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Abstract

This study investigates the possibility to use traffic predictions to reduce the delay, when exe-
cuting system functions in WCDMA networks. The soft handover system function has been
chosen for closer examination.

The report begins with a thorough description of direct sequence CDMA, WCDMA and the soft
handover function.  That is the background needed to understand the problems identified. 

The problems identified are the point in time when the function is executed and the delay during
the execution. Simulations show the effects if the delay during the execution is too long. Name-
ly, the interference in the system will increase, which degrades the system capacity and the qual-
ity of service. Similar effects are assumed if the function is executed at an improper point in
time.

The first problem is solved by using a method for predicting when a soft handover is about to
take place, which makes it possible to start the soft handover function earlier. The second prob-
lem is solved by executing a pre-handover sequence, including time consuming parts of the
function, at a non-critical point in time. When to start the pre-handover sequence can be decided
by using the same handover prediction method as in the first problem.
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1 - Introduction
1 Introduction

1.1  Background
The demand for mobile communications together with the popularity of the Internet, have cre-
ated an increased need for mobile terminals with access to Internet services. However, the sec-
ond generation mobile communication systems in use today do not provide the data rates needed
for mobile Internet. Another problem today is that in areas with high population density, the fre-
quencies allocated for mobile communication systems are exhausted. The need for higher data
rates and better frequency spectrum efficiency has been driving the evolution of the second gen-
eration mobile communication systems towards the mobile Internet. 

The first step towards mobile Internet is the General Packet Radio Service (GPRS) [1], which
recently has been introduced in Europe. GPRS is an extension to the second generation Global
System for Mobile communications (GSM), and will increase the data throughput rates, from
9.6 kbps to 115 kbps. With GPRS the users will always be on line with quick access to services,
and they will only pay for the data transmitted. A further extension of the GSM system is En-
hanced Data rates for Global Evolution (EDGE) [1]. EDGE will offer data rates of up to 384
kbps using the existing GSM radio band.

The last step will be the third generation mobile communication systems, often referred to as
3G systems. The first 3G systems, will be commercially introduced in Japan during 2001, and
in Europe about a year later. These systems will provide much higher bit rates, and better use of
the limited frequency spectrum than the mobile communication systems of today. The 3G sys-
tems will be based on a wideband Code Division Multiple Access (CDMA) radio access tech-
nology. Several wideband CDMA schemes has been proposed [2], and much work has been
done to agree upon one single global air interface standard. However, due to strong commercial
interests, no agreement has been reached, and there will be more than one standard around the
world

In Europe the 3G system will be called Universal Mobile Telecommunication System (UMTS)
[1], and will coexist with the GSM used today. Mobile user equipment units (UEs) will be able
to switch between the systems if needed. UMTS will be based on the Wideband CDMA (WCD-
MA) scheme, and will allow data rates of up to 1.92 Mbps. UMTS is standardized by a stand-
ardization project called 3rd Generation Partnership Project (3GPP) [3]. 3GPP was formed by
a number of standardization organisations from Europe and Asia, like the European Telecom-
munication Standard Institute (ETSI) and the Association of Radio Industries and Business
(ARIB) based in Japan. The purpose with 3GPP has been to come up with a global 3rd genera-
tion mobile communication system.

1.2  Problem
The 3G systems operates in a rapidly changing and time critical radio environment. Together
with the high data rates defined in UMTS, the radio environment puts high demands on these
systems. 
Jonas Ohlsson 21 December 2000 1



1 - Introduction
One important issue for the systems is the delay when system functions are executed. When you
make a call to a system function, like soft handover or call setup, several procedures are execut-
ed, and the delay is determined by the time that it takes to execute those procedures. 

Another important issue is the point in time when the system functions are executed. Preferably
the functions should be executed at a point in time, when the cost to execute the functions is as
low as possible.

The traditional way to design the system functions is to call the necessary procedures when a
certain condition is fulfilled. Instead the system fuctions could be designed to execute some of
the procedures before the desired condition actually is met. This will decrease the actual delay,
but in a case where the condition is not fulfilled valuable resources will be wasted. In an area
where the user movement easily can be predicted, like a motorway or a railway line, this ap-
proach will be very useful. In areas where the traffic is more randomized the gain will not be
that high.

1.3  Objectives
The main objective of this study is to investigate and evaluate if, and how, pre-allocation and
pre-configuration of radio resources can be used to cut down and minimize the delays in a typ-
ical system function. The pre-allocation and pre-configuration is based upon predictions of
where the user is and where he is going. 

In more detail the objectives are:

• To analyze the implementation of an existing system function

• Understand the characteristics of the network and why they are as they are.

• Understand where, how and to what extent a method with pre-allocations and pre-configu-
rations can be used to improve delay characteristics.

• Propose method (develop an algorithm) for improved delay-characteristics, based on pre-
allocations and pre-configurations.

• Implement and test the proposed method in a simulated environment.

1.4  Scope
As mentioned before no worldwide standard for 3G systems have been agreed upon. There ex-
ists some different schemes defined for wideband CDMA. This report will only cover the WCD-
MA Frequency Division Duplex (FDD) scheme used in UMTS. 

The system function that will be investigated during the study is the soft handover function.
Methods for reducing the delay when executing the soft handover function, and executing the
function at a proper point in time, will be proposed. However, the methods for reducing the de-
lay will not be limited to the soft handover function. It will be possible to apply the same meth-
ods to other functions as well.
Jonas Ohlsson 21 December 2000 2



1 - Introduction
There are two ways of reducing the delay during the execution of the soft handover function.
The first obvious approach is to cut down the time it takes to execute time consuming parts of
the function. This can be done by using fast hardware, which unfortunately will be very expen-
sive. A second approach is to execute one or several time consuming parts at a non time critical
point in time, and the remaining parts when they are needed. In this study the focus will be on
the second approach. 

The time consuming parts of the soft handover function are related to the physical layer of
WCDMA. Therefore, extra attention will be put at the physical layer, and the physical layer pro-
cedures.

1.5  Report structure
The report structure can be found in Figure 1.1.

Figure 1.1. Report structure.
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2 - Direct sequence CDMA
2 Direct sequence CDMA

2.1  Fundamentals
The traditional way to transmit radio signals is to separate the frequency domain into narrow
frequency channels which are allocated to each transmission, see Figure 2.1. This approach is
called Frequency Division Multiple Access (FDMA), and is for example used in the Nordic Mo-
bile Telecommunication systems (NMT). The frequency channel can furthermore be divided in
time, and specific time slots can then be assigned to each transmission. This is called Time Di-
vision Multiple Access (TDMA), and is used in GSM today. The next generation of mobile
communication systems will be based on another approach, called Code Division Multiple Ac-
cess (CDMA). As can be derived from the name, this method uses codes, instead of frequency
or time, to separate different transmissions. This means each transmission can be sent at the
same frequency bandwidth at the same time.

CDMA systems can furthermore be divided into three types: direct sequence (DS), frequency
hopping (FH) and time hopping (TH). In DS-CDMA the data signal is directly spread by a code
signal, with a resulting low-power signal spread over a large frequency bandwidth. In frequency
hopping, the data signal rapidly changes frequency according to a spreading code, and in time
hopping the data signal is transmitted discontinuously in bursts and the time of the bursts are
decided by the spreading code. There also exists hybrids, where two or more of the techniques
are used simultaneously. From here on DS-CDMA is assumed whenever CDMA is mentioned.

2.1.1 Spreading/Despreading
In DS-CDMA a user specific code is used to spread the narrowband data signal to a spread spec-
trum signal, which is transmitted to the receiver, see Figure 2.2. The spreading of the narrow-
band signal, results in a low-power signal spread over a very large bandwidth. At the receiver
the signal is despreaded, using the same code, and the original narrowband data signal is re-
treived. By letting each user have unique codes, with good properties, several spread spectrum

Figure 2.1. Multiple access schemes.
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2 - Direct sequence CDMA
signals can be transmitted in the same frequency band at the same time. Only the signal of in-
terest, i.e. spread with the correct code, will be despreaded at the receiver. All the other signals
will be seen as low-power noise. If the spread spectrum signal is interfered by a narrowband
signal during the transmission, see Figure 2.2, the narrowband signal will be multiplied with the
code at the receiver, and thus spreaded to a wideband signal. Consequently it will also be seen
as low-power noise by the receiver. 

