may never be used by this
MS, but could have been used by other mobile stations for a more efficient
utilization of the bandwidth.

•

An incoming call is blocked if requested resources are not available at all nodes.
Therefore, the call-blocking probability increases with the number of cells where
the reservation is to be made.

2

Figure 7.17 Reservation in MRSVP proposal
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•

In many instances, an MS may not know in advance exactly how it is going to
roam. As such, this protocol is not very practical.

•

If the number of cells that a mobile station may likely visit is large and if there are
many mobiles in a serving area, the d atabase that must be maintained by the
network also becomes very large.

According to this protocol, when a mobile station moves into a foreign serving area, its
new location is saved in the HLR. Subsequently, when a source node has a packet to send
to this MS, it receives the location address of the mobile from the HLR, and sends the
packet directly to that address. However, it is still necessary to reserve resources along the
new route, and packets may be lost as resources are being reserved.

7.11 Summary
In this chapter, we have discussed QoS issues and concepts and described how it
can be provided in 3G UMTS networks. Providing the QoS usually consists of four steps:
requesting resources from the network in accordance with a desired quality, admission
control of the newly arrived user, resource reservation by the network, and policing the
incoming packets to ensure that users are not violating their contract. In order to request the
QoS, the user must know how to characterize its traffic. With this end in view, we have
classified the traffic that is likely to originate in UMTS and described the traffic attributes
that can be used to create a reasonable set of simple QoS profiles. The RSVP protocol,
admission control procedures, and policing schemes have been presented in some detail.
Although many of the ideas of the QoS that are applicable to fixed networks extend to
mobile networks, standard RSVP is not quite suitable. Problems that arise when RSVP is
used in a mobile network are discussed. A number of protocols based on the modification
and extension of RSVP have been suggested. A brief description of some of these protocols
is presented.
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8. RADIO SAND MULTIMEDIA SIGNALLING PROTOCOLS

8.1 Overview
Signaling is a process of transferring control information such as address, call
supervision, or other connection information between communication equipment and other
equipment or systems. The WCDMA system was designed to use multiple protocols that
can be divided into processing layers. Each layer in the protocol performs specific
functions and each layer may use one or more protocols. The use of layers allows for the
addition of functions and modification of protocols without requiring significant changes to
the system. Different parts of the UMTS system such as the radio interface, radio access
network, and intersystem communication use different protocols and protocol layers. The
WCDMA radio interface system protocol layers include radio resource control (RRC),
radio link control (RLC), medium access control (MAC) layer, and physical layer.

8.2 Radio Resource Control (RRC)
The radio resource control (RRC) is a layer 3 (network) protocols that controls the
setup, management, and termination of physical and logical channels between the base
station and the mobile device. It oversees the signaling on the common control and
dedicated control channels. RRC signaling messages are also used to provide for channel
quality measurements that are used for channel handovers.

8.3 Packet Data Convergence Protocol (PDCP)
The packet data convergence protocol (PDCP) coordinates the efficient transfer and
control of packet data transmission. The main functions of PDCP include compression of
the headers during packet transmission over the radio channel (remove redundant packet
header information) and to ensure reliable packet transfer (sequentially numbering and
verifying packet delivery.)
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8.4 Broadcast and Multicast Control Protocol (BMC)
Broadcast and multicast control (BMC) protocol coordinates the transmission and
reception of broadcast and multicast services. The main functions of BMC include the
reception, storage, and distribution of broadcast and multicast messages such as broadcast
short messages to the appropriate applications.

8.5 Radio Link Control (RLC)
Radio link protocol (RLP) is a layer 2 (link layer) that is used to coordinate the
overall flow of data packets across the radio link. RLP uses error detection and data
retransmission to increase the reliability of the radio link while reducing the error rate. RLC
functions include packet division (segmentation), reassembly, concatenation, padding, and
error correction when the communication channel requires error control (not al sessions
require error detection and control). The RLC is also used to control the flow of data (rate
of transfer).

