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ABSTRACT 
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Examiner: Professor Jan Voracek 
Supervisor: Juha Sipilä, M. Sc 
Instructor: Tatiana Issaeva, M. Sc 
 

Universal Mobile Telecommunication System (UMTS), as example of the 

3G mobile communication systems is going to repeat success of Global Standard for 

Mobile communication (GSM). UMTS is on the edge of commercial deployment and first 

commercial network has already started its operation in Japan. 

This thesis gives overview out of the UMTS emphasising to functionality of 

Radio Resource Management (RRM) of UMTS Terrestrial Radio Access Network 

(UTRAN). Operation of the radio interfaces is explained, but the main subject of the thesis 

is anyhow radio resource management across UMTS radio network subsystems.  

RRM is set of procedures, which affect through the whole structure of the 

UTRAN. It is very important to reach right behaviour of the RRM functionality for the 

distribution resources of the network and providing the best services to end-user. The RRM 

concept and number of procedures are explained in details in this thesis. Radio Network 

Subsystem Application Part (RNSAP) is studied in this thesis, as example of protocol 

involved in RRM process. 

Keywords: mobile communications, UMTS, signalling protocol, Radio 

Network Subsystem Application Part , RNSAP. 
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UMTS (Universal Mobile Telecommunication System), esimerkkinä 

kolmannen sukupolven matkapuhelinjärjestelmästä pyrkii toistamaan GSM:n (Global 

System for Mobile Communications) menestyksen. UMTS:n kaupallinen toiminta on 

parhaillaan alkamassa ja ensimmäinen kaupallinen verkko on jo aloittanut toimintansa 

Japanissa.  

Tämä diplomityö antaa yleiskuvan UMTS:stä keskittyen 

radioverkkojärjestelmän (UMTS Terrestrial Radio Access Network,UTRAN) 

radioresurssien hallintaan (Radio Resource Management, RRM). Työssä kuvataan 

radiorajapintojen toimintaa, mutta diplomityön pääaiheena on kuitenkin radioresurssien 

hallinta UMTS radioaliverkkojärjestelmien ylitse.  

Radioresurssien hallinta pitää sisällään joukon proseduureja, jotka 

vaikuttavat koko UTRAN:in rakenteen lävitse. On hyvin tärkeää saavuttaa oikea 

toiminnallisuus hajautettujen radioresurssien hallintaan jotta voitaisiin saavuttaa paras 

yhteyden laatu loppukäyttäjälle. Työssä käydään yksityiskohtaisesti lävitse radioresurssien 

hallinnan perusperiaatteet ja joukko proseduureja. RNSAP (Radio Network Subsystem 

Application Part) protokollaa tarkastellaan työssä esimerkkinä protokollasta joka osallistuu 

radioresurssien hallintaprosessiin. 
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1. INTRODUCTION 

The telecommunication systems are rapidly developing nowadays. People 

are in general talking about three different generations as far as mobile communication is 

concerned. The first generation (1G) is the name for the analogue or semi-analogue 

(analogue radio path, but digital switching) mobile networks established after the mid 80's 

such as NMT (Nordic Mobile Telephone) and AMPS (American Mobile Phone System). 

These networks offer basic services for the user and the emphasis was on speech and 

services related matter.  

The 1G networks were incompatible with each other and mobile 

communication was considered some kind of curiosity and added value service on top of 

the fixed networks. 

As the need for mobile communication increased, the international 

specification bodies started to specify how the second generation, 2G, communication 

system should look like. The emphasis on 2G is on compatibility and international 

transparency. The system should be global one and the users of the system should be able 

to access it basically anywhere the service exists. The most well known example of 2G 

system is GSM (Global Standard for Mobile Communications). The 2G has digital radio 

path and digital switching with fixed networks. Telecommunication services of GSM 

contain bearer services, teleservices and supplementary services. The speech is the most 

important teleservice for 2G. The common tendency is decreasing the relative amount of 

the speech services. The reason is incoming multimedia communication, which will bring 

new requirements for the mobile communication. The obvious lack of the GSM systems is 

the bandwidth offered to the end user. It was reasonable, but later on when the technology 

developed and end user requirements increased, new services such as the Internet became 

more common. The requirements for communication systems have been changed and the 

bandwidth of radio interface became inadequate. This was the main reason for starting the 

specification for the next generation mobile communication systems. 

The UMTS (Universal Mobile Telecommunication System) is example of 

the 3G systems. Some parts of 3G will mostly be based on GSM technical solutions. 
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One of the main requirement for the 3G standardization is generic radio 

access in 3G, which makes possible high bit rates up to 2 Mbps (Mega Bits Per Second). 

The 3G systems start to use new air interface with CDMA or WCDMA (wideband CDMA) 

technology. The CDMA makes possible to obtain variable bit rate, depending on the user 

requirements. In the CDMA, it is easy to assign different bit rates for uplink and downlink 

transmissions for each user.  Therefore, CDMA supports asymmetric communications such 

as TCP/IP access. 

The wide bandwidth of WCDMA enables the provision of higher 

transmission rates.  Additionally, it makes possible to provide low and high rate services in 

the same band. The wider band carrier of the WCDMA system helps to increase the 

number of channels/users in one carrier.  The statistical multiplexing effect will help in 

increasing the frequency usage efficiency.  This efficiency drops in narrow-band systems 

with fast data communications, because the number of users on one carrier is limited. 

The 3G systems multiplex services with different QoS (Quality Of Services) 

requirements on a single connection due to new structure of the RAN (Radio Access 

Network). It makes possible to use radio spectrum very efficiency in combination with new 

transport technologies, such as ATM (Asynchronous Transfer Mode) or IPv6. These new 

features allow UMTS to provide new services with high QoS, which corresponds new 

generation of user requirements. 

Present Master's Thesis contains theoretical and practical parts. The main 

emphases of the theoretical part are at the new interface Iur, which is provided by UMTS 

for the radio resource management across radio network subsystems. Thesis is based at the 

work, which is done for the 3G SDL Library Project ongoing in Nokia Research Center. 

The practical part of the Thesis describes implementation of the Radio Network Subsystem 

Application Part protocol, as example of the UMTS signalling protocol, which is involved 

in the radio resource management in the UMTS. 
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2. UMTS ARCHITECTURE 

2.1 Network Architecture 

The main task of the 3G, as a mobile communication system, is connection 

establishment between the mobile user and fixed network. Since one of the requirement 

points is that the air interface of the 3G should be generic, the radio part of the network 

is more functionally separated than in the original GSM. The whole system is divided 

to the several basic parts, as it shown in Figure 2.1. 

 

 

 

 

 

Figure 2.1. UMTS Network Architecture [9]. 

The UMTS contains the User Equipment (UE), UMTS Terrestrial Radio 

Access Network (UTRAN) and the Core Network (CN). The User Equipment 

represents a mobile user and is connected to the system through the air interface, being 

Uu open standardized interface. The UTRAN manages the transparent connection from 

the UE into the core network via open standardized Iu interface, which connects 

UTRAN and CN.  

The 3G network can also be presented as a collection of management layers, 

which cover certain parts of the network (Figure 2.2). The Radio Resource 

Management (RRM) is completely covered between the UTRAN and UE and it 

involves managing how the radio channels are allocated. The Mobility Management 

(MM), Session Management (SM) and Call Control are maintained by the CN. The 

higher layer functions performed between the UE and CN are called Communication 
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Management (CM). The CM entity covers the topics like Call Control, Supplementary 

Services and Short Message Service. 

 

 

 

 

 

Figure 2.2. Management Layers in UMTS [11]. 

2.1.1 User Equipment 

In today's world, mobile terminals or in other words the user equipment 

(UE) are part of our everyday life. The UE consists of two parts. The first is the Mobile 

Equipment (ME). The Mobile Equipment performs the radio transmission and contains 

applications. The mobile equipment may be further subdivided into several entities: Mobile 

Terminal (MT), which performs the radio transmission and related functions and 

Termination Equipment (TE), which contains the end-to-end application.  

The second part of the UE is the UMTS Subscriber Identifier Module 

(USIM) card, which contains information on the subscriber, phone numbers, network 

parameters. 

2.1.2 Core Network 

The core network is comprised of two domains, depending on an operator's 

configuration, which are Circuit Switched (CS) and Packet Switched (PS). The Core 

Network can be seen as the basic platform for all communication services provided to the 

UMTS subscribers. The basic communication services include switching of circuit-

switched calls and routing of packet data. The core network part of the UMTS has evolved 

from GSM network and consists of an ATM-based 3G Mobile Switching Center (3G-
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MSC), Gateway MSC (GMSC) for packet data, 3G Serving GPRS Support Node (3G-

SGSN), Gateway GPRS Support Node (GGSN) and databases called Visitor Location 

Register (VLR) and Home Location Register (HLR). 

The registers are similar to those in GSM, however the VLR (Visitor 

Location Register) is considered to be an integral part of the Serving MSC. The VLR 

maintains the Mobility Management related procedures like Location Update, Location 

Registration, Paging and security activities. The VLR database contains temporary copies 

of the active subscriber, which have performed Location Update in its area.  

The Home Location Register contains permanent data of the subscribers. 

One subscriber can always be in only one HLR. The HLR is responsible for the Mobility 

Management related procedures in both the circuit switching and the packet switching 

domains. 

The AuC, Authentication Center is a database handling the Authentication 

Vectors (AVN). These contain the security parameters the VLR uses for security activities 

performed over the Iu interface. The Equipment Identity Register, EIR, maintains the 

security information related to the UE hardware. 

The Gateway MSC (GMSC) is the element participating into the mobility 

management, communication management and connections to the other networks. 

A GGSN is a gateway to public data networks. The GGSN routes data 

packets from external network to the 3G-SGSN. The 3G-SGSN is responsible for 

switching and controlling the packet switched calls and managing the mobility of the UE 

by exploiting the information available in HLR and VLR. The packet data mobility 

management can be totally within the control of the 3G-SGSN. It also provides a gate 

between the fixed and the mobile network concerning the packet switched calls. The 

structure of CN can be found in Figure 2.3. 
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Figure 2.3. UMTS Network Architecture [11]. 
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are located in the RNC. The RNCs are separated from each other with an open interface 

Iur. The Iur is total new interface, when comparing to GSM. The Iur brings completely 

new abilities for the system to utilize macro diversity and also efficient radio resource 

management and mobility mechanisms. Thus all radio resource management procedures 

are completely handled by UTRAN without CN. When the Iur interface is implemented in 

the network, the UE may be attached the network through several RNCs.  

2.2 UMTS Interfaces. 

Let's look at the UMTS from the interface point of view. The user traffic 

(user plane) is carried through the network from the mobile to the CN on a bearer. The 

allocation of the bearer is depending on the needs of the subscriber. The actual data in the 

bearer is transparent to the network. 

 

 

 

 

 

 

 

Figure 2.4. Architecture of UMTS bearer service [12]. 
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the procedure for the bearer handling. UMTS allows a user to negotiate bearer 
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as to the networks that lie between the sender and the receiver. The layered architecture of 

a UMTS bearer service is depicted in Figure 2.4. Each bearer service on a specific layer 

offer its individual services using those provided by the layers below [12]. 

The End-to-End Service on the application level uses the bearer services of 

the underlying network. The UMTS Bearer Service consists of two parts, the Radio Access 

Bearer Service and the Core Network Bearer Service. Both services reflects the optimized 

way to realise the UMTS Bearer Service over the respective cellular network topology 

taking into the account such aspects as e.g. mobility and mobile subscriber profiles. 

The Radio Access Bearer Service provides confidential transport of the 

signalling and the user data between UE and CN with the QoS adequate to the negotiated 

UMTS Bearer Service or with the default QoS for signalling. This service is based on the 

characteristics of the radio interface and is maintained for a moving UE. 

The Radio Access Bearer Service is realised by a Radio Bearer Service and 

an Iu-Bearer Service. The role of the Radio Bearer Service is to cover all the aspects of the 

radio interface transport. To support unequal error protection, UTRAN and UE shall have 

the ability to segment/reassemble the user flows into the different subflows requested by 

the Radio Access Bearer Service. The Radio Bearer service handles the part of the user 

flow belonging to one subflow, according to the reliability requirements for that subflow.  

Signalling is used between the UE and network to perform mobility and 

session management functions such as location update or paging. The higher layer 

signalling messages in mobility management is used between the mobile terminal and the 

network. However, as the UE is not connected directly to the core network, but through the 

RAN, then lower layer signalling to control the connection is needed to ensure the higher-

layer connections are possible. This is the concept of the stack. 

In the 3G protocol stack of UTRAN terrestrial is 3-dimensional and those 

dimensions are called as Planes (Figure 2.5). The task of the Transport Plane is to form a 

suitable media for carrying signalling performed by the higher layers. User and Control 

Planes separate the user data and network control from each other. The main reason for the 

fundamental differences related to the bearers.  
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Figure 2.5. General Protocol model for UTRAN terrestrial interfaces [11]. 
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UE. RRC (Radio Resource Control), RLC (Radio Link Control) and MAC (Media Access 

Control) protocols are also operating in the control plane and are used for the maintaining 

signal connection between RNC and UE. 

User Plane. The user plane contains data stream and data bearer for the data 

stream. Also it can contains several data streams and corresponding numbers of the data 

bearers. It contains all user information, such as payload, Internet traffic, voice calls. 

Transport Network Control Plane. The transport network control plane is 

used for the transmitting control signalling within the transport layer. The transport 

network control plane contains Access Link Control Application Part (ALCAP) protocol, 

which supports setting up of the transport bearers for the user plane. This plane doesn't 

contain any information from the radio network layer. The transport network control plane 

acts between the control plane and the user plane. The transport network plane makes 

possible independence for the operation of application protocols in the radio network 

control plane of the selected technology for the data bearers in the user plane.  