The ratio of the bandwidth of the transmitted wideband signal Bw, to the bandwidth of the nar-
rowband data signal Bn, is called processing gain Gp, see Equation 2.1. The processing gain tells
how much an interfering signal will be suppressed in the system, and is the basic figure of merit
for spread spectrum systems.

(2.1) 

2.1.2 Modulation
The modulation process for both the transmitter and the receiver can be found in Figure 2.3. In
the transmitter the incoming data bits are mapped to real or complex valued data symbols in the
data modulator. The data symbols are then spreaded by a spreading code. The spreading code
consists of a number of code bits called chips, that can be either +1 or -1. The chip rate of the
spreading code must be much higher than the bit rate of the data signal, to obtain the desired
spreading of the signal. After spreading, the signal is fed to the spreading modulator. In the
spreading modulator the signal is modulated with some modulation scheme, like Binary Phase
Shift Keying (BPSK) or Quadrature Phase Shift Keying (QPSK), mixed with the carrier signal

Figure 2.2. Principles of a spread spectrum transmission, with both multiple users and 
narrowband interference. 
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2 - Direct sequence CDMA
and thereafter sent to the receiver. BPSK, QPSK and other digital modulation techniques are
described in [4]. At the receiver the reversed process is performed. 

2.1.3 Properties
From the communication systems point of view, the coding and the resulting large bandwidth
gives the spread spectrum signals a number of interesting properties, which differs from the
properties of narrowband signals. The multi-user capabilities and the narrowband interference
rejection are already mentioned, but the most important property is the possibility to transmit
data with a very high bit rate. 

Other interesting properties includes handling of multipath interference and security. In a radio
environment a signal can use different paths to reach the receiver, for example due to buildings
that reflect the signal. This means several copies of the same signal will reach the receiver with
different amplitudes, phases, delays and arrival angels. If no multipath combining is used in the
receiver, the despreading function will treat different multipath signals as low-power interfering
signals from other users. The direct sequence signal uses the whole frequency bandwidth all the
time, and thus has very low transmitted power per hertz. This makes the signal very hard to de-
tect, and even if the low-power signal is detected the correct code is needed to despread the sig-
nal. 

The main drawback with CDMA-systems comes from the fact that all users are sharing the same
frequency bandwidth, which means every user causes interference to all the other users. As can
be seen in Figure 2.2, the interference from one user is not that high. On the other hand, if even
more users would generate the same amount of interference, the decoded signal at the receiver
would soon be hard to detect. Thus, the interference in a CDMA-system is the factor that limits
the capacity. There are a number of ways to reduce the interference, for example using spread-

Figure 2.3. Modulation process in both the transmitter and the receiver.
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2 - Direct sequence CDMA
ing codes with good properties, power control, multipath combining and multiple user detec-
tion.

2.2  Spreading codes
In DS-CDMA the data signal is modulated by a spreading code in the transmitter, and correlated
with the same code in the receiver. Spreading codes can be divided into two categories, pseudo-
noise (PN) codes, which have noise-like properties, and orthogonal codes. In WCDMA systems
spreading codes are used both to separate each user and each cell from each other (scrambling
codes), and to separate channels belonging to the same user or cell (channelization codes).

2.2.1 Correlation
To be able to distinguish between two different users and suppress the interference from other
users, it is important that any two codes have low cross-correlation. The cross-correlation is a
measure of the similarity between two codes, which means that in a perfect system the cross-
correlation between any codes at any delay will be zero. A delayed code can be seen as a time
shifted version of the original code. A special case of cross-correlation is auto-correlation,
which is a measure of the similarity between a code and a time shifted replica of the code. It is
not possible to achieve both good auto-correlation and cross-correlation properties simultane-
ously.

2.2.2 Pseudo-noise codes
PN-codes are typically generated using linear feedback shift registers. Some outputs are fed
back to the input according to a linear function, and the code is shifted out bit by bit, see Figure
2.4. After a certain number of shifts, equal to the code length, the code sequence will start to
repeat.

M-sequences. The maximum sequence length of an n-stage shift register is 2n - 1, see Figure
2.4. Not all linear functions will produce maximum length sequences though. The sequences
that have the maximum possible length for an n-stage shift register are called maximal length

Figure 2.4. A linear feedback shift register with 3-stages, where the code is shifted out bit 
by bit to the right. 
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2 - Direct sequence CDMA
sequences or m-sequences. The m-sequences have very good auto-correlation properties, but
the cross-correlation properties, on the other hand, are not that good. Ordinary maximal length
sequences actually do not provide good enough cross correlation properties to make them very
useful for CDMA applications. 

Gold codes. Some pairs of m-sequences with the same length, called preferred sequences, can
be used to create Gold codes, which have much better cross-correlation properties than ordinary
m-sequences. By giving one of the codes a delay with respect to the other code, different Gold
sequences can be generated. The number of sequences that are possible is 2n + 1. In the WCD-
MA standard, Gold sequences of length 218 (downlink) and 241 (uplink) are specified to be used
as long scrambling codes. 

Kasami codes. Kasami codes are also created from m-sequences, and like the Gold codes they
have much better cross-correlation properties than the m-sequences. There exists several types
of Kasami sets: Small, Large and Very Large, which can be extended even further. A larger code
set gives a larger number of available codes, but also worse cross-correlation properties. In
WCDMA the short scrambling code sequences are taken from an extended Very Large Kasami
set.   

2.2.3 Orthogonal codes
If the delay for two orthogonal codes is zero, the codes are completely orthogonal, i.e. the cross-
correlation is zero. However, for other delays the cross-correlation properties are very bad.
Therefore orthogonal codes are only suitable for synchronous transmissions, where all transmis-
sions are started at the same time. 

In WCDMA systems orthogonal codes are used to separate a user’s different physical channels,
in both uplink (transmissions from the UE to the base station) and downlink (transmissions from
the base station to the UE). This is called channelization. After the channelization an overlay
scrambling code is applied to the separated channels.  

Different physical channels for one user can have various dynamically changed bit rates. The
channels  will be transmitted simultaneously, which means a user simultaneously will use codes
with different, dynamically changed, spreading factors. The spreading factor tells how much the
data signal is spread, and is equal to the processing gain mentioned in 2.1.1. For high bit rates
the spreading factor has to be low to fit the transmission into the available bandwidth. To
achieve orthogonality between codes with different spreading factors, tree-structured orthogo-
nal codes can be used, see Figure 2.5. A code in the code tree will be completely orthogonal to
all the other codes, except for its ascendants up the tree. Thus, if a code with a low spreading
factor is used, all its descendants down the tree will be unusable and the number of available
codes will be low. Consequently only a few channels, with data transmitted at a high bit rate,
can exist simultaneously. Codes that preserves the orthogonality between the codes for a varia-
ble spreading factor, is called Orthogonal Variable Spreading Factor (OVSF) codes.

The code tree in Figure 2.5 is built up by appending a code at the end of the current code when
moving one step down the code-tree. If moving down the upper branch, a copy of the current
code is appended, and if the lower branch is chosen the inverse of the current code is appended.
This results in a code tree with OVSF codes.  
Jonas Ohlsson 21 December 2000 8



2 - Direct sequence CDMA
2.3  Code synchronization
To be able to decode the transmitted signal, it is not enough for the receiver to know the scram-
bling code of the transmitter. As mentioned before, if the spreading code is applied to a delayed
version of the signal, the result will be low-power noise. Therefore the receiver must also know
how much the transmission is delayed, to be able to apply the spreading code at the correct time
position. The procedure where the receiver tries to find out the delay, and continuously keep
track of the delay, is called code synchronization. The code synchronization consists of two
steps, acquisition and tracking. A thorough explanation of the code synchronization concept can
be found in [5].

2.3.1 Code acquisition
The initial difference in time between the scrambling code and the coded data signal are much
larger than the length of one chip. It is in this case the code acquisition is used. During this step,
time delayed versions of the scrambling code is multiplied with the data signal until the correct
delay is found. Code acquisition is in some cases very time consuming and can become a system
bottleneck. 

The most widely used approach for code acquisition is a simple straight serial search strategy.
In a straight serial search, the delay is changed step by step, until the whole uncertainty region
is scanned, or the correct delay is found, see Figure 2.6. 

Figure 2.5. Code-tree for generating Orthogonal Variable Spreading Factor (OVSF) 
codes.
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2 - Direct sequence CDMA
If an approximate delay of the transmission is known, a search algorithm that starts to search
around this delay could be used. The search algorithm can then start to search at the most prob-
able delay and expand the movement of the search window from that point, see Figure 2.7. This
method is called expanding window search, and will lead to a lower code acquisition time. 