8.6 Medium Access Control (MAC) Layer
The medium access control (MAC) layer is used to coordinate access between
mobile devices and base stations. The MAC layer is composed of one or more
communication channels that are used to coordinate the access of communication devices
to a shared communications medium or channel (the radio link).
MAC channels typically communicate the availability and access priority schedules
for devices that may want to gain access to a communication system. The MAC layer is
also used to coordinate the data transmission rate on the traffic channels and to assign
(map) logical channels to underlying physical RF channels. After the access terminal has
competed to gain the attention of the system and it has been assigned a connection, the
MAC layer is used to coordinate the sharing of ( competition for) the traffic channel for
packet data transfer.
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8.7 Physical Layer
The physical layer performs the conversion of data to a physical medium (radio)
transmission and coordinates the transmission and reception of these physical signals. The
physical layer receives data for transmission from upper layers (the MAC layer) and
converts it into physical format suitable for transmission to a device or through the
network.
User Data

Control

Variable
Quality Of
Services
(QoS)

Signalling

Logical Channel

Figure 8.1 WCDMA Radio Link Protocol Layers

Figure 8. 1 shows the protocol layers of the WCDMA radio interface. This diagram
shows that each layer in the WCDMA radio link has its own function and as data passes
through each network layer, the layer performs its function and passes its data on to the
next layer above or below. The radio resource control (RRC) protocol is used to coordinate
the operation (control) of the radio. The broadcast and multicast control (BMC) protocol
layer is responsible for receiving and processing broadcast messages.
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The packet data convergence protocol (PDCP) layer is concerned with ensuring al
the packets are transferred and placed in correct order. The radio link control layer is
concerned with maintaining the radio link between the mobile device and the base station.
The medium access control layer (MAC) is the process used to request and coordinate
access to the system. The physical layer converts digital bits to and from RF packets that
are sent between the WCDMA device and the access point.

8.8 WCDMA Multimedia Signaling Protocols
The WCDMA system can use upper layer signaling protocols to provide for
advanced multimedia services and features. Some of the protocols used with the WCDMA
system include session initiation protocol (SIP), session description protocol (SDP), and
real time signaling protocol (RTP). Session Initiation Protocol (SIP) SIP is an application
layer protocol that uses text format messages to setup, manage, and terminate multimedia
communication sessions. SIP is a simplified version of the ITU H.323 packet multimedia
system. SIP is defined in RFC 2543.

8.9 Session Description Protocol (SDP)
Session description protocol (SDP) is a text based protocol that is used to provide
high-level definitions of connections and media streams. The SDP protocol is used with
session initiated protocol (SIP). The SDP protocol is used in a variety of communication
systems including 3G wireless and the packet cable system. SDP is defined in RFC 2327.

8.10 Real Time Transport Protocol (RTP)
RTP is a packet based communication protocol that adds timing ands equence
information to each packet to allow the reassembly of packets to reproduce real time audio
and video information. RTP is defined in RFC 18 89. RTP is the transport used in IP audio
and video environments.

108

Radio and Multimedia Signaling Protocols

8.11 WCDMA Future Evolution
The future evolution of WCDMA is likely to include increased data transmission
rates that are achieved by multi channel carrier system, increased modulation efficiency,
and directional antenna systems.

8.12 Increased Data Transmission Rates
The CDMA system has evolved and continues to evolve to provide higher data
transmission rates in both the downlink (system to the CDMA device) and in the uplink
(from the CDMA device back to the system). The data transmission rate should continue to
increase through the use of more efficient modulation technologies and increased radio
channel bandwidth. Modulation and radio spectrum efficiency are measurements
characterize by how much information can be transferred in a given amount of frequency
bandwidth. This is often given as bits per second per Hertz. The use of more efficient
modulation and coding methods that have high spectral efficiency also typically are very
sensitive to small amounts of noise and interference, and often have low geographic
spectral efficiency. (See also Geographic Spectral Efficiency).

8.13 Multichannel Carrier
Increased radio channel bandwidth can be accomplished by combining multiple
carriers (multichannel carrier) and/or by defining a new wide radio channel. Multichannel
carrier (MC) is a communication system that com- bines or binds together two or more
communication carrier signals ( carrier channels) to produce a single communication
channel. This single communication channel has capabilities beyond any of the individual
carriers that have been combined. The use of a wider radio channel would allow significant
increases in data transmission rates but it would require new mobile and system equipment
and probably would require new frequency or trans- mission planning. Figure 7.2 shows
how a wireless communication system can combine multiple radio communication
channels to provide a communication channel that has higher data transmission rates. This
diagram shows a wireless communication system that contains multiple radio channels.
This example shows that an incoming 1 Mbps data signal has a higher data transmission
rate than a single radio channel can provide.
109

Radio and Multimedia Signaling Protocols

To transfer the high speed data signal, is it split into two (or more) data channels
with a lower data transmission rate. Each lower-speed data channel is then sent to an RF
channel transmitter. To coordinate the overall flow of data, an additional control function is
needed that coordinates the flow of data on the RF channel and to insert multi carrier
control messages that allow the receiver of the multiple channels to know how the channels
are combined. This diagram shows that the mobile device is able to simultaneously receive
and combine each of the radio channels to produce the original high-speed digital signal.