Transport Network User Plane. This plane contains data bearers in the user 

plane and signalling bearers for the application protocol. The data bearers in the transport 

network user plane are directly controlled by the transport network control plane [12]. 

Finally, the whole UMTS protocol interworking architecture can be obtained by combining 

UMTS protocol architecture model and protocol stack, as it shown in Figure 2.6. 

 

 

 

 

 

 

Figure 2.6. UMTS protocol interworking architecture [11]. 

Uu Iub Iu 

User Plane

Control Plane

Transport Network Layer

UE BS RNC 

User Plane

Control Plane

Radio Network Layer 

CN 



 

 

11 

The protocol interworking assumes that protocol belongs to the same layer 

that extend across several network elements and executes a common wide procedures and 

functions. 

2.2.1 Radio Network Control Plane Protocol Stack 

The radio network protocols operate from UE across whole UTRAN and 

terminates at the Iu interface. The radio network protocols control, establish, maintain, 

manage and release radio access bearers and transmit signalling data along radio access 

bearers. 

 

 

 

 

 

Figure 2.7 Control Plane of Radio Network Protocol Stack [11]. 

The control plane protocols in the Radio Network Layer executes all control 

needs for management of radio access bearers. The Figure 2.7 illustrates the one of the 
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the Iu interface. In the 3GPP R99 the transport layers in the Iu interface are comprised of 

an SS7 protocol stack over ATM (Asynchronous Transfer Mode) or IP over ATM. 
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RNSAP (Radio Network Subsystem Application Part) – provides 

information exchange across the Iur interface. The RNSAP is executed by two RNCs, one 

of which takes the role of Serving RNC and the other acts as a Drifting RNC. The SRNC 

has a connection with the CN (the RNC roles will be explained later). The RNSAP 

operates always on the top of SCCP protocol and there are two signalling transport options 

below SCCP: ATM with an AAL5 adaptation layer or IP-based transport. 

NBAP (Node B Application Part) – is a Radio Network Layer protocol, 

which maintains the control plane signalling over the Iub interface and provides means for 

communication between BS and RNC. One peer entity of NBAP resides in the BS and for 

each BS the other entity resides in that RNC, which controls the BS (Controlling RNC). 

The ATM is used as transport technology for the carrying NBAP signalling. 

RRC (Radio Resource Control) – the major function of the RRC is to 

control the radio bearers, transport channels and the physical channels. This is done by set-

up, reconfiguration and release of different kinds of the radio bearers [11]. 

2.2.2 Radio Network User Plane Protocol Stack 

The User Plane information exchange takes place between the application of 

the UE (user) and the destination. The connection between these two nodes is realized over 

the physical connection, which is established over the Transport Network Control Plane. 

In the Uu interface the User Plane consists of the DPDCHs allocated for the 

connection. There is Packet Data Convergence Protocol (PDCP) is at the top of the 

protocol stack in the UE side (see Figure 2.8.) 

The Figure 2.8 represents the case when there are DRNC and SRNC 

manage the UE in the network, and connection between SRNC and CN is established via 

Iucs interface, i.e. connection with CN CS. The Frame Protocol (FP) for the corresponding 

channels is at the top of the sides, which are separated Iub and Iur interfaces. 
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Figure 2.8. User Plane of Radio Network Protocol Stack [11]. 
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3. UMTS RADIO TECHNOLOGY 

3.1 Access Technologies 

There are three basic air interface technologies that are used to share 

common resources: Frequency Division Multiple Access (FDMA), Time Division Multiple 

Access (TDMA) and Code Division Multiple Access (CDMA) (see Figure 3.1).  

 

 

 

 

 

Figure 3.1. Different types of the air interface technologies. 

Frequency Division Multiple Access. Different broadcasts in the same 

geographical region could be heard by using different radio frequencies. That is the idea 

behind FDMA technology. The whole frequency range is broken down into unique 

bandwidths and distributed to the users. Thus each user get a frequency space for the its 

operation. After that this user bandwidth is divided for two sub-bandwidths. One frequency 

to speak and one to listen on; thus duplex communication is available in the FDMA mode. 

The FDMA is widely used in cellular communications. 

Time Division Multiple Access. The next step in providing greater network 

capacity was to divide frequency into different slices of time. It's possible to combine the 

TDMA technology with frequency space division of the geographical area. Thus, dividing 

the frequency into multiple time slices so multiple users can access the same frequency at 

the same time. 
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Code Division Multiple Access. The CDMA uses digital format, identifies 

each conversation uniquely by a code rather than a frequency or slice of time. In the 

CDMA each user gets the whole system frequency bandwidth during the whole time. Each 

user has its own spreading code, which is used for the coding and decoding information for 

this user. The mobile terminal is listening the all signals from the all available BSs and 

detects necessary signal by a unique scrambling code that is used for this user. The Node B 

is listening all mobile terminals and separates them by a unique scrambling code. 

As it was mentioned in chapter 2, the main difference between 2G and 3G 

telecom systems is the air interface that provides for UMTS new possibilities. Also it 

concerns difference in access technology, that are used in these systems. The UMTS is 

using Wideband CDMA technology instead TDMA or FDMA. 

3.2 WCDMA Basics 

The UMTS is using wideband CDMA (WCDMA). The WCDMA is 

modification of the CDMA that using spreading of the transmission information in the 

frequency domain for the 5 MHz bandwidth. Thus main idea of the WCDMA is to reduce 

the power needs for the transmission of the information by spreading it along the frequency 

band. The frequency band is defined in the specifications from 4.5 up to 5 MHz. The 

power and spreading factor going to be a variable in the UMTS [12]. 

 

 

 

 

 

 

Figure 3.2. WCDMA Spreading information [11].
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The spreading process is like transformation of the some volume, which 

represents originating information. The edge of the volume is transformed during the 

spreading process in to the accordance with spreading factor. After that information bit is 

transmitted through the network and received by the recipient side. The recipient side starts 

despreading process, which returns the originating edge of the volume. During the whole 

evolution the volume of the information bit is still constant, and the edge only can be 

transformed. This idea is illustrated in Figure 3.2 [11]. The increasing of the spreading 

factor will initiate the decreasing of the power for the transmitting and increase the amount 

of the users. 

3.2.1 WCDMA Frequencies 

Since concerning the communication system - it is necessary to support full-

duplex communication between nodes (between the UE and BS in the terms of the 3G), 

e.g. communication in the both directions from the BS to UE and vice-versa in the same 

time. For this purpose UMTS has two modes of the WCDMA transmission channel – TDD 

(Time Division Duplex) and FDD (Frequency Division Duplex). 

From the radiotechnical point of view there was division of the radio 

frequency spectrum for the FDD and TDD modes that corresponds UMTS-FDD and 

UMTS-TDD systems. The whole radio spectrum was divided into paired terrestrial bands 

for 60MHz for the FDD mode. Thus reusability communication channel problem was 

solved for the transmitting payload in the two directions simultaneously. One band is used 

for the transmitting data in one direction (half-duplex) and the other one is used for the 

transmitting data in the opposite direction (half-duplex), i.e. the full-duplex system with 

total bandwidth 120MHz was obtained, as shown in Figure 3.3 [14].  Since the WCDMA 

channel bandwidth is 5 MHz totally we have 12 channels for the uplink and downlink in 

the UMTS-FDD. The same for the UMTS-TDD, total we have 7 WCDMA channels 4 of 

them are used for the uplink and the rest for the downlink.  

 

Figure 3.3 Radio Spectrum in UTRAN [14]. 
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The TDD method uses the same frequency band but alternates the 

transmission in time. The TDD system can be implemented on an unpaired band while the 

FDD system always requires a pair of bands. Switching between transmission directions 

requires time, and the switching transients must be controlled. To avoid corrupted 

transmission, the uplink and downlink transmissions require a common means of agreeing 

on transmission direction and allowed time to transmit. Corruption of transmission is 

avoided by allocating a guard period, which allows uncorrupted propagation to counter the 

propagation delay.  

3.3 WCDMS Advanced Features 

As it was mentioned in section 3.2.1 the bandwidth of the WCDMA channel 

is 5 MHz. However the effective bandwidth for WCDMA channel is 3.84 MHz and with 

guard bands for the decreasing interference between neighbour channel is 5 MHz, as it 

shown in Figure 3.4. 

 

 

Figure 3.4 WCDMA channel bandwidth. 

There are two basic ways for the spreading information over defined 

frequency band in WCDMA. The way to spread information is a kind of modulation, 

which is the process of the mixing the information and carrier signals. One way of 

modulation is frequency hopping (FH). The Frequency hopping means that transmitting 

information is located in the different parts of the defined frequency band as a function of 

time. That is changing the carrier frequency over the transmitted time of the signal 

produces the spread bandwidth. During a specified time span the carrier frequency is kept 

the same and after this time span the carrier is hopped to another frequency based on the 

spreading code. There are two types of the FH modulation: fast FH and slow FH. For the 

fast frequency hopping, the hopping rate is greater than the symbol rate. For the slow FH, 

hopping rate is smaller than symbol rate.  

Frequency effective bandwidth 3.84 MHz
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The other way to spread information is direct sequence (DS). The direct 

sequence means that the information to be transferred is spreading over the whole defined 

frequency band. In the case of the DS filling of the information channel looks like a noise 

that provides secure features for the whole UMTS system. In this case every signal is 

assumed to spread over the entire bandwidth of the radio channel. The frequency 

reusability is equal to one, it means that all users transmit data at the same frequency. 

Interference may therefore be generated from all directions in comparison with narrow 

band systems.  

The next type of spreading information is multi-carrier (MC) spreading. In 

this type of spreading several carriers are used in the defined frequency band. The MC 

spreads the original data over different sub-carriers using different frequency bands by 

denoting a spreading code. It has been decided that DS-WCDMA-FDD – Direct Sequence 

Wideband Code Division Multiple Access Frequency Division Duplex will be initial 

variant for UMTS system. DS-WCDMA-TDD Direct Sequence Wideband Code Division 

Multiple Access Time Division Duplex, MC-CDMA Multi-Carrier Code Division Multiple 

Access are considering as future possibilities for the UMTS developing [12]. 

The main element of the WCDMA communication channel is code that used 

for the multiple user access and for the security. The code is unique sequence of the 

elements that applied for the encoding information to be transferred. In the theory 

WCDMA should use one code, but in the practice there are several types of codes for the 

overcoming limitations of the radio path. The WCDMA uses two types of the code being 

channelisation code and scrambling code. The channelisation code is used in the uplink 

channel for the separation of physical data and control channels from the same terminal 

and in downlink channel for the separation of the dedicated user channels. The scrambling 

code is used for the separation of the terminals in the uplink channel and for the separation 

of the cells in the downlink channel. This idea is shown in the Figure 3.5. 

Thus, finally spreading code is product of multiplying of channelisation 

code by scrambling code. As it was mentioned above spreading code is used to separate 

different transmissions spread from all users over the defined frequency band. A spreading 

code is assigned to the beginning of the transaction by the network. Both ends of the 
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connection use the same spreading code to read the noise-like WCDMA signal. The 

channelisation code and scrambling code is the sequences of the orthogonal codes. It is 

main idea how to separate the necessary user information from the noise-like wideband 

signal. The main properties of the orthogonal code is that multiply two such codes, the 

product will be zero. So after receiving WCDMA signal it will be multiplied by the 

spreading code and the product will be originating encoded signal. 

 

 

 

 

 

Figure 3.5 Channelisation and scrambling codes. 

The WCDMA signal is multiplication of the original baseband signal and 

another wideband signal that represents a code. One bit of the baseband signal is being a 

symbol of the payload. One bit of the code signal is called a chip. So it makes possible to 

introduce the new dimension for the data transmission speed – chip rate. The code signal 

bit rate is 3.84 million chips per second. 

 

 

 

 

 

 

Figure 3.6 Spreading Information. Chip and Symbol [11]. 
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The Figure 3.6 demonstrates idea how the original signal is spreaded, 

transmitted through the Uu interface and despreaded. The scheme in Figure 3.7 is used for 

the spreading and despreading. In the input there is original narrowband signal, which is it 

multiplied by the wideband signal that is spreading code, transmitted through the air 

interface (Uu interface) and despreaded by the multiplying the same spread code [12]. 

 

 

 

 

 

Figure 3.7 Spreading, Transmitting and Despreading of Signal [11]. 

Since the effective bandwidth for WCDMA is 3.84 MHz, original signal to 

be transmitted should have the bandwidth less than bandwidth of the WCDMA channel 

which in turn is equal to bandwidth of the spreading code. So if the signal has a narrow 

bandwidth, then after spreading it will have bandwidth of the spreading code and thus, will 

be transmitted with greater bit rate (chip rate) than the original signal. The parameter that 

describes how many chips it is necessary for the one symbol of transmitting signal is called 

spreading factor. The spreading factor can be expressed mathematically as follow: kK 2� , 

where 8,....2,1,0�k . The dependence information transmission speed from the spreading 

factor is shown in the Table 3.1 [12]. 

The algorithm of the WCDMA works as following: initial system has a 

signal to be transmitted with some bandwidth and requires bit rate for the transmission for 

this signal from Quality Of Service (QoS). After this the spreading code will be chosen 

from the known bit rate with following selection of the spreading factor. 
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codes. Based on this there are 8191 scrambling code available in the downlink direction 

and millions in the uplink. The difference in the amount of the available scrambling codes 

in different directions can be explained as following. All uplink channels may use either 

short or long scrambling codes depending on the type of the physical channel in use.  