For even faster code acquisition a matched filter can be used. The data signal is then multiplied
with all possible time delayed versions of the scrambling code in parallel, and the correct time
position is found instantly. Matched filters are implemented in hardware which means they are
expensive. Furthermore they soon become very complex if the delay of more than one scram-
bling code shall be detemined, which is the case in a base station serving several UEs.

2.3.2 Code tracking
After the code acquisition procedure the delay is known, with an uncertainty less than one chip
interval. The code and data signal is then said to be synchronized. From that point it is up to the
code tracking unit to maintain this synchronization. This is done by using a code tracking loop,
typically an early late delay locked loop. It uses two copies of the spreading code allocated one
chip apart from each other. The spreading codes are used in separate correlators (early and late)
to despread the data signal. Depending on the result from the two correlators the delay is adjust-
ed, and the synchronization is preserved.    

Figure 2.6. Straight serial search through the delay uncertainty region.

Figure 2.7. Expanding window search, starting from most probable time position.
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2 - Direct sequence CDMA
2.4  Power control
A mobile communication radio environment is constantly and rapidly changing. Fast fading,
slow fading, changed distance between transmitter and receiver, atmospheric noise, man made
noise and interference caused by other users all affects the environment. Thus, these effects af-
fect how much of the transmitted signal power that will actually reach the receiver. The goal
with the power control is to cancel out all these effects and make sure the signal gets to the re-
ceiver with a constant power. 

2.4.1 Near-far effect
The multiple access interference, due to each user transmitting at the same frequency and pos-
sibly at the same time, is the most serious problem to overcome. In a DS-CDMA system this is
mainly a problem in the uplink, i.e. transmissions from the UE to the base station. Without pow-
er control the signal received from a user close to the base station, will be much stronger than
from a more distant located UE. This means the distant user will be dominated by the close user,
and it is called the near-far effect. In the downlink all the signals transmitted from the base sta-
tion propagates through the same channel and will reach the UE with the same effect. Thus, the
near-far effect will not be a problem. However, the power control in the downlink is used to
minimize the interference from a base station to other cells.

2.4.2 Power control mechanisms
There are two different types of power control mechanisms, slow open loop and fast closed loop
power control. The open loop power control compensates for the variations in the slow fading
pathloss attenuation. The receiver measures the received signal strength, which gives a rough
estimation of the propagation loss, and determines its own transmit power from that. The open
loop power control determines the transmission power on average, but to compensate for the
fast fading the additional fast closed loop power control is needed. The up- and downlink trans-
missions are separated in frequency, which gives them different fading properties. The slow
fading propagating loss is independent of different frequencies, but the fast fading is not. Be-
cause of that the receiver has to be in control of the transmitters transmission power. This is
done by letting the receiver measure the signal-to-interference ratio and send commands to the
transmitter to either increase or decrease the transmission power. Depending on the direction of
the transmission, either the UE or the base station will be the receiver. In WCDMA fast closed
loop power control is used in both up- and downlink, and it is carried out once every slot. 

2.5  Interference reduction

2.5.1 Multipath combining
As mentioned in section 2.1.3, a multipath signal can be seen as a signal from another user, and
consequently it will cause interference that degrades the quality of the actual signal. If the re-
ceiver has the possibility to resolve and combine the multipath signals, the multipath signals
will improve the signal quality instead of the opposite. This can be done by using a RAKE-re-
ceiver, see Figure 2.8. A RAKE receiver consists of a number of RAKE- fingers, each receiving
a separate multipath signal. Each signal is attenuated with a factor corresponding to the propa-
gation path, and multiplied with the spreading code properly time shifted. The signal is finally
combined, which results in an improved signal. Both the delay and attenuation factor will
Jonas Ohlsson 21 December 2000 11



2 - Direct sequence CDMA
change for each multipath signal independently, as the UE is moving. Each RAKE-finger have
to adjust to that separately. 

2.5.2 Multiuser detection
A multipath detector only detects and combines the signals from one single user. A further step
would be a multiuser detection scheme, where the interfering signals from all other users are
detected and reduced from the desired signal. This would significantly increase the capacity of
the system. Optimal multiuser detectors, which cancels out all of the interference, are very com-
plex and in practice not feasible to implement. However, a number of suboptimum multiuser
and interference cancellation receivers have been developed [6]. 

Figure 2.8. A RAKE receiver receiving three multipath signals with different delays.
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3 - Wideband Code Division Multiple Access
3 Wideband Code Division Multiple Access

3.1  General
Wideband Code Division Multiple Access (WCDMA) is the multiple access scheme chosen for
UMTS. WCDMA has a minimum bandwidth of 5 MHz defined, which leads to a number of in-
teresting properties. Most important is the possibility to provide data rates of 384 Kbps for mo-
bile users. For stationary users, and under limited conditions, data rates of up to 1.92 Mbps can
be provided. Choosing a larger minimum bandwidth would increase the performance even fur-
ther, but it would then be hard to deploy the UMTS system in the existing frequency bands, to-
gether with the second generation systems. 

The data signal in a WCDMA system is multiplied with a spreading code, to get the desired
wideband signal which is transmitted. The spreading code consists of a number of bits, called
chips. The minimum chip rate defined for the spreading code is 3.84 Mcps. Higher chip rates
are also defined, see Table 3.1.

The lowest carrier spacing defined can be adjusted between 4.2 and 5 MHz to optimize perform-
ance, see Figure 3.1. A higher carrier spacing can be used between two different operators, to
avoid inter operator interference, while a lower carrier spacing can be used between one opera-
tors different frequency bands. In the figure two operator frequency bandwidths are shown, one
15 MHz wide and one 5 MHz wide. The 15 MHz bandwidth gives the operator the possibility
to provide three different cell layers.

Table 3.1: Parameters of WCDMA.

Multiple access scheme Direct sequence CDMA

Duplexing method FDD (TDD)

Carrier spacing 5 / 10 / 20 MHz

Chip rate 3.84 / 7.68 / 15.36 Mcps

Spreading Spreading factor 4-256; short codes 
for DL and UL; long codes optional 
for UL.

Spreading modulation UL: O-QPSK; DL: QPSK 

Data modulation Dual channel QPSK

Frame length 10 ms

Handover Soft/softer handover, Interfrequency 
handover

Power control UL: Open loop and fast closed loop; 
DL: Fast closed loop
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3.2  Layered structure of WCDMA
The air interface is structured into protocol layers, as can be seen in Figure 3.2. The communi-
cation between the UE and the radio access network is performed between these different layers.
At layer 1, the physical layer, all radio communication between the UE and the Radio Base Sta-
tion (RBS) is performed. 

Through the higher layers the UE communicates with the higher levels of the radio access net-
works, like the Radio Network Controller (RNC) and the Core Network (CN). A basic descrip-
tion of the UMTS Radio Access Network (UTRAN) can be seen in Figure 4.2, and a more
detatiled description can be found in [6]. Layer 2 can be further divided into two sublayers, the
Medium Access Control (MAC) layer and the link access layer. The MAC layer coordinates the
resources offered by the physical layer, while the link access layer handles logical channels of-
fered by the MAC layer. Layer 3, the network layer, takes care of the call control, mobility man-
agement and the radio resource management.

Figure 3.1. Frequency spectrum allocation.

Figure 3.2. The structured protocol layers, showing through which layers the UE 
communicates with the network. 
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3.3  Layer 1 - Physical layer

3.3.1 Duplex modes
There are two duplex modes defined for UMTS: Frequency Division Duplex (FDD) and Time
Division Duplex (TDD). In the FDD mode a physical channel corresponds to a specific code,
carrier frequency and in the uplink also relative phase (I/Q). Furthermore the up- and downlink
transmissions are transmitted on different frequency bands, which have to be separated from
each other. In the TDD mode the physical channel is also characterized by the time slot used,
which means the up- and downlink transmissions can be time multiplexed into the same carrier
frequency. Only FDD will be investigated in this report.

3.3.2 Transport channels
The transport channels are the services offered by the physical layer to the higher layers. They
can be divided into two groups, categorized by how and with what characteristics data is trans-
ferred over the air interface. The two groups are: dedicated transport channels and common
transport channels.

The dedicated channels are connections between the RBS and one UE, and they are used for
dedicated transmissions, like speech. There exists only one kind of dedicated transport channel,
the Dedicated Channel (DCH).