RF Channel 4

RF Channel 3

t

Multi Carrier
Control Message

-

1 Mbps

~----------------------

Figure 8.2 Multichannel Carrier

8.14 More Efficient Modulation Technologies
Modulation is the process of changing the amplitude, frequency, or phase of a radio
frequency carrier signal (a carrier) to change with the information signal (such as voice or
data). Modulation efficiency is a measure of how much information can be transferred onto
a carrier signal. In general, more efficient modulation processes require smaller changes in
the characteristics of a carrier signal (amplitude, frequency, or phase) to represent the
information signal.
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To increase the data transmission

rates, more efficient (and more complex)

modulation technologies can be used. This includes combining multiple modulation types.
The WCDMA system is evolving to use more efficient modulation technologies such as
quadrate amplitude modulation (QAM) to allow each symbol (carrier change) to represent
more information bits. Spatial Division Multiple Access (SDMA) Spatial division multiple
access (SDMA) is a system access technology that allows a single transmitter location to
provide multiple communication channels by dividing the radio coverage into focused radio
beams that reuse the same frequency. To allow multiple accesses, each mobile radio is
assigned to a focused radio beam.
These radio beams may dynamically change with the location of the mobile radio.
SDMA technology has been successfully used in satellite communications for several
years. This figure shows an IP TV system uses relatively simple text messages to setup and
control television channels. This diagram shows how a television has IP TV capability via a
set top box that is controlled by an IP TV server. This IP TV based television set top box is
called a User Agent (UA). The User Agent (UA) is actual a gateway that converts video,
audio, and control information (e.g. channel change requests) into packets that can be
routed through a data network (such as the Internet) to cal servers and other User Agents
(UAs.)
The control packets are sent to and from the cal server to request and receive
television channels. IP TV servers may communicate with other cal servers to setup distant
television channel connections. This diagram shows how a distant IP TV server controls a
User Agent (UA) gateway that allows television channels to connect via Internet to various
IP TV media providers. The WCDMA system was designed to allow the use of SDMA
technology. A secondary pilot channel was included in the system design to assist in the
selection and focusing of directional antennas.
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Figure 8.3 Spatial Divisions Multiple Accesses
Figure 8.3 shows an example of an SDMA system. Diagram (a) shows the
conventional sectored method for communicating from a cell site to a mobile telephone.
This system transmits a specific frequency to a defined (sectored) geographic area.
Diagram (b) shows a top view of a cell site that uses SDMA technology that is
communicating with multiple mobile telephones operating within the same geographic area
on a single frequency. In the SDMA system, multiple directional antennas or a phased array
antenna system directs independent radio beams to different directions. As the mobile
telephone moves within the sector, the system either switches to an alternate beam (for a
multi-beam system) or adjusts the beam to the new direction (in an adaptive system).
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8.15 Summary
This chapter describes the layer and signaling protocols. The use of layers allows
for the addition of functions and modification of protocols without requiring significant
changes to the system. A brief description of multimedia protocols is also included. In last
WCDMA future evolution has discuss that includes the increase in data rates, channel types
and modulation techniques
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CONCLUSION
It is clear that traffic in mobile networks is growing and will continue to rise as
new data services are launched, as new subscribers are gained and as the continued
migration from fixed to mobile pushes up voice traffic. To avoid difficulties in
maintaining acceptable levels of service to subscribers as network traffic rises, operators
need to add capacity to their networks. For operators with IMT-2000,
licenses, WCDMA

technology

provides the most cost-effective

or UMTS

means of adding

capacity for both voice and data services. Investing in WCDMA also enables operators
to meet user demand for fast access as more advanced data services are taken up. With
WCDMA, operators have a cost effective technology to help them maximize their profit
potential, build their image as a state-of-the-art\ operator, achieve high ARPU and build
greater subscriber loyalty. Furthermore, as subscribers gradually migrate to WCDMA,
existing resources in the GSM layer will become freed up, thus relieving pressure for
new 2G investment. WCDMA is also a standardized globally accepted technology with
a defined evolution path. A development
capacity

of WCDMA

called HSDP A will boost

and data speed even further, helping to ensure that today's

WCDMA

investments will continue to provide significant returns for many years to come.
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