Table 3.1 Dependence Symbol Rate and Bit Rate from the Spreading Factor [12]. 

Spreading 
factor Symbol rate [ks/s] Bit rate [kb/s] 

256 15 15 
128 30 30 
64 60 60 
32 120 120 
16 240 240 
8 480 480 
4 960 960 

 

Channelisation code is used for the channel separation [11]. The codes used 

in Uu interface can be handled as code tree (see Figure 3.8), where branches are 

consequently blocked when a certain code on a certain Spreading Factor level is taken into 

use. When having huge amount of simultaneous calls every one of them having multiple 

radio links. Moreover every one of radio link may occupy multiple physical channels (and 

thus multiple codes) the code tree will be fragmented. 

 

 

 

 

 

 

Figure 3.8. Channelisation code tree and spreading factor [12]. 
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The channelisation code has the same length as the baseband data. As part 

of the spreading operation, the baseband data and the code are combined and spread. The 

result is a fixed length code that is then scrambled. This means that low date rates require a 

shorter channelisation code. The result is spread much more over the bandwidth, hence the 

higher spreading factor. 

As codes are released in different branches, the tree can become fragmented 

and the RNC should always try to reorganise the tree to make best use of the resources. 

Therefore in UMTS networks, it is possible that the channelisation codes could change 

during an action. 

3.4 The UMTS Air Interface 

The structure of the UMTS air interface is extremely complex. This section 

takes a system view of the activities in the air interface based upon the UMTS-FDD 

implementation.  

 

 

 

 

 

 

 

 

Figure 3.9 the Air Interface Structure. 
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The terminal is a platform that has different types of the applications 

running on top. These applications are represented by the data. The signalling represents 

the necessary control information that is needed for the connection management. 

The signalling and data are transmitted through the network on logical 

channels. There are different channels used for different purposes. However, the content of 

these logical channels is mapped into the physical channels. Different physical channels 

are used in the air interface. Before the information is transmitted on the air interface, the 

data must be encoded to support error correction, spreaded along the frequency spectrum to 

follow WCDMA technology. When the spreading takes place the data is combining with a 

channelisation code. The resulting information will be baseband data combined with 

channelisation code. After that data combined with a unique scrambling code before being 

modulated and transmitted over the air interface. The Figure 3.9 illustrates this idea. The 

receiving signal is reconstructed by the terminal and base station by collecting the 

circulating radio waves, reapplying used codes and remove the error correction coding. 

3.5 UMTS Channels Structure 

The purpose of this section is to describe the structure of the UMTS 

channels. The information exchange between the terminal and the UTRAN is achieved 

through a series of the channels. In the UMTS there are 3 layers of channels [10, 11]. 

The first layer is known as the logical channel. These channels are used by 

applications to communicate with the network. In the same time different logical channels 

are used for the different purposes, thus there are several logical channels that describe 

certain tasks. 

The information is consequently mapped through three types of channels 

being logical, transport, phisical channels. The Figure 3.10 illustrates this idea. 

The logical channels are: 

SCH - Synchronisation Channel contains synchronisation signals for that purpose UE will 

have access to the network procedures. 
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SCH BCCH PCH CCCH DCCH DTCH

SCH BCCH PCH FACH DCH

SCH1/2 CCPCH-1 CCPCH-2 DPCH

CССH DTCH DCCH

RACH DCH CPCH

PRACH DPDCH PCPCH DPCCH 
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BCCH - Broadcast Control Channel contains information about UE environment and cell 

management, such as power level, cell codes and etc. 

PCH - Paging Channel is serving for the paging UE, i.e. in order to find out its exact 

location for some reason. 

CCCH - Common Control Channel contain information for the all UEs that are in the cell. 

DCCH - Dedicated Control Channel contain control information when the dedicated 

channel is available. 

DTCH - Dedicated Traffic Channel contain user information 

 

 

 

 

 

 

Figure 3.10 Three Layers of UMTS channels [10,11]. 

The transport channels carrying the ready-made information flows are: 

 SCH - Synchronisation Channel carrying the Logical SCH. 

BCH - Broadcast Channel carrying the Logical BCCH. 

PCH - Paging Channel carrying the Logical PCH. 

FACH - Forward Access Channel carrying information coming from the Logical CCCH 

and DCCH, i.e. from common and dedicated control channels. 

RACH - Random Access Channel carries initial access information when required. 
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DCH - Dedicated Channel carries the combination of the user traffic and control 

information, the DCH carries information coming from the Logical DTCHs and DCCH 

CPCH - Common Packet Channel carries user packets if the common resources of the 

system are used for that purpose. 

The physical channels are:  

SCH 1/2 – Synchronisation Channels 1 and 2 contain synchronization information on the 

physical layer for the two physical channels primary and secondary. 

CCPCH-1 and CCPCH-2 – Common Control Physical Channels respectively for the 

primary and secondary physical channels, carries broadcast control information. 

DPCH (Dedicated Physical Channel) is product of multiplexing  DPDCH and DPCCH – 

Dedicated Physical Control Channel and Dedicated Physical Data Channel carrying control 

information and related user traffic. 

PRACH – Physical Random Access Channel contains information about initial used access 

information going from transport RACH channel. 

PCPCH – Physical Common Packet Channel carries the short packages information when 

there are no needs for the creation of the dedicated channel.  

When the information is collected from the Logical Channels and organised 

to the Transport Channels it is in ready-to-transfer format. Before transmitting the 

Transport Channels are arranged to the Physical Channels. 
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4. RADIO RESOURCE MANAGEMENT IN UMTS 

4.1 Introduction 

Mobile radio spectrum is very valuable and expensive resource. The more 

telecommunications traffic that can be handled at a given quality, for a given frequency 

bandwidth, the more efficiently the spectrum is used. Different algorithms can be used to 

optimise the radio resource utilization and to achieve the Quality Of Service (QoS) 

requested by the user. The following sections provide an essential information on efficient 

radio resource usage. 

The radio resource management is based on the QoS framework. The QoS 

considers a UMTS like a system with several classes. Each class offers a characteristic 

performance to its customers, defined as group behavior. For example it can offer the 

negotiated bandwidth at all times, regardless of congestion, interference, or degradation in 

the channel quality on the air interface. Each of the remaining two service classes has a 

parameter, which calls elasticity. In the case of congestion on the air interface, bandwidths 

offered to the users are adjusted in accordance with the elasticities of their. 

Group behavior of a class is implemented by the power control and the 

spreading control. There are different ways to implement the group behavior. One 

approach is to use adaptive power control based on target signal-to-interference ratio (SIR) 

and adaptive spreading control. The framework can be applied to the downlink as well as 

uplink channels of WCDMA system. In both cases a class-based bandwidth scheduling 

scheme is used to achieve differentiated QoS on the air interface. This is obtained by 

selectively reducing the transmissions rates of users when congestion on the air interface 

occurs. 

In order to facilitate the control and implementation of the bandwidth 

scheduling scheme, a radio resource allocation framework that characterizes the capacity 

of a WCDMA air interface is needed. Such a radio resource allocation framework should 

be applicable to WCDMA systems using conventional transmitters and receivers, as well 
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as those using performance enhancing techniques such as multiuser receivers, and smart 

antenna transmitters and receivers [17]. 

The fundamental concept of the UMTS is the separation of the access 

functionality from the core network functionality. The RAN provides an access platform 

for the UE to the whole CN and network services. It hides all radio access technology 

dependent and mobility functions from the CN.  

In the 3G RAN a transport technology needs to interconnect the network 

elements such as BSs and RNCs. The diverse QoS requirements of the applications 

themselves (e.g., real-time or non-real-time) combined with the requirements imposed by 

advanced radio control functions (e.g., soft handover and power control in WCDMA 

systems) require that the transport technologies provide differentiated QoS to multiple 

classes of traffic. The transport bearers need to support a variety of QoS requirements 

(delay, packet loss, etc.) and traffic characteristics (streaming, and etc.) [17]. The 

WCDMA radio control functions and real-time applications make different requirements 

depending from the type of traffic on the UTRAN transport network: 

• For real-time traffic, the tight end-to-end delay of the applications along 

with many other components in the delay budget impose rather stringent UTRAN transport 

delay requirements. It is specified as less than 7 ms in the 3GPP specification [17]. 

• For non-real-time traffic, the UTRAN transport delay is governed by the 

radio functions, in particular outer-loop power control and soft handover control. For the 

outer-loop power control to function properly, the round trip delay is preferably less than 

50 ms, corresponding to a one-way delay of 25 ms. This requires the transport delay to be 

less than 10 ms. For soft handover control, the two branches for macrodiversity combining 

must be synchronized, and larger delay will increase the complexity of maintaining the 

synchronization between the soft handover branches [17].  

The jitter requirement for UTRAN transport is not specified as a specific 

value but in general should be less than 10 percent of the transport delay. The loss ratio for 

UTRAN transport should be at least one order less than that of the air interface, so for 

voice traffic it should be less than 0.0001, and for data traffic less than 10-7. The stringent 
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requirements on delay, jitter, and loss ratio indicate that UTRAN transport is a “real-time 

mission-critical” application of the transport network. It should be given very high priority 

and firm commitment of resources in the transport network [17]. 

The main controlling element of the UTRAN is RNC, which is located 

between Iub and Iur interfaces (see the chapter 2). Based on the specifications, the aim is 

that the RNC should be able to maintain Radio Resource Management independently. 

Unlike in the GSM systems, the RAN has RNC-RNC interface (Iur) for this purpose. The 

RNC is the switching and controlling element of the UTRAN. 

The RNC may has various set of parts, but there are some amount of the 

constant entities (see Figure 4.1). The RNC has two main tasks to perform: radio resource 

management (RRM) and telecommunication management. 

 

 

 

 

 

 

 

Figure 4.1 General Diagram of the RNC [11]. 
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The sections below describes in the details each of these entities. 

4.2 Admission Control 

The air interface radio access has several limiting factors. The most 

important to control is the interference occurring in the radio path. Due to the nature and 

basic characteristics of WCDMA in the air interface, every UE accessing the network 

generates a signal and simultaneously this signal can be interpreted as interference signal 

from the other UE's point of view. When the WCDMA network is planned, one of the 

basic criteria for planning is to define the acceptable interference level with which the 

network is expected to function correctly. This planning-based value, the actual signals and 

the UE transmission set practical limits for the Uu interface capacity. The SIR value is 

used in this context. Based on the radio network planning the network is able to stand as 

maximum a SIR of certain size within the one cell. Another way to express the meaning of 

SIR is that, in the BS receiver, the interference and the signal must have a certain level of 

power difference in order to extract one signal out from the other signals using the same 

carrier. If the power distance between interfering components and the signal is too small 

the BS is not able to extract an individual signal out from this carrier any more. The UE 

having a bearer active through the cell consumes a part of the SIR and the cell is used up to 

its maximum level when the BS receiver is not able to extract the signal from the carrier 

[11]. 

 

 

 

Figure 4.2. Admission Control 
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After this based on the admission control decision RNC either accepts or rejects access to 

the network. 

It can be found that there is the relationship between the level of workload 

(load factor) of the cell and SIR. This relationship is direct and can be calculated by using 

the following equation: �
�

�
�
�

�

�
�	

loadFactor
SIR

1
1log10 . So, when the cell load exceeds 

70%, the interference in that cell will be very difficult to control. That is why the WCDMA 

radio network is normally dimensioned with expected capacity equivalent to load factor 

value 0.5 (50%). This value has a safety margin in it and the network will behave as 

expected. 

4.3 Code Allocation 

The code allocation is another RRM procedure that is used by UTRAN. As 

it was mentioned in the section 3.3, there are two codes used in the air interface. The both 

of them are maintained either by RNC or by BS, but in the last case the system will not 

have the information about radio resource control. Also as it was mentioned that both of 

these codes is required for the proper work. Because of the information separation reason 

the spreading code must be orthogonal. The spreading code is product of scrambling and 

channelisation codes. Every cell uses one scrambling code, it acts like a cell identification. 

Under every scrambling code the RNC has a set of channelisation codes, there are 512 

such code sets, as it shown in Figure 4.3. The more detail about codes can be found in the 

section 3.4. 

The BCH information is encoded with a scrambling code and thus the UE 

must first find the correct scrambling code value in order to get access to the cell. The 

correct value of the scrambling code can be downloaded by UE from the CCPCH, after the 

initial access to the cell. When a connection between the UE and the network is 

established, the used channels must be separated. The channelisation codes are used for 

this purpose.  
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Figure 4.3 Code Set in WCDMA air interface [11]. 

As it was explained in section 3.4 the codes used in Uu interface can be 

handled as channelisation code tree, where branches are consequently blocked when a 

certain code on a certain spreading factor level is taken into use. When having a lot of 

simultaneous calls each of them having multiple radio links every one of them carrying 

multiple channels the code tree will be easily fragmented. Fragmentation in this case 

means the phenomena where the probability of the blocked branch of the code tree 

increases too much and thus it starts to prevent new accesses to the system. For example, if 

an active call uses high bit rate over the Uu interface, the spreading factor value in use is 

very small. When spreading factor value in use is small it means that a very high level 

branch of the code tree is blocked. When this call is finished and simultaneously new calls 

access the system, the blocked code tree branch is not “released” before the new accesses. 

Thus, the new calls will use what-they-get spreading factor values. In this situation the 

system wastes capacity because the code channels allocated for the new calls are not 

necessarily allocated the best possible way. 

To handle this kind of situation, the system must be able to configure the 

radio links whenever required. In practice, this configuration change means that the RNC 

renegotiates spreading factor value of the radio connection by configuring an extra DCH in 
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use. This reconfiguration must be done over all the radio links the existing UE – network 

connection uses, this means the radio links allocated over another RNC (drifting RNC), 

too. The Iur interface will be used for this purpose. 