The common transport channels are shared by all users, and they transmit system and cell spe-
cific information, control information and also smaller amounts of data traffic. There exists six
types of common transport channels: Broadcast Channel (BCH), Forward Access Channel
(FACH), Paging Channel (PCH), Random Access Channel (RACH), Common Packet Channel
(CPCH), Downlink Shared Channel (DSCH). More about the transport channels can be found
in Appendix A.

3.3.3 Physical channels
Physical channels typically consists of radio frames, divided into a number of time slots, see
Figure 3.3. This is, however, not true for all physical channels. The physical channels available
are defined in [7], and in Appendix B an explanation of the channels important for this study
can be found. 

In WCDMA a radio frame is defined to be 10 ms long and consist of 15 time slots. A time slot
is a unit containing bits grouped together into fields. The choice of the frame length is a balance
between the performance a long frame provides in a fading environment, and the delay require-
ments for the services offered. The frame length of 10 ms in WCDMA is based on the delay
requirements for speech in third generation mobile communication systems, which is 30-40 ms.
Assuming speech coders will add up to 10 ms to the frame length, and processing delay is a few
ms, the 10 ms frame length is suitable for speech transmissions. For data services, a longer delay
is tolerable in most cases, and a longer frame length would be preferable.     

The number of bits per slot, and frame, depends on the bit rate of the physical channel. The low-
est defined chip rate for WCDMA is 3.84 Mcps. With this chip rate each frame with a length of
10 ms, consists of 38400 chips. Consequently there are 2560 chips per time slot. The bit rate of
the channel is determined by the spreading factor. For example, if a spreading factor of 4 is used
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it means the frame contains 38400 / 4 = 9600 data bits. This means the data bit rate will be 9600
/ 0.01 = 960 kbps.

The basic physical resources is the code and frequency plane. On the uplink different informa-
tion streams can also be transmitted on the I and Q branch.

3.3.4 Synchronization procedures
The synchronization procedures in the up- and downlink differs significantly. These procedures
and other physical procedures are defined in [8]. 

3.3.4.1 Downlink synchronization
The procedure where the UE acquires synchronization to an RBS is called cell search. During
the cell search, the UE searches for a cell in order to determine the downlink scrambling code
and the frame synchronization of that cell. The cell search is normally carried out in three steps:
slot synchronization, frame synchronization together with code group identification, and finally
scrambling code identification.

Slot synchronization. Since the Synchronization Channel is unscrambled, the UE is able to use
the primary synchronization code to acquire slot synchronization. The primary synchronization
code is common for all the cells in the system, and therefore a single matched filter, can be used
for fast slot synchronization. The matched filter is matched to the primary synchronization code
on the Primary SCH and the slot timing is obtained by detecting the output peaks from the
matched filter.

Frame synchronization and code group identification. After slot synchronization has been
acquired the UE knows the slot timing of the Secondary SCH, which is the same for the Primary
SCH. By comparing the code sequence sent on the Secondary SCH to all possible code sequenc-
es, both the frame synchronization and the code group can be identified. The frame synchroni-
zation can be found by searching for the start of the code sequence, and the code group can be
identified by the code sequence itself.

Scrambling code identification. During the last step the UE determines the exact downlink
scrambling code used by the cell. This is done by applying all possible scrambling codes from
the known code group, to the Common Pilot Channel, until the correct code is found. When the
downlink scrambling code is found, the UE has all the information needed to detect the Primary

Figure 3.3. Structure of a radio frame.
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Common Control Physical Channel (P-CCPCH). The P-CCPCH carries the Broadcast transport
Channel where system and cell specific information, needed by the UE, is transmitted. 

When the UE is powered on it performs an initial cell search, including the three steps above,
to find the RBS to which it has the lowest propagation path loss. After synchronization to an
RBS is acquired, the UE is able to detect paging messages from the RBS, sent on the Secondary
Common Control Physical Channel (S-CCPCH). Paging messages are sent from the network to
the UE to initiate an active connection. 

After the best RBS is found, and the UE still has no active connection to an RBS, an idle mode
search is performed. The UE then continuously searches for new RBSs on both the current and
other carrier frequencies. An idle mode UE has received a priority list from the network, includ-
ing the scrambling codes to search for. This significantly reduces the time for the scrambling
code identification. The complexity in the second step of the cell search can also be reduced, if
the priority list only includes scrambling codes belonging to a subset of the possible code
groups. The priority list is continuously updated to reflect the changing neighbourhood for a
moving UE.

When the UE has an active connection to an RBS it uses active mode cell search, where it con-
tinuously searches for new RBS on the same frequency. This search is done basically the same
way as the idle mode search. The UE may also search for RBSs on other carrier frequencies us-
ing a compressed mode approach, which will be described in 4.1.5. 

3.3.4.2 Uplink synchronization
When the UE wants to open an active connection to the RBS it first reads the cell specific in-
formation transmitted on the P-CCPCH. The P-CCPCH, among other things, transmits possible
preamble spreading codes, message scrambling codes and available access slots and signatures.
The UE then selects a proper access slot and signature and sends a random access message on
the Physical Random Access Channel (PRACH). If the RBS detects the random access message
it sends an acknowledgement to the UE, and the connection can be set up. If the message is not
detected in a pre defined period of time a new random access message is sent, possibly at an-
other access slot and with another signature. This procedure is rather slow, but time is mostly
not a critical factor during a call setup. 

On the other hand, the procedure when the UE already has an active connection and wants to
open a connection to another RBS, i.e. start a soft handover, is often time critical. Therefore the
random access procedure cannot be used. A procedure similar to the cell search would be fast
enough, but in the uplink there are no synchronization channels available. The reason for this is
that the synchronization channel is transmitted all the time, to the entire cell. If each UE in the
cell transmitted a known scrambling code on their own synchronization channels it would cause
a lot of additional interference, and furthermore the constant transmission would reduce the life
length of the battery. 

Therefore the RBS has to acquire slot- and frame synchronization some other way. The RBS
already knows the scrambling code of the UE, since the UE already is connected to the network
through another RBS. It is not feasible in practice, however, to use a matched filter to acquire
fast slot synchronization. For that a matched filter for every possible UE scrambling code in the
system would have to be implemented, which would be very complex and expensive. 
Instead, the RBS has to apply the known scrambling code to the received signal, with different
time delays, until the correct time position where the scrambling code should be applied is
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found, see 2.3. Since the RBS has no idea of the propagation delay to the UE, the uncertainty
region will be large. The delay uncertainty region comprises of the maximum possible round-
trip delay, which can be calculated by using the largest cell size possible and the velocity at
which the radio waves propagates between the UE and the RBS.   
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4 Handover

4.1  Handover in general
A cell is the geographic area one base station is able to cover with its transmissions. Handover
is a mechanism that transfers an ongoing call from one such cell to another, when a UE moves
through the coverage area of a cellular system, see Figure 4.1. The mechanism is used for mo-
bility and capacity reasons, with the purpose to maintain the connection quality throughout the
call. Depending on the mobile system the handover mechanism can, or even must, be done in
different ways. 

4.1.1 Hard handover
In Time Division Multiple Access (TDMA) and Frequency Division Multiple Access (FDMA)
systems, cells using the same frequency are spatially separated, i.e. neighbouring cells do not
use the same frequency. In these systems a mechanism called hard handover is used. Hard
handover means that the UE simply switches to the frequency of the new cell, when the signal
quality of the new cell exceeds a value given by a threshold added to the signal strength of the
current cell. 

4.1.2 Soft handover
In wideband CDMA systems neighbouring cells use the same frequency. In these systems the
hard handover approach would cause excessive interference into the neighbouring cells. The
base station to which the UE is currently connected to, would have to increase its output power
a lot to keep the signal quality at a reasonable level, before the call is handed over to the desti-
nation base station. The same goes for every handover and consequently the capacity in the sys-
tem would be substantially reduced. To avoid this, using hard handover, you would need to
switch to the new cell as soon as the signal quality is higher than in the current cell. This is not,
however, feasible in practice. One problem is the rapid variations in the signal quality, due to

Figure 4.1. Hard handover between two cells.
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fast fading, which would cause ping-pong effects, where a UE switches between two cells a
number of times before one cell is finally chosen. 