4.4 Power Control 

In the UTRAN the power control and its accuracy is extremely essential 

mainly due to following reasons: 

�� The UEs transmit simultaneously in time (not in different timeslots like 

in GSM) 

�� UTRAN uses very often only one frequency, i.e. frequency re-use factor 

gets value 1 in that case. 

�� Inaccuracy in power control immediately increases interference thus 

decreasing the capacity of the network. 

 

 

 

 

 

Figure 4.3 Power Control [11]. 

The physical facts, which are related to the radio path and distance are more 

or less the same as in GSM, but because of the three reasons stated above, the power 

control mechanism must be very accurate and fast.  

It is well known that despite its many advantages, WCDMA systems have a 

capacity that is interference limited. The aspect of power control is therefore crucial in 

minimizing the multiple access interference generated by the user in the network. On the 

uplink, in ideal case this amounts to receiving all users at the BS with a pre-specified SIR 
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for a given service and QoS. Due to the mobile propagation channel impairments like path 

loss, shadowing and fast fading ideal control can not be performed on a user. There are can 

be used several channel models for the estimation for the path loss during the signal 

propagation. One of them is expressed by the following equation: 

� �RL 10log6.371.128 ��� , where R is distance between the BS and UE in kilometers. 

Hence one objective of power control is to minimize the power control error (PCE). The 

power control error is a parameter that has a direct influence on the WCDMA capacity. 

Firstly, it upgrades the carrier to interference ratio (CIR) that means more traffic can be 

handled. The CIR is ratio between the received signal power and total received power. 

Secondly, a reduction of the mean transmission power can be achieved, which leads to 

length ended period of battery lifetime at the UE. Moreover within interference limited 

WCDMA system power control algorithms can reduce overall multiple access interference 

and with that allow to carry more traffic in the available shared spectrum. 

Factors that degrade the performance of the loop include among others, 

channel estimation and SIR estimation errors, return uplink power control command errors, 

round trip delay, UE speed (i.e. taking into account Doppler effect), UE step size resolution 

and the dynamic range of the handset. 

It is relatively easy to determine that the optimal situation from the BS 

receiver point of view is that the power representing one UE’s signal is always equal when 

compared to the other UE's signals no matter what is the distance between the UE and the 

BS. If so, the SIR will be optimal and the BS receiver is able to decode the maximal 

number of transmissions. There are three schemes of power control, that provides 

maintaining of the power level, being open loop power control, closed loop and outer loop. 

4.4.1 Open Loop Power Control 

When the UE accesses in the network, the initial level for accessing is based 

on estimate. This estimate in turn is based on the signal level received from the BS when 

the UE is in idle mode. The basis for the UE estimate is the downlink power level the UE 

detects from the Physical Channel PICH. The Figure 4.4 illustrates different types of the 

power control mechanisms. 
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In other words, the UE receives information about the used and allowed 

power levels from the Cell Pilot Channel when in idle mode. In addition, the UE evaluates 

the path loss occurring compared to the figures received from the BCH and based on this 

difference the UE is able estimate what might be a correct-enough power level to initialise 

the connection. 

 

 

 

 

 

 

Figure 4.4. WCDMA Power Control Schemes. 

4.4.2 Closed Loop Power Control 

When the radio connection is established the power control method is 

changed. During the connection the Closed Loop Power Control method is used. Within 

this method the BS commands the UE either increase or decrease its transmission power 

with the pace of 1.5 kHz (1500 times per second). The decision whether to increase or 

decrease the power is based on the received SIR estimated by the BS. The step size to 

increase or decrease is 0.5 dB. 

4.4.3 Outer Loop Power Control 

Due to the Macro Diversity (the UE simultaneously is attached to the 

network through more than one Cell), the RNC must be aware of the current radio link 

conditions and quality. The RNC knows the allowed power levels of the cell and target 

SIR. 
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In order to maintain the quality of the radio link, the RNC uses this Power 

Control method to adjust the SIR of the connection. By doing this, the network is able to 

compensate changes in the air interface propagation conditions and to achieve the target 

quality for the connection (BER, Bit Error Rate observation, FER, Frame Error Rate 

observation). 

There is difference between outer and inner loop power control 

mechanisms. The inner loop controls the transmission power on the physical channels in a 

static manner. An additional outer loop may adjust parameters for the inner loop like target 

values for the received level or the CIR. Control targets adjusted by the network are 

parameters for the outer loop power control, whereas the inner loop performs the physical 

implementation. 

The main task of the all power control mechanisms is to minimize received 

level of the ratio between energy of the signal from the BS and energy of the noise. It 

means that it that the system capacity is maximized for the required applications. 

Open-loop power control uses the UE's measurement of the power received 

from the BS to decide how to adjust the transmitted uplink power. This method is the most 

effective if the uplink and downlink channels are reciprocal, which is usually only the case 

when the uplink and downlink operate on the same frequency, e.g. in TDD mode. 

Closed-loop power control relies on feedback information from the opposite 

end of the communication link. This allows the UE to adjust its transmitted power based on 

the power received by the BS. 

In UMTS, open-loop power control is only used in TDD mode and for the 

initial power setting in the FDD mode. The closed-loop power control is used in FDD 

mode, and in the downlink of the TDD mode to compensate for the fading of the channel 

after the initial power level has been set. 
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4.4.4 Uplink Power Control 

The uplink closed-loop power control procedure in the UMTS is used for 

uplink Dedicated Channels (DCH) and for the uplink Common Packet Channel (CPCH). 

The procedure can be further subdivided into two processes, which operate in parallel: 

outer-loop power control and inner-loop power control. The outer-loop power control for 

the uplink operates within the BS, and is responsible for setting a target for the received 

SIR from the each UE. This target is set on individual basis for the each UE, according to 

the BLock Error Rate (BLER) of the decoded data received from that UE. The required 

BLER will depend on the particular service, which is being carried and therefore would for 

example usually be higher for a data service than for a voice service. The outer-loop power 

control will adjust the SIR target until the required BLER is matched.  

The inner-loop power control mechanism controls the transmitted power of 

the UE in order to neutralize adequately the fades in the channel, the BLER will increase 

and the outer-loop power control will increase the SIR target so that the advantage received 

SIR from the UE is increased. The BS compares the received SIR from the UE with target 

once every time-slot. If the received SIR is greater that the target, the BS transmits a 

Transmit Power Control  (TPC) command "0" to the UE via downlink dedicated control 

channel. If the received SIR is below the target, the BS transmits a TPC command "1" to 

the UE. 

The BS can also dictate to the each UE some parameters that it should use in 

responding to the TPC command. 

Power control step size. This parameter is the size of the step-change in 

transmitted power which the UE makes when ordered to increase or decrease its 

transmitted power. The UE can be instructed to use 1 dB or 2 dB step sizes. It can be 

shown that the optimum power control step size varies depending on the speed at which 

the UE is moving. The performance of the inner-loop power control is limited by the 

update rate of the closed-loop feedback which is 1.5 kHz. With this update rate a step size 

of 1 dB can effectively track a typical Rayleigh fading channel up to a Doppler frequency 

about 55 Hz, which corresponds to a UE speed about 30 km/h. At higher speeds up to 
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about 80 km/h it is better to use 2 dB step size. At UE speeds above about 80 km/h the 

Doppler frequency becomes to great for the 1.5 kHz closed-loop power control to be able 

to follow the fades in the channel. The "ups" and "downs" which are introduced in the 

transmit power by the power control then become uncorrelated with the channel and have 

effect of adding noise to the uplink transmission. It then becomes beneficial to reduce the 

adverse effect of this power control "noise" by using a much smaller power control step 

size. 

Accurate power control step sizes in a UE is not easy, placing the strictly 

demands on the power amplifier. The effect of the small power control step size is 

therefore realized in UMTS by the use of a different algorithm for interpreting the received 

TPC commands. 

Power control algorithms. There are two alternative algorithms which the 

BS can instruct the UE to use for interpreting TPC commands. 

Algorithm 1 is designed for use when the UE speed is sufficiently low for 

the inner-loop power control to neutralize effectively the fades in the channel, as described 

above. According to this algorithm, the UE simply interprets a TPC command equal to "0" 

as "down" and a TPC command "1" as "up". 

Algorithm 2 is designed to emulate the effect of using a step size smaller 

than 1 dB and is effective at neutralizing slow long-term trends in the level of channel 

attenuation rather than rapid short-term fluctuations. It uses the fact than N "ups" 

commands using a N
1  dB step have the same result in the terms of the final transmit 

power level as N-1 time-slots with no change in transmit power, followed by a 1 dB step in 

the N-th slot. In UMTS N=5 was found to be the most useful value, emulating a 0.2 dB 

step. 

When instructed to use Algorithm 2, UE does not change its transport power 

until it has received 5 consecutive TPC commands. After the end of 5 slots, the UE adjusts 

its transport power in the following way: 

�� If all 5 TPC commands are "0" – transmit power is decreased by 1 dB 
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�� If all 5 TPC commands are "1" – transmit power is increased by 1 dB 

�� Otherwise transmit power is not changed 

Algorithm 2 gives better performance than Algorithm 1 for stationary or 

almost stationary UEs, and for UEs moving faster than 80 km/h. A BS can also cause a UE 

to stop adjusting its uplink transmit power altogether, by instructing the UE to use 

Algorithm 2, and then transmitting an alternating series of "0" and "1" TPC commands to 

the UE. 

Uplink Power Control In Soft Handover 

The problem of the handover situation will be considered later. When a UE 

is in soft handover, it is in communication with more than one BS and will therefore 

receive more than one TPC command in each time-slot. If the UE is in softer handover 

with any of BSs, the network controls the TPC commands from those BSs so that all those 

BSs transmit the same TPC command in given time-slot. In this case the UE combines the 

TPC commands which it knows to be the same. TPC commands received from BSs with 

which the UE is in soft but not softer handover are combined in a manner based on the soft 

decoding of each command. 

Uplink Power Control In Compressed Mode 

The compressed mode is order for which the data from one frame is shared 

between a number of frames. This leaves a gap with no transmission, which can be used by 

UE to make measurements. The compressed mode can be either "downlink compressed 

mode" where the transmission gaps are only on the downlink channels, or "simultaneous 

downlink and uplink compressed mode" where the transmission gaps are on both uplink 

and downlink channels. In either case no TPC commands are received by the UE during 

the transmission gaps. So that when transmission resumes the UE's transmit power may be 

inappropriate for the prevailing channel conditions. The UMTS compressed mode power 

control procedure provide two mechanisms to fast establishment of the UE's transmit 

power to the correct level after each transmission gap. 
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Power Resume Mode. The Power Resume Mode (PRM) sets the UE's initial 

transmit power after a transmission gap. This can take one of the two values: either the 

same power as immediately before the gap, or a value equal to the approximated average 

of the transmit power over 32 slots before the gap. These values are defined in the terms of 

the difference RESUME� , from the transmit power immediately before the transmission gap. 

The first value is therefore given by 0�� RESUME , while the second possible value is given 

by iRESUME ��� , where i�  is given by a recursive relationship using the received power 

control commands and is executed once per 0.666 ms timeslot during the transmission 

periods between gaps: � � iiii MRPC ���� �����
�� 11 ,96875.09375.0 , where MRPC is 

the UE's Most Recent Power Change in transmit power in decibels, i.e. –2, -1, 0, 1, 2, 

depending on the step size and power control algorithm. The 1�i�  is initialised to zero 

when a dedicated channel is activated and also during the first slot after a transmission gap. 

The coefficient in this latter recursive method for the calculating RESUME�  

are set so that the approximated average converges to the exact average when the TPC 

commands during the 32 slots before the gap constitute a series of 32 identical TPC 

commands. The choice between the two PRMs is made by the network and signaled to 

each UE. The choice of PRM will depend upon the length of the compressed mode 

transmission gaps and the speed of the UE. If the transmission gap is sufficiently short, 

and/or the UE is moving sufficiently slowly, the channel attenuation at the end of a 

transmission gap will be partially correlated with the channel attenuation at the start of the 

transmission gap. In this case, it is best to start transmission after the gap using the same 

power as was used immediately before the gap (e.g. in the case of the long gap or fast 

moving of the UE). It is the best to resume using the (approximated) average power of the 

transmission before the gap. 

Power Control Mode. The second mechanism provided to optimise power 

control after the transmission gaps is the Power Control Mode (PCM). The PCM controls 

the power control step size and algorithm for interpreting TPC commands for a number of 

slots after each transmission gap. If PCM = 0, the power control step size and algorithm are 

the same immediately after a transmission gap as for rest of the transmission time. The 
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power control step size and algorithm for the PCM=1 are as shown in Table 4.1 for N slots 

after each transmission gap, where N is whichever is the smaller out of the transmission 

gap length and 7 slots. The period of N slots after each transmission gap is known as the 

"recovery period". 

Table 4.1. Power control Algorithm And Step Size Used In 

Recovery Period When PCM =1 

In Recovery Period 
Outside Recovery Period 

Algorithm Step Size (dB) 

Algorithm 1; 1 dB step 1 2 

Algorithm 1; 2 dB step 1 3 

Algorithm 2 1 1 

 

Setting PCM = 1 is beneficial when the closed-loop power control is well 

able to compensate the channel fades, as the case for UE speeds up to approximately 50 

km/h. For higher speeds, as well as for a stationary UEs PCM = 0 gives superior 

performance. 

Uplink Power Control For The Channel Initialisation 

When a new uplink dedicated channel is initialised the physical layer of the 

UE is instructed by higher protocol layers within the system to set the initial transmit 

power to a given value. The UE must be able to respond to this instruction with an 

accuracy of �9 dB under normal conditions, or �12 dB under derive conditions. Closed-

loop power control then begins, with TPC commands being transmitted on the control 

channels. 