Instead, WCDMA systems use something called soft handover, which means the UE is connect-
ed to more than one Radio Base Station (RBS), at the same time. With this approach a new RBS
will be added to the set of RBSs the UE currently is connected to (active set), when the signal
strength exceeds a certain threshold, see Figure 4.2. The threshold is the signal quality from the

currently best cell subtracted by a constant. Thus, the threshold is below the signal quality of the
currently best RBS when the handover is made, and the additional interference will be lower
than if using hard handover. All the RBSs in the active set can receive the signal from the UE,
and the UE can coherently combine the signals from the different RBSs. 

In the uplink (UE to RBS) the signals received by the RBSs are combined in the Radio Network
Controller (RNC). If cells in the active set belongs to different RNCs, an inter RNC link be-
tween the concerned RNCs is used, and the signals are combined in one of the RNCs, see Figure
4.2. In the downlink (RBS to UE) the UE combines the signals using a RAKE receiver. The
RAKE receiver can resolve and combine a number of received multipath signals, which are cop-
ies of the original signal arriving with different delays. These signals can originate from differ-
ent RBSs, or it can be signals from the same RBS but with different propagation paths. If the
RAKE receiver is not able to collect all the signals the RBSs in the active set transmit, the soft
handover will create more interference in the downlink than if the UE was only connected to
one RBS. 

4.1.3 Softer handover
A cell can be divided into sectors by using directed sector antennas in the RBS. Handovers be-
tween such sectors in the same cell is called softer handover. In softer handover the signals re-
ceived are combined in the RBS, and the signalling to the RNC is reduced. Thus a softer
handover can be completed much faster than a soft handover. This can be very useful in a city
environment, where you can have cells with sectors aligned along the streets. Time critical
around-the-corner handovers can then be done much faster, by only switching sector.

Figure 4.2. Soft handover with three cells involved.
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4.1.4 Macro diversity
The diversity gain provided by soft- and softer handover is called macro diversity. There are
several benefits with the ability to receive one or more additional signal at a time. First of all it
gives protection against fast fading by, in the RNC, always selecting the best signal received by
the RBSs. If the signal strength on one radio link rapidly falls, the RNC instantly switches to a
signal from one of the other RBSs. Furthermore the handovers are seamless, since there are no
interruption in the dataflow during a handover. Having no interruption during a handover also
leads to safer handovers with lower drop rates, compared to the case if only one radio link is
used at a time. Macro diversity also decreases the uplink interference, which leads to higher sys-
tem capacity. 

4.1.5 Interfrequency handover
Wideband CDMA networks will have the possibility to use cell layers belonging to different
frequency bands, see Figure 3.1. This will give the opportunity to implement hierarchical cell
structures with a macrocell overlaying smaller microcells. Furthermore cells with more frequen-
cy bands than the surrounding cells can be used in areas with high traffic density, see Figure 4.3.
For these types of networks, interfrequency handover will be an important feature. 

The hierarchical cell structure can be used to assign users moving with high velocity to the mac-
ro cell frequency band to avoid a large amount of cell switches. Users with low velocity will be
assigned to the microcell frequency band to get higher signal quality. To switch between the cell
layers, interfrequency handover is used. When the system makes an interfrequency handover,
the old active set is discarded and a new active set on the new frequency band is selected.
Soft(er) handover is then carried out as usual between the cells on the new frequency band. To
know when to switch frequency band either a dual receiver, where one receiver takes care of the
current connection and the other one measures other frequencies, or a compressed mode ap-
proach can be used. In compressed mode some information frames, which the UE transmits, are
compressed periodically. During the idle period gained by the compression the interfrequency
measurement is performed. 

Figure 4.3. To the left a hierarchical cell structure with two frequency bands, and to the 
right a hot-spot cell with three frequency bands.
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One special case of interfrequency handover is the intersystem handover, where a cell from, for
example, a GSM system is used for the continuation of the connection. When an intersystem
handover is carried out the old active set is discarded, and the UE will only be connected to the
GSM cell. 

4.2  Detailed description of soft handover
The soft handover procedure can be divided into three different phases: measurement, evalua-
tion and execution, see Figure 4.4. In the downlink the UE measures the signal strength from
the RBSs in the monitored set, which contains the active set and all the neighbouring cells to
the cells in the active set. The measurement report is evaluated in the RNC, and a decision
whether to perform a handover or not is made. If a handover is initiated the UE’s active set is
updated and a connection between the UE and the new RBS is set up. 

4.2.1 Measurement phase
The UE receives measurement control messages from the RNC. These control messages in-
cludes the cells to be measured by the UE, which measurements that shall be made and which
events that shall trigger the transmission of a measurement report. The triggering events can be
either periodic, or based on the measurements made. The UE evaluates the measured values, and
if the condition of a triggering event is met a measurement report is sent back to the RNC.

The period between two measurement reports depends on the speed of the UE. When the speed
increases measurement reports should be transmitted more frequently. The measurement capa-
bilities available for the UE should be unevenly distributed between different sets. The active
set and the RBSs that are about to be added to the active set, should be measured more often
than the other RBSs in the monitored set. There is a trade-off between measuring as many RBSs
as possible and get accurate measurement reports. More measurement capabilities for an RBS
will give a better estimation of the signal strength, thus the handover decision will be better and
ping-pong effects will be reduced. On the other hand, if the signal strength of an RBS not meas-
ured that often, rises rapidly, it may create high interference before the system is even able to
measure the signal.

Figure 4.4. The handover phases.
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4.2.2 Evaluation phase
The handover evaluation makes the decision which cells to add, replace or delete from the active
set. The evaluation is based on the measurement reports sent from the UE, which gives infor-
mation about the signal quality the UE receives from the RBSs. However, not only the signal
quality, but also the up- and downlink interference in the cell should be taken into account in
the evaluation. In the case where a cell with high signal quality also has a high load, a handover
to that cell might not be preferable. In order to better reflect this, the RNC can use cell specific
offsets that changes according to the current load in the cells.

A new cell is added to the active set if the signal strength of the RBS exceeds a given threshold,
and a cell is deleted if the signal strength gets below another threshold value, see Figure 4.5. 

The purpose of using two different threshold values is to reduce the number of ping-pong
handovers. The threshold values are not constant, instead they are calculated from the signal
strength of the best cell in the active set. With this approach only cells that will improve the per-
formance is added. To further reduce the number of ping-pong handovers, timers can be used
to delay the actual addition or deletion from the active set. If the signal strength gets above the
add threshold value a timer is started, and if the value is still above the threshold when the timer
expires, the cell is added to the active set. The handover evaluation can also initiate or terminate
interfrequency measurements if the current frequency band is too loaded or the handover rate is
too high.

4.2.3 Execution phase
Depending of the outcome of the handover evaluation, the execution phase is started. In the ex-
ecution phase the active set in the UE is updated, and the radio link to the concerned RBSs are
either activated or deactivated. It is in this phase most of the time is spent when making a hando-
ver, especially if a cell is added to the active set. The process of removing a cell from the active
set can be done reasonably fast, and is in most cases not time critical. However, the addition of
a cell can definitely be time critical, and it takes a comparatively long time to set up a new radio

Figure 4.5. Parameters involved during the handover evaluation.
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link and synchronize the scrambling codes of UE and RBS. The execution of a successful soft
handover execution can be found in Figure 4.6. 

All the messages that are sent from the UE to the RNC during the execution, or vice versa, are
sent through an RBS the UE is already connected to. The user data sent after an AAL2 connec-
tion is established, will only consist of empty frames until the UE and RBS are synchronized to
each other. As can be seen in Figure 4.6 much of the time is spent on the synchronization, in
both up- and downlink. At the same time as the synchronization in either up- or downlink, the
transmitter, independent of the ongoing synchronization, increases the output power step by
step until the synchronization has succeeded. This is called power ramping, and will make it eas-
ier for the receiver to detect the signal. 

Figure 4.6. Diagram of a successful handover execution, with typical delay values for the 
systems of today.
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5 Point in time when the soft handover func-
tion is executed

5.1  Problem
The soft handover functions of today use a threshold value to trigger a handover. When the sig-
nal strength, measured from a cell not in the active set, exceeds the threshold value, the hando-
ver function is started. This threshold value is a fixed offset from the signal quality measured at
the source cell, i.e. the currently best cell. The definition of the fixed offset threshold is shown
in Equation 5.1.