The network may choose to signal a "power control preamble" of 8 time-

slots duration at the start of a new channel. During an uplink power control preamble, no 

user data is transmitted and closed-loop power control acts on the uplink and downlink 

control channels in the usual way, to enable the transmit power of the UE to convergence 
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to a suitable level before the beginning of the transmission of the user data. The initial 

power control step size and algorithm for the power control preamble are set in accordance 

with the values shown in Table 4.2, dependent upon the values signaled by the network for 

the main part of the transmission. 

Table 4.2 Power control algorithm and step size used Initially in power control preamble. 

At start of power control preamble 
Main part of transmission 

Algorithm Step Size (dB)

Algorithm 1; 1 dB step 1 2 

Algorithm 1; 2 dB step 1 3 

Algorithm 2 1 2 

 

The usage of a larger power control step size in the power control preamble 

than for the main part of the transmission enables the transmit power to converge more 

rapidly than would otherwise be the case. The UE assumes that its transmit power has 

converged to the desired level when the TPC commands received from the BS reverse in 

sign for the first time. At this point the UE changes its power control step and algorithm to 

those to be used for the main part of the transmission. If the TPC commands have not 

reversed in sign by the end of the power control preamble, the UE changes in any case to 

the normal algorithm and step size 

A power control preamble is particularly useful where it is desired to reach a 

high quality of service for the data channel in a short period of time, as is often the case 

when the service being carried is a packet data transmission. For this reason a power 

control preamble may be used on the uplink Common Packet Channel as well as dedicated 

channels. The actual proportion of times when the initial power error is fully corrected 

during the power control preamble depends on the magnitude of the initial error rate on the 

downlink TPC commands and the power control algorithm and step size.  
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4.4.5 Downlink Power Control (FDD Mode) 

The inner- and outer-loop power control acts on downlink dedicated 

channels in a similar way to the uplink. The UE uses the pilot symbols on the downlink 

control channel to estimate the downlink SIR. This estimation is compared with a target. If 

the estimation is greater than the target the UE transmits the TPC command "0" to the BS 

via the uplink dedicated control channel, otherwise the UE transmits the TPC command 

"1".  

There is no mandatory requirement on the manner in which BS should 

respond to the TPC commands received from UE. Indeed the BS may choose not to change 

the downlink power in response to TPC commands. However, if the BS does change the 

power of the relevant downlink channels, it must do so in multiples of either 0.5 dB or 1 

dB. The minimum mandatory step size to be supported by BS is 1 dB, 0.5 dB steps are 

optional. However if a UE is in a soft handover with a number of BSs, those BSs should all 

use the same power control step size. The BSs must also maintain the power of each 

downlink channel within a specified range. 

No special algorithms are specified for the BS in compressed mode, 

although a BS may behave in a similar manner to the uplink power control in compressed 

mode. 

4.4.6 Power Control in TDD Mode 

In the TDD mode the uplink and downlink channels are mutual, as they 

operate in the same frequency band. The uplink transmit power on each dedicated channel 

in TDD mode is set as a function of the following parameters: 

1. SIR target targetSIR  this is set by higher protocol layers in the BS and signaled to each 

UE. The SIR target is set to a suitable value to meet the required BLER target. 

2. Measured downlink path loss PCCPCHL . Each BS broadcasts on the downlink Broadcast 

Channel (BCH) the value of the transmitting power value on the downlink Primary 

Common Control Physical Channels (PCCPCH). The downlink path loss is calculated 
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from this value and the measured received power on the PCCPCH. The uplink and 

downlink path losses are assumed to be equal. 

3. Long-term average downlink path loss 0L . This value calculated by UE is used to 

offset the changes in channel properties between the downlink and uplink timeslots. 

4. Interference signal power at BS BTSI . This is broadcast by each BS on the downlink 

BCH and is measured in dBm 

The uplink transmit power is given by: 

� � constant1 target0 �������� SIRILLP BTSPCCPCHUE ��  

The constant is signalled by the network, thus allowing the network operator 

to adjust the power of the UE. The weighting parameter �  is calculating by the UE and 

used to reflect the reliability of the downlink path loss calculation as a measure of uplink 

path loss. The method for calculating �  is not defined, but a useful function might include 

the length of the delay between the downlink and uplink timeslots. The uplink transmit 

power for the common physical channel is set in the same way, but without the values of 

target,0 , SIRandIL BTS . 

The power of the downlink PCCPCH is set by the network and broadcast on 

the BCH. The downlink dedicated channels use closed-loop power control in a similar 

manner to FDD mode. The UE transmits "up" and "down" TPC commands on the uplink 

Dedicated Physical Channel (DPCH) depending on whether the estimate is above or below 

a target SIR. The frequency of uplink TPC commands is negotiated between the UE and 

the network, but must be at least once per frame (10 ms). 

4.4.7 Level-Based Power Control 

Using level-based power control, the transmission power will be adjusted by 

taking into account the deviations in the receiving signal from a pre-determined value. It is 

assumed that the compensation corrections made at the transmission are unaffected by 

other factors and directly take effect at the receiver side. To keep the mechanism simple 
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the actual path loss value is neglected. An adjustment is made in UL and DL according to 

the same target level.  

 The transmission power is adopted by � �receivedPPPP ��� target , where targetP  

holds the required target level for the receiving power. This method requires signalling of 

the receiving power level from the opposite side instead of an explicit control command. 

Such power control scheme has been evaluated in the equation for the power level for a 

macro-cellular UTRAN environment. 

UMTS CIR-Based power control 

In the CIR-based power control method transmission power is adjusted 

according to a required target CIR at the receiver side. The inner loop control mechanism 

can be expressed by following: 

�
�

�
�

�

���

��	



tarestPC

tarestPC

CIRCIRif

CIRCIRif
PP  

where PC�  is a constant power step width of 1, 2 or 3 dB signalled by the 

opposite station via a TPC command. This mechanism requires a value as the target CIR 

for every user, which is set by the outer loop dependent of the service type, physical 

channel and the current environment. 

 

4.5 Handover 

The basic reason behind a handover is the same as in the GSM system; the 

air interface connection does not fulfil several criteria set for it and thus either the UE or 

the RAN initiate actions in order to improve the connection. In the WCDMA, the handover 

with GSM-like meaning is used in context of the Circuit Switched calls. In the case of the 

Packet Switched calls the handovers are made when neither the network nor the UE has 
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any packet transfer activity. The handover types in the WCDMA, however, are different 

from the ones present in the GSM systems. 

The soft, softer and hard are the main three types of the handovers in the 

WCDMA. Their difference is that in the case of soft handover, the “old” radio link 

connection is maintained when the “new” radio link connection is gained. The “old” radio 

link connection may or may not be dropped. Thus, in case of soft handover, the UE may 

have several radio link connections active simultaneously. In the case of hard handover the 

“old” radio link connection is released before the UE accesses the network through the 

“new” radio link connection. 

These handover types have differences to each other but the common 

nominator for all of them is handover criteria (why the handover should be performed) and 

the logic how the need for the handover is investigated. Roughly, the criteria for the 

handover are based on the same items as in GSM. 

 

 

 

 

 

 

Figure 4.5.  Handover Decision Making Mechanism. 

During the connection the UE continuously measures some items 

concerning the neighboring cells and reports the status of these items to the network up to 

the RNC. These items are measured from the neighboring cells PICHs. The RNC checks 

whether the values indicated in the measurement reports trigger any criteria set. If they 

trigger, the new BS is added to the active set. 
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An active set is a list of the cells through which the UE has connection to 

the network, i.e. through which the ‘Radio Link Setup’ has been made. The minimum size 

of the active set is 1 cell and maximum size is 3 cells. This is, the UE may have active 

radio connection between itself and the network through 3 cells simultaneously. The idea 

of the handover decision algorithm is shown in Figure 4.5. 

The measurement events may be triggered based on the following criteria: 

�� Change of the best cell 

�� Changes in the PICH signal level 

�� Changes in CCPCH signal level 

�� Changes in SIR level 

�� Changes in interference signal code power level 

�� Periodical reporting 

�� Time to trigger 

The general principle of the handover algorithm is based on idea of the 

concurrent receiving by UE signal from the two differ BSs and switching from one to 

another one, as it show in Figure 4.6 [11] 

 

 

 

 

 

Figure 4.6 Handover principle. 

Let's assume that the UE is located in one cell (cell 1) and moving toward 

another cell (cell 2) and consider the case of the handover with SIR level as criteria. With 

moving away from the BS of cell 2 the SIR level of the signal from the cell 1 will be 

decreased. In the same time the SIR level of the signal from the cell 2 will be increased.  

upper threshold 

lower threshold 

BS1 BS2

Soft handover window 

 2) Add BS2

 1) Connection to BS1

3) Drop BS1

 4) Connection to BS2 



 

 

47 

Using the macrodiversity phenomena the UE can manage the both signals 

from the cell 1 and cell 2 (in more details this mechanism will be considered later). For the 

handover managing there are several pre-defined values:  

�� upper (lower) thresholds – is the level of the SIR strength of the connection is at the 

maximum (minimum) acceptable level in respect with given QoS. 

�� handover margins – is a set of the points, where the SIR strength of the cell 2 is started 

to exceed the SIR strength of the current cell (cell 1). 

So, as far as UE is moving toward the cell 2, the SIR level of the cell 1 is 

decreasing because of the fading, interference, losses and other corresponding reasons. In 

the same time the RNC of cell 1 has been detected that there is one more signal from the 

cell 2. When the SIR of signal from cell 1 is equal to the lower threshold, then RNC adds 

the signal from the cell 2 to its active signal set. Upon this moment the UE has two 

simultaneous connections to the UTRAN and hence it benefits from the summed signal, as 

sum of signals from the cell 1 and the cell 2. At this points there is equal quality of the both 

signals, but as far as UE is moving towards the cell 2, then the quality of the signal cell 2 is 

being the better. In this time RNC keeps this point as the starting point for the handover 

margin calculation. When the SIR strength of the summed signal will be equal to the upper 

threshold, than the interference level from the signals from the cell 1 and cell 2 will be 

suitable for the operating with cell 2 only. After that the RNC decides to release the 

connection with the cell 1 and continues to operate only with the cell 2 signal. 

4.5.1 Soft Handover 

Soft Handover is performed between two cells belonging to different BSs 

but not necessarily to the same RNC. The source and target cells of the soft handover have 

the same frequency. In case of a circuit switched call the terminal is actually performing 

soft handovers all the time if the radio network environment has small cells as it show in 

the Figure 4.7. 
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Figure 4.7 Soft intra-RNC handover. 

During soft handover, a UE is in the overlapping cell coverage area of two 

sectors belonging to different BSs. Seen from the UE these are very few differences 

between soft and softer handovers. However, in the UL direction soft handover differs 

significantly from softer handover: the code channel of the UE is received from the both 

BSs, but the received data is then routed to the RNC for selective combining. 

Inter-RNC soft handover 

The main difference between Intra-RNC and Inter-RNC soft handovers is 

that the Inter-RNC soft handover takes place between two BSs controlled by separate 

RNCs. The following terms are related to the inter-RNC soft handover. 

Serving RNC (SRNC) is a role an RNC can take with respect to a specific connection 

between a UE and RAN. These is one serving RNC for each UE that has a connection to 

RAN. The serving RNC is in charge of the radio connection between an UE and RAN. The 

serving RNC terminates the Iu for this UE. 
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Figure 4.8 Soft Inter-RNC handover. 

Drifting RNC (DRNC) is a role an RNC can take with respect to a specific connection 

between a UE and RAN. The drifting RNC supports the serving RNC with radio resources, 

when the connection between the RAN and the UE needs to use the cells controlled by this 

RNC. 

Controlling RNC (CRNC) is a role an RNC can take with respect to a specific set of 

WCDMA BSs. The controlling RNC has the overall control of the logical resources of its 

BSs. There is only one controlling RNC for any BS. 

4.5.2 Softer Handover 

In softer handover the BS transmits through one sector but receives from 

both of the sectors. In this case the UE has active uplink radio connections with the 

network through two cells populating the same BS. The idea of the softer handover is 

illustrated in Figure 4.9.  
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Figure 4.9 Softer handover. 

During softer handover a UE is in the overlapping cell coverage area of two 

adjacent sectors of a BS. The combination between UE takes place concurrently via two air 

interface channels, one of each sector separately. This requires the use of two separate DL 

scrambling codes, so that UE can distinguish the signals. In the DL two signals are 

received in the UE by means of the special RAKE processing. In the UL the code channel 

of the UE is received in the each sector. During softer handover only one power control 

loop is active. 

 

4.5.3 Hard / Interfrequency Handover 

The WCDMA hard handover is a ‘GSM-like’ handover made between two 

WCDMA frequencies. There is three frequency bands available in to the accordance with 

WCDMA standard. Figure 4.10. In case of hard handover, the connection through the old 

cell is released and the connection with the radio network continues through the new cell. 

Hard handover is not recommended unless there is a desperate need: this handover type 

increases interference easily.  
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Figure 4.10 Hard Handover. 

4.5.4 Hard / Intrafrequency Handover 

This type of handover is performed if the Iur interface is not available. For 

example, between the two RNCs that are belong to different RANs. Intra-frequency inter-

RNC hard handover is a special case of inter-RNC soft handover. It is based on the same 

measurement events, which are usually applied to soft handover. It is also based on the 

decision of the handover control algorithm of RNC when the average CPICH power 

difference between the neighbour cells and the best active set cell exceeds the maximum 

allowed difference, and the RNC is not able to perform an inter-RNC handover between 

the cells. Intra-frequency hard handover causes a short disconnection of a real-time radio 

access bearer. 