(5.1) 

The point where the handover sequence is started can be said to define the cell border between
two cells. If the cell border is situated too far from the source cell, the UE might lose contact
with the source cell before the handover is completed. Thus, the call is dropped. Furthermore,
to keep the signal quality at a reasonable level for the UE, the RBS at the source cell has to in-
crease the transmission power as the UE moves away from it. Consequently the interference in
the current cell and to other neighbouring cells will increase, which leads to lower system ca-
pacity. On the other hand, if the cell border is close to the source cell, but too far from the des-
tination cell, the RBS at the destination cell instead has to transmit with a high output power.    

This discussion gives a hint that there is an optimal point in time where the handover sequence
should be started, too keep the total cost, i.e. the interference and number of dropped calls, at a
minimum level. This point will be different between any two neighbouring cell pairs in a sys-
tem, and even different depending on which of the two cells in a pair that is the source- and des-
tination cell.    

With the fixed offset threshold used today a handover will be triggered by the same threshold
value for all the cells not currently in the active set. Thus, you have no possibility to control
when to start a handover between two specific cells, and many of the handovers will be started
at non-optimal points. 

The obvious problem though is how to decide the best point in time for the execution, and how
to execute the function at that time.

5.2  Solution
The start of the handover can be changed by using a dynamic offset threshold, instead of a fixed
one. The dynamic offset threshold will differ between any source/destination pair of cells. De-
pending on the probability that a handover from a source- to a destination cell will take place,
the dynamic offset threshold, between the cells will change. 

Threshold SignalQuality SourceCell( ) FixedOffset–=
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An example of this approach is visualized in Figure 5.1 where a UE is moving towards a cell,
and a handover to the cell might take place in the near future.

A crossroads is located before the UE enters the cell, and there is an equal probability that the
UE will continue along either of the roads. If the UE continues past the crossroad without chang-
ing direction, the probability that a handover to the cell ahead will occur, rises rapidly. In Figure
5.1 two cases are shown, with different locations of the crossroad compared to the destination
cell, and with different source cells for the UEs. 

With the old approach the handover function will not start until somewhere around the fixed off-
set threshold border shown. Most of the users that continues towards the destination cell at the
crossroad, will eventually make a handover to the destination cell. Thus, the handover function
could actually be started earlier. If the dynamic offset was decided by the probability that a
handover will take place to the destination cell, the cell border (i.e. the dynamic offset threshold)
would be able to move closer to the crossroad. The cell border would also differ, depending on
the direction from which you enter the cell, i.e. depending on the source cell.

5.2.1 Probability function
One way to decide the probability for a handover from a source- to a destination cell, is to let
the probability function depend on the signal qualities from both cells. The relationship between
the two signal qualities is defined in Equation 5.2.

(5.2) 

By keeping track of the relationship between the signal qualities from the source- and destina-
tion cell for a number of users, the system will be able to tell how many of the users that will
reach a certain relationship. With this information it will be possible to find out, at any relation-

Figure 5.1. UE moving towards a cell not in the active set, there is an equal probability 
that the UE choose either of the directions at the crossroad in both cases. 

33%

33%

33%

Case 1 Case 2

Destination cell

33%

33%

33%Source 
cell 1

Source
cell 2

Handover border
Fixed offset threshold

Relationship Signal Quality(Destination Cell)
 Signal Quality(Source cell)

------------------------------------------------------------------------------=
Jonas Ohlsson 21 December 2000 26



5 - Point in time when the soft handover function is executed
ship level, how many users that will reach an even higher level. Thus, it will be able to decide
the relationship level when the UEs reach the crossroad in the example above. After the cross-
road is passed most of the users will continue towards the destination cell, reach a higher rela-
tionship, and eventually make a handover. The probability for a handover, depending on the
number of users reaching a certain relationship, is defined in Equation 5.3.

(5.3) 

It will be enough to keep track of the relationship until the point where signal quality from the
destination cell gets as good as the one from the source cell, i.e. the maximum relationship the
system has to keep track of will be one. 

Another solution is to only keep track of the signal quality from the destination cell. However,
that method will be insufficient in some cases. In a case where the UE has good radio conditions
to both the source- and destination cell before reaching the crossroad, for example on a large
hill with line of sight to both RBSs, the signal strength from the destination cell can be rather
high. This high level can still be much lower than the signal quality of the source cell and there-
fore no handover is started, see Figure 5.2. Later, at the point where the handover eventually is
executed, the signal strength from the destination cell might be much lower, but still high
enough compared to the source cell, for the handover sequence to be started. In those cases the
probability function will be useless, since all the users will reach the maximum signal quality
level from the destination cell before they reach the crossroad. Hence, the probability function
will always yield one.

Depending on where the crossroad in Figure 5.1 is located, the probability function will look
different, see Figure 5.3. If the crossroad is far from the cell border the probability for a hando-

Figure 5.2. Signal quality from the source- and destination cell, showing the signal 
quality from the destination cell can be rather high but still not trigger a soft handover. 
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ver is very high, even if the relationship between the measured signal qualities from the source-
and destination cells are low. 

Preparations for the handover can be started as soon as the handover probability is sufficiently
high. In many cases the handover function can then be started earlier than if using the old fixed
offset approach. The dynamic offset thresholds for the two cases mentioned before can be seen
in Figure 5.4. When the relationship between the signal qualities from the source- and destina-
tion cell increases, in Figure 5.4, it is more probable that a handover will be made. Thus the dif-
ference between the fixed- and dynamic offset threshold will increase. 

5.2.2 Dynamic offset threshold
The dynamic offset is defined in Equation 5.4.

(5.4) 

Where the constant is used to both decide how significant the probability function will be for
the total offset, and to map the probability to a suitable value. From the dynamic offset a dy-
namic offset threshold can be defined, see Equation 5.5.

(5.5) 

The threshold will now be a function of both the signal quality of the best cell and the handover
probability. 

Figure 5.3. Probability that a handover to a cell will be made, depending on the 
relationship between the signal qualities from the source- and destination cells.
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5.2.3 Measurement reports
The relationship and probability function can be decided by using statistics from previous
handovers. The statistics are collected from measurement reports sent from the UE to the RNC.
Normally, measurement reports are sent when some event is triggered, e.g. when the signal
quality from the destination cell gets above the threshold for a handover. The event triggered
measurement reports can not be used when calculating the probability function, because the
only signal quality levels that would be reported in that case are the ones at the point of the
handover. Therefore the UE would have to keep track of previously measured signal quality lev-
els, and forward these to the RNC when the handover event eventually is triggered. 

However, there is also a possibility to send periodic measurement reports from the UE to the
RNC. The drawback is that periodic measurement reports leads to a lot more signalling. A so-
lution is to only use periodic measurements during a short period of time, to collect the neces-
sary statistics from a number of UEs. The probability function will then be based on these
statistics for a defined period of time, where event triggered measurement reports are sent. After
a while new statistics will be collected, by again using periodic measurements. This way the
probability function will adapt to the current traffic situation, but still not use too much signal-
ling. The fact that the method will be able adapt to the current traffic situation is very important,
because it means the network operators do not have to configure the RNCs and RBSs by hand.

5.3  Simulations
An implementation of the method outlined in the 5.2 has been tried out in a simulated environ-
ment. The simulation environment is described in Appendix C. Initial results, see Table 5.5.1,
show that the soft handover sequence can be started much earlier by using a dynamic offset
threshold based on handover predictions, compared to when a traditional fixed offset threshold
is used. However this is not always true. In many cases the gain will not be as high as these sim-
ulations show. The purpose with the simulations is only to show that it is possible to use the
method, but the effects of using the method in different situations has not been measured. 

Figure 5.4. Time difference for start executing the handover function, by using a dynamic 
offset compared to a fixed offset. 
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5.4  Conclusions
The simulations made show that it is possible to start the handover much earlier by using hando-
ver prediction. As stated earlier the gain will not be as high as the simulations show in most cas-
es. Furthermore it can be seen from the simulations that the soft handover function is not started
directly when the crossroad is passed. In theory the relationship will become higher and higher
when the UE gets closer to the RBS. This is not the case in a fading radio environment though.
A high relationship can as well occur when users has turned at the crossroad and actually moves
away from the destination cell. This means it is not possible to decide the exact location of the
crossroad using this method. However, before methods that can decide an exact location, direc-
tion and speed of the UE is available, this method provides a suboptimal solution.  

Even in the cases when the soft handover function can be started early on, we might not want
to do that. This is due to the problems mentioned in 5.1. A properly chosen constant in Equation
5.4 will  make sure this will be avoided. How to chose the constant has not been studied. With
a proper constant, the soft handover function will be executed at a point in time when the cost
to execute the function is as low as possible, see Figure 5.5. This will lead to increased capacity
in the network and lower risk for dropped calls during the execution of the soft handover func-
tion. The cost can be seen as a combination of used radio resources, used hardware resources
and the rate of dropped calls. The higher cost for executing the soft handover function too late
is due to the risk that the call will be droppped.