4.5.5 Inter-System Handover 

Because of the possible co-existence of the different radio accesses in the 

3G network, the UE should be able to fluently change the radio access technology when 

required. In order to present this kind of situation, the 3G Specifications identify the 

combination of WCDMA and GSM as one source for inter-system handovers. It is clear, 

that inter-system handover is hard type handover, because there is no interface between 
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UMTS RNC and GSM BTC (Base Transmission Controller). The connection is available 

only through the CN and it makes impossible the soft handover. 

The possibility to perform an inter-system handover is enabled in the 

WCDMA by a special functioning mode, slotted mode. When the UE uses Uu interface in 

slotted mode, the contents of the Uu interface frame is “compressed” a bit in order to open 

a time window through which the UE is able to peek and decode the GSM BCCH 

information. The idea of the inter-system handover is illustrated in Figure 4.11. 

Additionally, both the WCDMA RAN and GSM BTS must be able to send 

each other’s identity information on the BCCH and BCH channels so that the UE is able to 

perform the decoding properly.  

 

 

 

 

Figure 4.11 Inter-System handover. 

4.6 Micro and Macro Diversity 

There are two mechanisms being micro and macro diversity, which provides 

possibility to manage by UTRAN multipath radio signals in the UMTS. 

The phenomena of the micro diversity is that BS RAKE receiver, which has 

a special type of antenna providing feature to receive several signals concurrently, using 

special construction of the antenna. After that all signals are transmitted to the special BS 

combiner that has summed signal as the output, as it shown in Figure 4.12. 

The micro diversity provides to the UMTS possibility to utilize such 

phenomena as multipath propagation. The multipath propagation occurs because of the 

obstacles in the trajectory of the radio signal propagation. The most effective mechanisms 
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that play role in the multipath propagation is the diffraction, scattering, interference and 

reflection, because of these effects the same signal from the UE arrives into the BS in the 

several copies with a random delay. 

 

 

 

 

 

Figure 4.12 Micro Diversity [11]. 

The macro diversity (MDC) is the service of the UMTS, that provides 

possibility to send (and receive) signal from (to) several BS to (from) UE. This service is 

needed for the soft handover and also as separate service that increases the QoS for the UE 

serving. In this case the UE can improve receiving signal by using the macro diversity by 

receiving not only one signal from one BS, but the several signals from the several sources. 

The Figure 4.13 illustrates the macro diversity. 

 

 

 

 

 

Figure 4.13 Macro Diversity [11]. 

The macrodiversity combining function of the RNC handles the combining 

and splitting of the transport protocol frames in the Iub/Iur interfaces during a diversity 
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handover. The purpose of the MDC is to enhance the transmission quality by continuously 

selecting only the best transport block from the multiple branches of Iub/Iur for the further 

uplink processing. 

The MDC in the RNC is based on the information received from the BSs in 

FP frames, namely transport block specific CRC check results and frame reliability 

information. The Iur interface doesn't differ from the DSP's point of view in the SRNC. In 

DRNC the DSP acts as a dummy bridge, moving the FP packets from Iub to Iur interface. 

There is also other approach, where in the case of the inter-RNC soft handover when there 

are several BTSs from a DRNC in the active set of the mobile station, the macro diversity 

combining/splitting may take place also in the DRNC. In the macro diversity 

combining/splitting takes place in the SRNC, the Iur transport resources for each radio link 

are allocated separately. If the macro diversity combining/splitting takes place in the 

DRNC, the DRNC indicates on a radio link-by-link basis if the radio link has been 

combined with another radio link in the DRNC [17]. 

The Connection Frame Number (CFN) is included in UL/DL DCH frames. 

During the soft handover the CFN is common for all branches. In the UL CFN is used 

when the transport blocks from different branches are selected. In the DL CFN is mapped 

into BS Specific Frame Number (SFN). 

The goal of macro diversity is to enhance radio performance by transmitting 

the same information over several parallel paths to (from) UE. 

4.7 SRNC Relocation 

It is extremely hard to describe all procedures that belong to the radio 

resource management. Let's consider one of them, that is called the SRNC Relocation. 

As was explained early, there are three RNC roles, being Controlling RNC 

(CRNC), Serving RNC (SRNC) and Drifting RNC (DRNC). Referring to the bearers, the 

RNC is key switching point between the Iu bearers and radio bearers. Thus, one radio link 

between the UE and the RNC contains information exchange through a radio bearer. The 

radio bearer is related to the UE context, which is a set of the definitions required in Iub in 
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order to manage dedicated and common connections between the UE and the RNC. The 

main task of the SRNC is holding the Iu bearers for the certain UE. The SRNC is also 

responsible for segmentation of the downlink upper layer data towards the air interface and 

scheduling of the downlink data transmission for the dedicated channels as well as 

reassemble of uplink data from air interface. The task of the DRNC is allocating UE 

context through itself after the request comes from the SRNS via Iur interface. At the same 

time the task of the CRNC is controlling for BS common transport and the collection of the 

BS communication context. 

 

 

 

 

 

Figure 4.13a SRNC Relocation. 

It is necessary to mark that during the UMTS evolution these roles of the 

RNC may be changed by the user request. Since UTRAN utilizes macrodiversity, the UE 

may have several radio bearers between itself and RNC. This situation is known as soft 

handover. Both SRNC and DRNC roles are functional and thus may change their physical 

location. When the UE moves in the network performing the soft handover (Figure 4.13), 

the radio link connection of the UE would be accessed entirely through different RNC than 

the SRNC, which originally performed the first radio bearer setup for this UE. In this case 

the SRNC functionality will be transferred to the RNC, which practically handles the radio 

connection for the UE. This procedure is called SRNC relocation. 

During the SRNC relocation procedure the RNC to which the SRNC will be 

moved is called the target RNC.  To achieve a seamless relocation SRNC, procedure has to 

be executed at a time instance, which is interleaving period border for all services. This is 

Iub

Iub

Iur

CN 

UE BS

BS

SRNC

DRNC 
Target RNC 



 

 

56 

because the segmentation and transport format selection for one interleaving period has to 

be done at one time and physical instance. 

 

 

 

 

 

 

Figure 4.13b SRNC Relocated. 

When the UE is in dedicated channel state, the Iur interface has been 

defined between SRNC and DRNC for soft handover functionality and Iur data streams. 

When a UE is in common channel state, there are no services with high QoS demands 

ongoing, thus making it a suitable point in time to perform SRNC relocation. 

If SRNC relocation is not performed immediately when accessing to a new 

RNC, it means that Iur data streams has to be supported in common channel state. If the 

SRNC relocation is performed immediately upon entering a cell controlled by a new RNC, 

then all protocol termination points and the radio resource management functionality can 

be connected to the new RNC by performing SRNC relocation. After SRNC relocation the 

network is optimally prepared for the higher traffic levels. 

There will always be some hysteresis involved in the cell reselection process 

to avoid ping-pong access effect between cells in the common channel state. The idea of 

the hysteresis is in different ways for the switching between two cells, that is shown in 

Figure 4.6. There is a risk for ping-pong SRNC relocation, but that can be partially relieved 

by using slightly higher hysteresis values in the cell reselection process. A higher 

hysteresis value may be communicated to the UE on BCCH in the cells belonging to a 

SRNC - target RNC border area. 
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5. THE RNSAP SIGNALLING 

The RNSAP Radio Network Subsystem Application Part (RNSAP) protocol 

is operating between two RNCs over the Iur interface, as it was mentioned in chapter 2. 

The next section provides information about radio resource related management in the 

UMTS networks. Let's consider the RNSAP RRM procedures as example of the real-life 

protocol, which is dealing with RRM. The RNSAP consists from the set of the elementary 

procedures (EP), and each of them takes a piece of the whole functionality of the RNSAP. 

There are three types of the EPs: 

�� Class 1: request and response (see Figure 5.1) 

Response message for Successful Outcome 

Response message for Unsuccessful Outcome 

Response message that can indicate either Successful or 

Unsuccessful Outcome 

�� Class 2: request without response 

 

 

 

 

Figure 5.1 Class 2 and Class 1 Elementary Procedures. 

The exchanged messages are called Protocol Data Unit (PDU). The protocol 

provides the set of rules managing PDU's exchange and specifies the logical connection 

between two peer entities. 
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5.1 RNSAP Elementary procedures 

The RNSAP has four types of the elementary procedures that classified by 

their functionality: 

�� Basic mobility procedures 

�� Dedicated Channel procedures 

�� Common Transport Channel procedures 

�� Global procedures 

The basic mobility procedures are used to handle the mobility within 

UTRAN. The dedicated channel procedures are used to handle DCH and DSCH between 

RNCs. The common transport channel procedures are used to control common transport 

channel data streams over the Iur interface. The global procedures are used for the 

interworking of two CRNCs. 

The signalling transport provides two different service modes for RNSAP 

being connection oriented and connectionless. Connection oriented data transfer service is 

supported by a signalling connection between two RNCs. It is possible to dynamically 

establish and release signalling connections based on the needs. Each active UE shall have 

its own signalling connection. The signalling connection provides in sequence delivery of 

RNSAP messages. The RNSAP notifies if the signalling connection breaks. In the case of 

the connectionless data transfer service RNSAP notifies that a RNSAP message did not 

reach the intended peer RNSAP entity. 

5.1.1 Basic mobility procedures 

Uplink Signalling Transfer – this procedure is used by the DRNC to forward a Uu message 

received on the CCCH to the SRNC. The procedure uses the connectionless mode of 

signalling bearer [4]. 
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Downlink Signalling Transfer – this procedure is used by the SRNC to request to the 

DRNC the transfer of a Uu message on the CCCH in a cell. The procedure uses the 

connectionless mode of signalling bearer [4]. 

Relocation Commit – this procedure is used by source RNC to execute the SRNC 

relocation. This procedure will be considered later. The procedure uses the connection 

oriented mode of signalling bearer [4]. 

Paging – this procedure is used by the SRNC to indicate to a CRNC that a UE will be 

paged in a cell or UTRAN registered area that is under the control of the CRNC. The 

procedure uses the connectionless mode of signalling bearer [4]. 

5.1.2 Dedicated Channel procedures 

Radio Link Setup – this procedure is used for establishing the necessary resources in the 

DRNC for one or more radio links. The procedure uses connection oriented mode of 

signalling bearer [4]. 

Request message Successful Outcome Message 
Unsuccessful Outcome 

Message 

RADIO LINK SETUP 
REQUEST 

RADIO LINK SETUP 
RESPONSE 

RADIO LINK SETUP 
FAILURE 

   

Radio Link Addition – this procedure is used for establishing the necessary resources in the 

DRNC for one or more additional radio links towards a UE when there is already at least 

one radio link has been established to the concerning UE via this DRNC. The procedure 

uses connection oriented mode of signalling bearer [4]. 

Request message Successful Outcome Message 
Unsuccessful Outcome 

Message 

RADIO LINK 
ADDITION 
REQUEST 

RADIO LINK ADDITION 
RESPONSE 

RADIO LINK ADDITION 
FAILURE 
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Radio Link Deletion – this procedure is used to release the resources in a DRNC for one or 

more established radio links towards a UE. The procedure uses connection oriented mode 

of signalling bearer [4]. 

Request message Successful Outcome Message 
Unsuccessful Outcome 

Message 

RADIO LINK 
DELETION 
REQUEST 

RADIO LINK DELETION 
RESPONSE 

RADIO LINK DELETION 
FAILURE 

 

Synchronised Radio Link Reconfiguration Preparation – this procedure is used to prepare a 

new configuration of all radio links related to one UE-UTRAN connection within a DRNC. 

Synchronized Radio Link Reconfiguration Commit or Synchronized Radio Link 

Reconfiguration Cancellation procedures can be used for the finalizing the reconfiguration 

process. The procedure uses connection oriented mode of signalling bearer [4]. 

Request message Successful Outcome Message
Unsuccessful Outcome 

Message 

RADIO LINK 
RECONFIGURATION 
PREPARE 

RADIO LINK 
RECONFIGURATION 
READY 

RADIO LINK 
RECONFIGURATION 
FAILURE 

 

Unsynchronised Radio Link Reconfiguration – this procedure is used to reconfigure radio 

links related to one UE-UTRAN connection within a DRNC. The procedure is used when 

there is no needs to synchronise the time of the switching from the old to the new radio 

link configuration in the cells used by the UE-UTRAN connection within the DRNC. The 

procedure uses connection oriented mode of signalling bearer [4]. 

Request message Successful Outcome Message 
Unsuccessful Outcome 

Message 

RADIO LINK 
RECONFIGURATI
ON REQUEST 

RADIO LINK 
RECONFIGURATION 
RESPONSE 

RADIO LINK 
RECONFIGURATION 
FAILURE 
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Physical Channel Reconfiguration – this procedure is used to by the DRNC to request to 

SRNC the reconfiguration of one of its physical channel. The procedure uses connection 

oriented mode of signalling bearer [4]. 

Request message 
Successful Outcome 

Message 

Unsuccessful Outcome 

Message 

PHYSICAL CHANNEL 
RECONFIGURATION 
REQUEST 

PHYSICAL CHANNEL 
RECONFIGURATION 
COMMAND 

PHYSICAL CHANNEL 
RECONFIGURATION 
FAILURE 

 

Dedicated Measurement Initiation – this procedure is used by the SRNC to request the 

initiation of dedicated measurements in a DRNC [4]. 