Table 5.1: Distance to the RBS and the time when the soft handover function is started, 
when using handover prediction or not.

Start of soft handover function

Distance to RBS Handover start time 

No handover prediction 4982 m 65,1 s

Handover prediction 5205 m 58,4 s

Figure 5.5. The cost in terms of radio- and hardware resources and the rate of dropped 
calls, when executing the handover function at different points in time.
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If the UE suddenly changes direction or terminates the call, resources already set up for the user
will be wasted. To minimize the waste of resources in that case, the handover function can be
divided into smaller consecutive parts, each triggered by its own threshold value. The user will
then have more and more resources set up, as the probability for a handover gets higher.

The extra signalling due to using periodic measurement reports was discussed in 5.2.3. Since
there is a possibility to send periodic measurement reports there is no need to define new mes-
sages for using the handover prediction method. 

The new functionality that will be needed in the system are concentrated to the RNC. First of
all the RNC must keep statistics from previous handovers. It must also be able to use the statis-
tics and calcuate the handover probability function and the dynamic offset threshold. No esti-
mation of the resources needed for that has been investigated in this report. 
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6 Delay while executing the soft handover 
function

6.1  Problem
In the previous chapter the problem of when to start the soft handover function was described.
Another problem is the delay while executing the soft handover function. Similar effects as
when the handover is executed at a bad point in time, i.e. increased interference and possibly a
higher rate of dropped calls, occurs when the delay during the execution is too long. 

The execution delay can be defined as the time it takes from when an event is triggered at the
UE, until the new cell is added to the active set and the new connection is synchronized. The
delay can be divided into a buffer delay and a processing delay. The buffer delay includes the
time the measurement report has to wait before the network is able to process it. The processing
delay is the larger part, and comprise the delay from when the network is able to handle the
measurement report until the handover sequence is finished. As mentioned in 4.2.2 a timer can
be used in the network for a more accurate handover decision. This timer will add to the total
delay. 

The longer the delay is, the longer the UE will get into the destination cell before the handover
is completed. Thus, the RBS in the source cell has to increase its output power and consequently
the interference will increase. The probability for a dropped call will also increase the further
away from the source cell the UE gets. In test systems handover delays of up to 1 second have
been measured. Considering the fact that delays exceeding 300 ms starts to degrade the system
capacity, this is certainly a problem. 

As can be seen in Figure 4.6, the most time consuming part during the execution is the code syn-
chronization, especially when the UE attempts to synchronize to the RBS, i.e. uplink synchro-
nization. Hence, a natural starting point, to reduce the delay, would be to look further into the
uplink code synchronization. The uplink code synchronization procedure is described in 3.3.4.2.
It is the search for the correct time position, described there, that creates the high delay during
the uplink code synchronization. 

The problem to be solved is then either to reduce the time it takes to find the correct time posi-
tion, or to acquire uplink code synchronization at a non-critical point in time. 

6.2  Solution
There are expensive solutions available today using matched filters to reduce the delay during
uplink code synchronization. Another much cheaper solution, which is outlined below, is based
on the approach to acquire uplink code synchronization at a non-critical point in time. 

In the preceding chapter a method for deciding the probability that a soft handover will take
place was outlined. The same method can be used for this problem too, but other methods for
predicting a handover can be used as well. When the probability for a soft handover is large
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enough, a verification receiver can be started in the RBS in the destination cell. The purpose
with the receiver is to find out the correct time position for the UE, and complete the uplink code
synchronization at a non-time critical occasion. The receiver can be started when the signal
quality from the destination cell, measured by the UE, exceeds the dynamic offset threshold de-
fined in 5.2.2. If and when the UE enter the actual handover area, i.e. the signal quality from the
destination cell exceeds the fixed offset threshold, the code synchronization is already achieved.
To achieve that the traditional soft handover sequence, see Figure 4.6, must be changed. The
execution of an alternative soft handover function is shown below in Figure 6.1. 

The RNC periodically receives measurement reports sent from the UE, through an RBS already
in the active set. When the measured signal quality from the destination cell, exceeds the dy-
namic offset threshold, a verification receiver is started in the destination RBS. The destination
RBS tries to detect the transmission sent from the UE to the RBSs already in the active set, and

Figure 6.1. Alternative soft handover function, with the uplink synchronization done at 
the beginning of the sequence.
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if successful a "UE detected" message is sent to the RNC. A timer is started in the RNC when
the "UL radio link setup request" message is sent. If the RBS is unable to detect the UE in a
certain time, the timer will expire and the resources set up for the receiver will be taken down.
Such a timer is used to take down the resources, if the signal quality between the UE and desti-
nation cell never exceeds the fixed offset threshold, e.g. if the UE changes direction or termi-
nates the call before entering the destination cell. When the measured signal quality gets above
the fixed offset threshold, the remaining parts of the handover sequence is executed. 

6.3  Simulations

6.3.1 System capacity
The effects the handover delay has on the network, can be shown with a WCDMA radio net-
work simulator. The simulator and the simulator environment used during this study, can be
found in Appendix C. The diagram in Figure 6.2 shows the downlink mean total power depend-
ing on the soft handover delay, for UEs moving at different velocities. As can be seen the power
is increased by about 1.5 W for every 100 ms the soft handover delay is increased, for UEs mov-
ing with a mean velocity of 50 km/h. 

Figure 6.2.  Downlink mean total transmission power, as a function of the soft  handover 
delay.
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However, it can also be seen that the velocity of the UEs has a huge influence on the result. If
the UEs are moving with low velocity, i.e. pedestrians, the soft handover delay does not affect
the downlink mean total power. 

The soft handover delay has an impact on the uplink interference as well. In Figure 6.3 the mean
additional total noise depending on the soft handover delay is shown. As in the latter case the
soft handover delay is of no importance for UEs moving with a low velocity. On the other hand,
when the velocity increases, the importance of the soft handover delay will be higher. For a UE
moving with a mean velocity of 50 km/h, the uplink mean total noise will be doubled when the
delay increases from 200 to 600 ms.      

As have been stated before, the interference is the limiting factor for the system capacity. When
the downlink power transmitted from the RBS is increased, the interference both in the own cell
and to other cells will be increased. The increased mean total downlink power and the increased
additional uplink interference, shown in the diagrams above, thus have an negative impact on
the total system capacity.

6.3.2 Quality of service
The increased interference level in the system also affects the quality of service for each user in
a negative way. If the received quality undergoes an acceptable level and stays below during a
predetermined period of time, the call will be dropped. The degradation of the quality of service

Figure 6.3. Additional noise generated in the uplink, as a function of the soft handover 
delay.
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can be illustrated by looking at the frame error rate in the system. The frame error rate is the
ratio of erroneous received frames to the total number of sent frames. 

In Figure 6.4 the mean total frame error rate depending on the soft handover delay is shown. For
a UE moving with an average velocity of 50 km/h the mean total frame error rate will be more
than doubled if the soft handover delay is increased from 200 to 600 ms. 

It can be seen from the diagram in Figure 6.4 that the soft handover delay will have no impact
on the frame error rate for UEs moving with low velocity. On the other hand, the soft handover
delay will have a higher impact the higher the velocity gets. 

The same goes for the uplink, as can be seen in Figure 6.4. In Figure 6.4 the uplink mean total
frame error rate depending on the soft handover delay is shown. The delay does not have as big
impact as in the uplink, but the mean total frame error rate is still almost doubled when the delay
is increased from 200 to 600 ms.

Figure 6.4. Downlink mean total frame error rate, as a function of the soft handover 
delay.
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6.4  Conclusions
By using a pre-handover sequence the total delay for the soft handover function will actually
increase. However, time consuming parts of the function is executed at a non-critical point in
time. The time of importance is the time from the point where the fixed offset threshold is ex-
ceeded, to the point when the soft handover function is completed. That time will in many cases
be significantly reduced by using the pre-handover sequence.