Request message Successful Outcome Message 
Unsuccessful Outcome 

Message 

DEDICATED 
MEASUREMENT 
INITIATION 
REQUEST 

DEDICATED 
MEASUREMENT 
INITIATION RESPONSE 

DEDICATED 
MEASUREMENT 
INITIATION FAILURE 

 

Synchronized Radio Link Reconfiguration Commit – this procedure is used to order the 

DRNC to switch to the new configuration for the radio links within the DRNC, previously 

prepared by the Synchronized Radio Link Preparation procedure. The procedure uses the 

connection oriented mode of signalling bearer [4]. 

Synchronized Radio Link Reconfiguration Cancellation – this procedure is used to order 

the DRNC to release the new configuration for the radio links within the DRNC, 

previously prepared by the Synchronized Radio Link Preparation procedure. The 

procedure uses the connection oriented mode of signalling bearer [4]. 

Radio Link Failure – this procedure is started by the DRNC when one or more radio links 

are not longer available. The procedure uses the connection oriented mode of signalling 

bearer [4]. 
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Radio Link Restoration – this procedure is used to notify establishment and re-

establishment of uplink synchronisation on the Uu interface. The procedure uses the 

connection oriented mode of signalling bearer [4]. 

Dedicated Measurement Reporting – this procedure is used by the DRNC to report results 

of measurements requested by the SRNC with the Dedicated Measurement Initiation 

procedure. The procedure uses the connection oriented mode of signalling bearer [4]. 

Dedicated Measurement Termination – this procedure is used by the SRNC to terminate 

previously requested by the Dedicated Measurement Initiation procedure. The procedure 

uses the connection oriented mode of signalling bearer [4]. 

Dedicated Measurement Failure – this procedure is used by DRNC to notify the SRNC 

that a measurement terminate previously requested by the Dedicated Measurement 

Initiation procedure can no longer be reported. The procedure uses the connection oriented 

mode of signalling bearer [4]. 

Downlink Power Control – the purpose of this procedure is to balance the downlink 

transmission powers of the radio links for one UE. The procedure uses the connection 

oriented mode of signalling bearer [4]. 

Compressed Mode Command – this procedure is used to activate or deactivate the 

compressed mode in the DRNC for one UE-UTRAN connection. The procedure uses the 

connection oriented mode of signalling bearer [4]. 

Radio Link Pre-emption – this procedure is started by the DRNC when resources need to 

be freed. The procedure uses the connection oriented mode of signalling bearer [4]. 

5.1.3 Common Transport Channel procedures 

Common Transport Channel Resource Initialisation – this procedure is used 

by the SRNC for the initialisation of the Common Transport Channel user plane towards 

the DRNC and/or for the initialisation of the Common Transport Channel resources in the 

DRNC to be used by a UE. The procedure uses the connectionless mode of signalling 

bearer [4]. 
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Request message Successful Outcome Message 
Unsuccessful Outcome 

Message 

COMMON TRANSPORT 
CHANNEL RESOURCE 
REQUEST 

COMMON TRANSPORT 
CHANNEL RESOURCE 
RESPONSE 

COMMON TRANSPORT 
CHANNEL RESOURCE 
FAILURE 

 

Common Transport Channel Resource Release – this procedure is used by SRNC to 

request release of Common Transport Channel Resources for a given UE in the DRNC. 

The SRNC uses this procedure to release the UE context from the DRNC. The procedure 

uses the connectionless mode of signalling bearer [4]. 

5.1.4 Global procedures 

Error Indication – this procedure is initiated by a node to report detected errors in a 

received message, provided they cannot be reported by an appropriate response message. 

The procedure uses the connection oriented mode of signalling bearer [4]. 

5.2 Radio Resource Management procedures in RNSAP 

Let's consider more deeply the scenario of the soft handover with following 

SRNC relocation and corresponding RNSAP procedure, which are involved in radio 

resource management across UMTS radio network subsystems. 

Let's assume that the UE is moving across the one cell, that is managing by 

the SRNC, towards to the another cell, that is controlled by the DRNC. UE may start to use 

macrodiversity when it reaches the boundary region between cells. It means that UE can 

receive the signals from the both BSs, as it shown in the Figure 5.2. The more details about 

macrodiversity can be found in section 4.6. For this purpose it is necessary to establish 

radio link between the DRNC and UE, RNSAP Radio Link Setup procedure can be used 

for this.  
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Figure 5.2. Soft handover scenario.  

UE has active RRC connection with UTRAN during the whole serving time. 

It provides possibility to have updated measurement reports about the status of the radio 

connection parameters. UE sends measurement reports to the SRNC. These reports are 

used by the SRNC to make decisions about managing the radio resources over the Iur 

interface and for other purposes. 

SRNC contains the handover algorithm, which uses the measurement 

reports data. Once SRNC realises that UE measurement report results fulfil handover 

criteria for the cell located in BS 2. SRNC finds that target cell located in BS 2 belongs to 

other RNC. 

The SRNC begins on the UTRAN side by the requesting over the Iur 

interface the Drifting RNC to setup a new radio link. The SRNC requests the DRNC for 

radio resources by sending RNSAP message Radio Link Setup Request. Since this is the 

first radio link via this DRNC for this UE, a new Iur signalling connection will be 
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established. This Iur signalling connection will be used for all RNSAP signalling related to 

this UE.  

 

 

 

 

 

 

 

 
 

 

 

 

Figure 5.3. Radio Link Setup Procedure [1]. 

If requested resources are available, DRNC sends NBAP message Radio Link Setup to 

NodeB.  

NodeB allocates requested resources. Successful outcome is reported in NBAP message 

Radio Link Setup Response. DRNC sends RNSAP Radio Link Setup Response to SRNC. 

SRNC initiates setup of Iur/Iub Data Transport Bearer using ALCAP protocol.  

Node B and SRNC establish synchronism for the Data Transport Bearer by exchange of 

the appropriate DCH Frame Protocol messages Downlink Synchronisation and Uplink 

Synchronisation.  

When the Iub communication is ready the SRNC sends the RRC Active Cell Update 

message to the UE.  
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UE acknowledges with RRC message Active Set Update Complete. 

If there was any unavailable resource on the way of the Radio Link Setup Request PDU, 

then unsuccessful outcome message Radio Link Setup Failure will be received by the 

SRNC. 

Now the first connection with another BS, which is managing other RNC is 

established and this DRNC starts to play the role of DRNC, i.e. transmits data via the Iur 

interface and thus connects UE with CN. It means that from this moment macro diversity is 

available for the UE in the cell, which is controlled by the DRNC. 

 

The next procedure, since there are radio links between UE and DRNC 

available, is the RNSAP Radio Link Deletion. The Radio Link Deletion Procedure releases 

radio link between UE and DRNC. When the UE moves across the network during the 

transaction, it comes to the point where the SRNC finds out from the received 

measurement reports that a radio connection carrying the radio bearer through drifting cell 

does not fulfil the criteria set to the radio connection anymore.  

 

 

 

 

 

 

 

 

Figure 5.4 Radio Link Deletion Procedure [1]. 
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UE sends RRC Measurement Report to the DRNC, which sends it to the SRNC as out-in 

message in the UL Signalling Transfer procedure. When this happens, the SRNC indicates 

to the UE that this particular radio connection can be removed from the active set by 

sending message RRC Active Set (see Figure 5.4). The UE stops DL reception through 

undesirable radio link and acknowledges by sending an RRC Active Set Update Complete 

message to the SRNC. 

SRNC requests DRNC to release radio resources by sending RNSAP Radio Link Deletion 

Request message. 

DRNC sends NBAP Radio Link Deletion Request message to the Node B. Node B releases 

radio resources. Successful outcome is reported in NBAP Radio Link Deletion Response 

message. DRNC sends RNSAP Radio Link Deletion Response message to the SRNC. 

SRNC initiates release of Iur/Iub Data Transport Bearer using ALCAP protocol. 

In the case if the last radio link between UE and UTRAN was deleted all 

parameters of radio link is released. And there is no possibility to add new radio link by 

Radio Link Addition procedure. It is necessary to establish new connection between UE 

and UTRAN by Radio Link Setup procedure. 

 

 

 

 

 

 

 

Figure 5.5. Radio Link Reconfiguration Procedure [1]. 
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During the UE moving may occur some changes on the radio path between 

UE-DRNC, which affect on the connection quality. After that SRNC may decide to 

improve the quality of the connection between the DRNC and UE by sending the RNSAP 

Radio Link Reconfiguration procedure (see Figure 5.5) with new radio link parameters. 

SRNC initiates RL reconfiguration between DRNC and UE by sending RNSAP Radio 

Link Reconfiguration Prepare message to DRNC with desirable parameters.  

DRNC requests Node B configure RL by sending NBAP Radio Link Reconfiguration 

Prepare message. 

SRNC requests its Node B to RL reconfiguration sending Radio Link Reconfiguration 

Prepare message. 

Node B prepares RL configuration with requested parameters and notifies DRNC that the 

RL reconfiguration is ready by sending NBAP Radio Link Reconfiguration Ready 

message. DRNC notifies SRNC that the RL reconfiguration is ready by sending RNSAP 

Radio Link Reconfiguration Ready message. 

Transport bearer for the DSCH is setup on Iur and Iub interfaces. DCH synchronisation 

procedure is carried out on the DSCH bearer, between SRNC and Node B.  

RNSAP message Radio Link Reconfiguration Commit is sent from SRNC to DRNC for 

finalizing RL reconfiguration. NBAP message Radio Link Reconfiguration Commit is sent 

from DRNC to Node B for finalizing RL reconfiguration. 

SRNC sends Physical Channel Reconfiguration message to UE indicating that the DSCH 

channel has been moved to the target DSCH radio link.  

At the indicated time UE stops receiving DSCH on the source DSCH radio link and starts 

reception on the target DSCH radio link. The UE returns a Physical Channel 

Reconfiguration Complete message to SRNC. 

When the UE moves across the network there will be a situation where the 

UE Context originally created is not controlled with a reasonable SRNC. Thus, the SRNC 

functionality must be carried from one RNC to another. This procedure, which provides 

possibility to manage this, is called Serving RNC Relocation and it requires activities to be 

performed in two interfaces, Iu and Iur. 
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When the original Serving RNC realises that there is a need for SRNC 

Relocation, i.e. when the very first Radio Link created for the UE Context is about to be 

released.  

The source SRNC sends RANAP Relocation Required messages to CN. See 

Figure 5.6. Upon reception of RANAP Relocation Required [1] message the CN element 

prepares itself for the switch and may also suspend user data traffic and signalling between 

UE and itself for some bearers. When preparation is completed the CN node sends a 

RANAP Relocation Request message to the target RNC.  

The target RNC and CN node establish the new Iu transport bearers and L2 

resources for each Radio Access Bearer related to CN node. When the source RNC and the 

target RNC have completed its preparation phase, RANAP Relocation Request 

Acknowledge message is sent to CN by target RNC [1]. 

 

 

 

 

 

 

Figure 5.6. SRNC Relocation Procedure [1]. 
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preparation phase at the CN side for the SRNS Relocation by sending the RANAP 
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The target RNC sends the RANAP Relocation Detect message to the involved CN node 

and also executes both the DL and UL switch for all bearers at the earliest suitable time 

instance. UL data transmission to the old Iur transport bearer is stopped. Upon reception of 

Relocation Detect message, the CN may switch the user plane from the source RNC to the 

target RNC. The DL data received from the old Iur is discarded. 

Immediately after a successful switch at RNC, target RNC (=SRNC) sends RANAP 

Relocation Complete messages to the involved CN node. If the User plane has not been 

switched at RANAP Relocation Detect, the CN switches from the old Iu transport bearers 

to the new ones. 

After a successful switch at the CN node, the CN node initiates the release of the Iu 

connection to the source RNC by sending the RANAP message Iu Release Command. 

Upon reception of the release requests from the CN node the old SRNC executes all 

necessary procedures to release all visible UTRAN resources that were related to the RRC 

connection. 

SRNC confirm the Iu release to the CN node sending the message RANAP Iu Release 

Complete 

From the data flow point of view, there are a few possibilities to maintain 

the required quality of service for the bearers. 

Lossless SRNC Relocation. In this case CN element (it might be as 3GMSC 

or SGSN as both of them) suspends the traffic between itself and UE upon reception of 

Relocation Required message from source RNC and before sending the Relocation 

Request to the target RNC. Another way is that CN only relies on retransmission protocol 

not locating within the UTRAN [10]. 

Truly seamless SRNC Relocation. The CN indicates to the target RNC that 

is able to use point to multipoint configuration for the old and new Iu links in the 

Relocation Request message. When the point to multipoint configuration is setup the CN 

node sends a Relocation Detect message to the source RNC to indicate that target RNC 

may execute the switch [10].   
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A break allowed in SRNC Relocation. The CN in the Relocation Request to 

the target RNC that it prefers execution of hard switching instead of point to multipoint 

configuration. This causes that the target RNC sends a Relocation Detect message to 

trigger the execution of the hard switch in CN node. In this case the CN waits for reception 

of Relocation Detect message and make the DL and UL switch immediately upon 

reception of the message. The resulting length of the break is dependent on the bearer 

types, UTRAN timing and on the speed of the signalling connections. 

5.3 Transport Management over Iur interface 

The Iur interface between SRNC and DRNC Transport Plane consists of 

Asynchronous Transfer Mode (ATM) and its adaptation layer(s) (AAL) located on top of 

the Physical Layer (Figure 5.7). The Physical Layer could be any media providing constant 

bit rate with adequate bandwidth. In the Iur interfaces ATM uses two adaptation layers 

AAL2 and AAL5. The AAL2 offers synchronous mode and connection oriented 

connection with variable bit rate for the service using this adaptation. The AAL5 offers 

asynchronous mode and connection oriented connection with variable bit rate. The AAL is 

divided down into two sublayers. The first one is convergence sublayer and it prepares the 

data from the upper layer protocol for proceeding. The second sublayer splits data to be 

transmitted into suitable payload pieces and in receiving direction it collects payload pieces 

and assembles them back to original data flow. 

 

 

 

 

 

 

Figure 5.7. Transport Plane of the Iur interface. 
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In the control plane there is a convergence stack of protocols between the 

RNSAP signalling and AAL5, which seamless signalling transmission to the ATM (see 

Figure 5.8). The SCCP is standard transport protocol, which provides connection-oriented 

and connectionless services within an SS7 environment. The adaptation of the SCCP 

protocol on top of the IP protocol stack was two convergence protocols. These protocols 

are Stream Control Transport Protocol (SCTP) and MTP3 User Adaptation Layer (M3UA). 

The purpose of these two sublayers is to provide the SCCP layer with an 

illusion of sitting on top of the regular MTP3 service as it has been in the 

telecommnication networks. 

SCTP assumes that it is running over an IPv4 or IPv6 network. The main 

purpose of the SCTP is to provide a robust and reliable transport bearers. SCTP provides 

appropriate congestion control procedures, fast retransmit and so on.  

 

 

 

 

 

 

Figure 5.8. Control Transport plane protocol stack of RNSAP. 
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traffic, nor real-time traffic and delay) for the connection, the Transport Plane must use 

different adaptation layers in order to handle those requirements correctly. 

 

 

 

 

Figure 5.9. Transport Plane Data Flows 
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6. IMPLEMENTATION OF RNSAP 

The RNSAP implementation is a part of the Nokia 3G SDL Library Project 

ongoing in the Nokia Research Center. Its main objective is to construct a library of 

executable prototype SDL models for UMTS signalling protocols. The other important 

objective of the project is to keep implemented prototypes up-to-date. 

6.1 Tools and Languages 

Any complex telecommunication system, such as UMTS protocol stack, 

needs for the its implementation powerful tools. Tools should relieve the designer from 

taking care of every small detail to concentrate on high-level logic. The project uses 

framework, which utilizes Specification and Description Language (SDL), Abstract Syntax 

Notation No. 1 (ASN.1) and Computer Added Software Engineering (CASE) tools. 

6.1.1 Specification and Description Language 

The Specification and Description Language (SDL) is formal specification 

language, which was standardized by ITU-T (International Telecommunication Union, 

Telecommunication Sector) in the ITU-T Recommendation Z.100. Nowadays SDL is used 

widely in the telecommunication industry as a general-purpose description language for 

communication systems. SDL area of concern is behavior, structure and data of the system 

under specification. 

In the SDL there are two representation notations being textual (SDL-PR) 

and graphical (SDL-GR). The SDL allows several levels of abstraction by decomposition 

of the system into the four main hierarchical levels: system, block, process and procedure. 

6.1.2 Abstract Syntax Notation One 

Abstract Syntax Notation One (ASN.1) is a generic notation for specifying 

data types and values, especially those that should be transferred via some communication 

medium. ASN.1 is widely utilized in telecommunication industry for the purpose of 

protocol specification and has been standardized by ITU-T in Recommendation X.680. 
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The ASN.1 language is used for definition of protocol data types, interfaces and PDUs. 

3GPP recommendations provides ASN.1 definitions for RNSAP signalling protocol. 

Associated with ASN.1 there are encoding rules that determine the transfer 

format for every ASN.1 value. Transforming of ASN.1 values to the transfer format is 

encoding, the reverse process is called decoding. It is defined in 3GPP that PER (Packet 

Encoding Rules) are used in the encoding/decoding of RNSAP PDUs. The PER is 

standardized in ITU-T X.691 recommendation. 

The ASN.1 definitions for RNSAP have the structure that is quite similar to 

the object-oriented concept. Each PDU consists two elements ProtocolIEs (protocol 

Information Elements) and ProtocolExtensions. These elements are playing the roles of the 

container for the IEs, which are in the PDU.  

RadioLinkSetupRequestTDD ::= SEQUENCE { 
 protocolIEs              ProtocolIE-Container 
 protocolExtensions       ProtocolExtensionContainer OPTIONAL, 
 ...} 

Each IE definition has four fields: ID, Criticality, Type and Presence, which 

with combination of the grouping values, provides powerful tool for the system values 

description. For example: 

ie-D-RNTI-RadioLinkSetupResponseTDD-IEs RNSAP-PROTOCOL-IES ::= { 
  ID  id-D-RNTI 
  CRITICALITY ignore 
  TYPE  D-RNTI 
  PRESENCE  rnsap-optional } 

6.1.3 SDL Design Tool 

The SDL Design Tool (SDT) is a tool developed by a Swedish company 

Telelogic. The SDT allows to get executable SDL models and has built-in object-oriented 

features. SDT provides possibility for analysis, code generation, simulation, connection to 

test case generation tool and validation of the SDL models. SDT contains number of tools, 

such as SDT Organizer, SDL Editor, MSC (message Sequence Chart) Editor, Analyzer, 

Simulator and Validator. 

The SDT Organizer allows to construct system from the separate modules 

and provides possibility to manage connection between modules. There are four type of 

modules in the SDL System, Block, Process and Procedure. They provide possibility have 
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a different level of abstraction for the developer, see Figure 6.1. The SDL Editor is a tool 

for the designing SDL parts in the SDL-GR notation. The Analyzer is a tool for the 

semantic checking of the SDL system. The MSC Editor is a SDT tool, which is used for 

the operation with MSC and provides possibility to trace executing system with MSC. The 

Simulator is a tool, which simulates the constructed executable system.  

 

 

 

 

Figure 6.1 SDL structure. 
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CVOPS (C-based Virtual Operating System) is used partially and really only 

CVOPS-RTS (Run Time System) libraries from CVOPS is used for the frame and memory 

handling functions. 

The whole code generation flow is represented in the Figure 6.2 [14] 
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Figure 6.2 Code Generation Flow [14]. 

Compile

*.asn CASN ASN4SDT

ASN2PER ASN2C

*.sdl*.stx *.sdl

*.c *.c *.c

SDT Analyser

Code generator

*.c *.c

Link

Minimal
CVOPS RTS
library files

*.o

Simulation
Validation

Application

ASN2C
RTS

library files

ASN4SDT
RTS

library files

libcvrts.lib librts.lib libasn4sdtrts.lib

compile compile compile

SDT RTS
library filed,
kernel files

kernel.lib

compile

ASN.1
definitions

Syntax tree files SDL model files

Hand written
own C code



 

 

79 

6.2 Protocol Development Process 

Let's consider the software and protocol engineering process imposed in this 

project. There is one simplification in the project for the protocol engineering process. 

There are ready specifications for the protocols, which are available from the 3G 

standardization organization – 3GPP (3rd Generation Partnership Project). So it avoids the 

stage of the initial specification design phase of the protocol. Because of these 

characteristics the software approach has its own features, as shown in figure 6.3.  

 

 

 

 

 

 

 

Figure 6.3 Development Process. 
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The customer feedback is valuable in the project and together with new 

protocol releases may initiate re-design of the protocol elements or addition of some new 

features.  

6.3  RNSAP SDL implementation 

The SDL implementation of RNSAP protocol has been made following [4]. 

The SDL implementation of RNSAP protocol realises specification completely. The 

structure of the SDL Module RNSAP can be found in the Figure 6.4. The RNSAP is 

represented by SDL Module type RNSAP that contains the set of the SDL Blocks. 

 

 

 

 

 

 

 

 

 

Figure 6.4. RNSAP SDL Module. 

The RNSAP is a symmetric protocol, i.e. its entities are the same in their 

functionality and represents RNC. An RNSAP procedure can either be initiating any peer 

entity and the other RNC will be a responder. Since this feature, it can simplify the SDL 

implementation of RNSAP. There is only one peer entity was implemented as a SDL 

Block Type RNSAP_RNC.  
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There are three processes inside the SDL Package RNSAP_RNC, being 

RNSAP_DEDICATED, RNSAP_COMMON, and RNSAP_RED as it shown in the Figure 

6.5. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 6.5. The RNSAP_RNC Module. 

The RNSAP_DEDICATED process contains procedures the RNSAP 

Dedicated Channel procedures (see section 5.1 for the list of the Dedicated Channel 

procedures). The DCH procedures are used to handle DCHs, DSCHs and USCHs between 
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two RNCs. There is set of the dedicated processes, one dedicated process per each user. 

Figure 6.6 presents example SDL code from RNSAP_DEDICATED block to demonstrate 

the usage of procedure.  

  

 

 

 

 

 

 

 

 

 

Figure 6.6. Example of SDL procedure. 

The RNSAP_COMMON process contains the RNSAP Common Transport 

Channel Procedures. These procedures are used to control common transport channel data 

streams over the Iur interface. There is set of the common processes, one common process 

per each Iur interface. The RNSAP_RED process contains Routing, Encoding and 

Decoding functionality. 

6.3.1 RNSAP Testing 

When computer software is considered, black box testing alludes to tests 

that are conducted at the software interface. Although they are designed to uncover errors, 

black box tests are used to demonstrate that software functions are operational; that input is 
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properly accepted and output is correctly produced; and that the integrity of external 

information is maintained. A black box test examines some fundamental aspect of a system 

with little regard for the internal logical structure of the software [15]. For the protocol 

black box testing means that there are right response messages for the each sent message.  

White box testing of software is predicted on close examination of 

procedural details. Logical parts through the software are tested by providing test cases that 

exercise specific sets of conditions and/or loops. The "status of the program" may be 

examined at various points to determine if the expected or asserted status corresponds to 

the actual status [15]. For the protocol it means that there are correct logical structure and 

content of the sending PDUs. In the present work there was used symbol testing using 

Message Sequence Chart (MSC) and set of tools for the diagrams as white box testing.  

The idea of the symbol testing is in the comparison of the corresponding 

fields in the sent and received PDUs, which are involved in the information exchange 

between two protocol entities. The objective of the application protocol is information 

exchange between protocol entities. When RNSAP receives request service primitive it put 

information data into the PDU, encodes it and sends through the network to another peer 

entity. The recipient receives PDU, decodes it and transmits information data to the 

indication primitive. The request and indication service primitives contain the same 

information data. The same is for the pair of response and confirmation service primitives, 

which are indicates response action for request message.  

 

 

 

 

 

Figure 6.7. RNSAP testing system. 
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The SDT has some advanced features in the Simulator tool, such as for SDL 

code tracing, which makes debugging process more easily. The Figure 6.7 shows the whole 

RNSAP testing system with low-level protocols, which was used in white-box testing.  

6.3.2 Experience 

The specification process of the UMTS protocols is ongoing on time of 

writing present thesis. The Iur interface and RNSAP protocol is still not completely 

specified and new requirements are coming. It means that the new changes must be traced 

and implemented into the RNSAP SDL model, which is one of the objectives of the 3G 

SDL Library Project. ASN.1 and SDL allow flexible possibility to implement necessary 

changes into the protocol prototype SDL model. During the work on this thesis the RNSAP 

prototype model successfully survived several updates to new versions of RNSAP 

specifications from the 3GPP TS 25.423 v.3.4.0 (Release 99) up to version 3GPP TS 

25.423 v.4.4.0 (Release 4).  

The major problem during updates to the new releases is common data 

types, which are shared between several protocols in the stack. They can initiate problems 

during the integration stage, if they were not defined in the proper way. 

The next problem is that current version of the ASN.1 tools is still not 

support the dynamic memory allocation. Because if this static memory allocation is used as 

a temporary solution. It initiates the new problem of the memory consumption. 

Also there is another problem of the structure of ASN.1 definitions that 

provided by the 3GPP specifications. The solution for this problem was found in the 

transformation of 3GPP ASN.1 definitions to the structure, which has been accepted by 

ASN.1 tools. Although it is good as a temporary solution, it is not an answer for the long-

term employment.  
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7. CONCLUSION 

This thesis gives overview out of the UMTS structure and emphasising to 

functionality of RRM of UMTS Terrestrial Radio Access Network. UMTS is considering 

as evolution step from 2G to advance. The introduction of new WCDMA based air 

interface imposed new requirements for UMTS Radio Access Network. New principles 

employed on radio interface redefine the concept of radio resource management 

implemented in GSM. The network architecture of both systems is almost similar. 

However, the services UMTS offers are much more diverse.  

Bigger capacity of the air interface is one of the new features of the UMTS 

and it is very dependent on efficient radio resource management procedures. RRM is 

needed to guarantee QoS, to maintain the planned coverage area and to offer high capacity. 

RRM is located in both UE and RNC inside UTRAN. It contains various algorithms, which 

aim to stabilise the radio path enabling it to fulfil the QoS criteria set by the service using 

the radio path. 

This thesis dealing with RRM features over UMTS Iur interface, i.e. across 

UMTS radio network subsystems. RNSAP is protocol that has resided entities in RNC and 

manages RRM over Iur interface. RNC is a logical element of the UTRAN, which is 

responsible for managing resources of Node B that have a radio interface and radio path to 

the end user equipment. Also the RNC connects the radio network subsystem and core 

network. That is why the right behavior of RNC is very important factor in UTRAN.  

The Iur is new interface, which provides possibility to have new services 

that were unavailable early. Also Iur provides possibility to move managing and control 

functionality partially from CN to RNC. Today Iur RRM functions offer power control 

services and support of handover procedure. Thus RNC manages SRNC relocation 

operation, which provides possibility to have additional functions foe support UE mobility. 

This illustrates that the common trend is to move management functions from CN to 

UTRAN. It looks that future tendency is that all management and control functions from 

CN will be moved to RNC or to Node B. 
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