The pre-handover sequence includes starting a receiver in the destination RBS early on and ac-
quire code synchronization. By only starting a receiver, no additional interference is created in
the cell. Thus, the shortened delay when using a pre-handover sequence, will have the same ef-
fect to the system as the shortened delay in the simulations in 6.3. The simulations clearly show
the importance of keeping the delay, while executing the soft handover function, as low as pos-
sible. However, the velocity of the UE has an even higher impact on both the additional inter-
ference and the quality of service.The use of the handover prediction will have the largest
impact in cases where the traffic situation easily can be predicted, e.g. at motorways or railway
lines. In those situations the UEs are moving with a rather high velocity, thus the delay when
making a soft handover will be crucial. 

The benefits and drawbacks when using the handover prediction method was discussed in 5.4.
The only cost associated with the use of a pre-handover sequence is the hardware resources in
the RBS that has to be allocated for a longer time. Another drawback with the method is the
need to define new messages. None of the messages used in the pre-handover sequence in Fig-
ure 6.1 exists in the standards today.

Figure 6.5. Uplink mean total frame error rate, as a function of the soft handover delay.
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Appendix A

Transport channels

A.1 Dedicated transport channels
The dedicated channels are connections between the base station and one UE. There exists only
one kind of dedicated transport channel, the Dedicated Channel (DCH).

DCH - Dedicated Channel. The Dedicated Channel is a down- or uplink transport channel,
that carries user- or control information between the network and the UE. It is transmitted over
the entire cell or sector, and is characterized by the possibility of fast change of the bit rate and
fast power control.

A.2 Common transport channels
The common transport channels are shared by all users. There exists six types: Broadcast Chan-
nel (BCH), Forward Access Channel (FACH), Paging Channel (PCH), Random Access Chan-
nel (RACH), Common Packet Channel (CPCH), Downlink Shared Channel (DSCH).

BCH - Broadcast Channel. The Broadcast Channel is a downlink transport channel that is
used to broadcast system- and cell specific information. It is transmitted  with a low fixed bit
rate, all the time over the entire cell or sector. 

FACH - Forward Access Channel. The Forward Access Channel is a downlink transport
channel. It carries control information to the UE when the system knows the location cell of the
UE. FACH may also carry short user packets. The channel is using slow power control.

PCH - Paging Channel. The Paging Channel is a downlink transport channel, for transmitting
control information to the UE when the network does not know the location cell of the UE. This
is the case when the system wants to set up a call to the UE. The channel is transmitted all the
time over the entire cell or sector.

RACH - Random Access Channel. If the call is initiated by the UE, a random access message
is sent on the uplink Random Access Channel. Thus, the channel carries control information
from a UE, but it is also used for carrying short user packets. Since several users are sharing the
channel there is a risk for collisions. 

CPCH - Common Packet Channel. The Common Packet Channel is an uplink transport
channel, for transmission of bursty data traffic. It is associated with a dedicated channel on the
downlink, which provides power control for the uplink.

DSCH - Downlink Shared Channel. The Downlink Shared Channel is a downlink transport
channel shared by several users. It is, like the CPCH, associated with a dedicated channel.
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Physical channels

B.1 Uplink physical channels
In the uplink there are two types of dedicated physical channels, the Dedicated Physical Data
Channel (DPDCH) and Dedicated Physical Control Channel (DPCCH). The two channels use
the same code and frequency, but are I/Q code multiplexed into I and Q branches sent in parallel,
see Figure 7.1.

Another alternative to separate the channels, which is used in the downlink, would be to use
time multiplexing, see Figure 7.2. The reason why it is only used in the downlink is the Elec-
tromagnetic compatibility (EMC) problem, due to the discontinuous control data transmitted.
The control data has to be transmitted even if no information data bits are sent, for example dur-
ing silent periods of a conversation, which means EMC disturbing pulses with control data are
transmitted. This would cause problems in the uplink, since the UE can be close to other sensi-
tive electrical equipment. 

DPDCH - Dedicated Physical Data Channel. The uplink DPDCH is shown in Figure 7.3. It
carries user data, generated at Layer 2 or higher, from the RBS to a UE. In most cases there is
only one DPDCH for each connection, but to avoid low spreading factors and still achieve high
data rates, multi code transmissions can be used. Multiple DPDCHs using different channeliza-
tion codes are then transmitted in parallel. The spreading factor for the channel is variable from
4 to 256, which gives possible data bit rates from 15 to 960 kbps.  

Figure 7.1. Transmission of I/Q multiplexed DPDCH and DPCCH.

Figure 7.2. Transmission of time multiplexed DPDCH and DPCCH.
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DPCCH - Dedicated Physical Control Channel. DPCCH carries control information gener-
ated at Layer 1. The control information transmitted can consist of known pilot bits to support
channel estimation for coherent detection, power control commands (TPC), bit rate information
(TFCI) and feedback information (FBI) from the UE to the RBS. As can be seen in Figure 7.4
a slot is divided into fields. The number of bits per slot, and the bit rate, is fixed for the channel,
though the number of bits per field varies during a connection. There can only exist one DPCCH
per connection, thus several DPDCH can be associated to one DPCCH. 

There are also two common uplink physical channels, the Physical Random Access Channel
(PRACH) and the Physical Common Packet Channel (PCPCH). The tasks carried out when a
UE wants to have access to the channels is about the same for PRACH and PCPCH. 
The UE starts the transmission by sending preambles at well defined time offsets, called access
slots, see Figure 7.5. The access slots are spaced two time slots apart, thus there are 15 access
slots per two frames. 

Figure 7.3. Time slot for uplink DPDCH.

Figure 7.4. Time slot for uplink DPCCH.

Figure 7.5. PRACH and PCPCH access slots. 
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The preambles, see Figure 7.6, consists of a known repeated signature, and when the RBS de-
tects the preamble it sends an acquisition indication on the common downlink Acquisition In-
dication Channel (AICH). When the acquisition indication is received the UE can transmit the
RACH- or CPCH message.     

PRACH - Physical Random Access Channel. The PRACH carries the RACH. The message
sent after getting access to the channel consists of a data- and control part, I/Q multiplexed like
the dedicated physical channels, see Figure 7.7. It can be either one or two frames long. The data
part has a variable bit rate from 15 to 120 kbps, while the control part has a fixed bit rate of 15
kbps. 

PCPCH - Physical Common Packet Channel. PCPCH is used to carry the CPCH. The mes-
sage part of the PCPCH is similar to the PRACH, see Figure 7.7. The differences from the
PRACH transmission are that a power control preamble is sent before the message, and that the
message is not limited to two frames. 

B.2 Downlink physical channels
There is only one type of dedicated physical channel, the downlink Dedicated Physical Channel
(downlink DPCH). 

Downlink DPCH - Downlink Dedicated Physical Channel. The downlink DPCH consists of
user data time-multiplexed with control information. Thus, the channel can be seen as a time
multiplex of a downlink DPDCH and a downlink DPCCH, see Figure 7.2. In Figure 7.8 the
frame structure of the downlink DPCH is shown. The bit rate for the channel may vary between
15 and 1920 kbps, and the number of bits per field varies. The double bit rate, compared to the
uplink DPDCH, comes from the fact that the channel uses both the I and Q branch while the

Figure 7.6. Structure of the random access transmission.

Figure 7.7. Time slot for uplink PRACH and PCPCH.
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uplink DPDCH only uses the I branch. Several downlink DPCH can be transmitted in parallel,
but like in the uplink control information is only sent on one channel.

The common downlink physical channels are: Common Pilot Channel (CPICH), Primary- and
Secondary Common Control Physical Channel (CCPCH), Synchronization Channel (SCH),
Physical Downlink Shared Channel (PDSCH) and a number of indicator channels that are used
to acknowledge messages sent on the uplink channels and to send channel status information.

Common Pilot Channel - CPICH. The CPICH carries a pre-defined continuously repeated
symbol sequence, sent with a constant bit rate of 30 kbps. The channel is the phase reference for
all other downlink channels, and is used when the UE tries to determine the scrambling code
used by the RBS during cell search. Furthermore the channel is transmitted with constant power,
and by using the channel the UEs determine the signal quality from the RBS. 

Primary Common Control Physical Channel - P-CCPCH. The P-CCPCH carries the
Broadcast transport Channel, and it is transmitted over the entire cell with a fixed bit rate of
30kbps. The channel is used as a timing reference for all the physical downlink channels, and
indirectly even for the uplink physical channels. During the first 256 bits of each slot the P-CCP-
CH is not transmitted. Instead the Primary- and Secondary Synchronization Channels, see be-
low, are transmitted during this period. 

Figure 7.8. Time slot for downlink DPCH.

Figure 7.9. Time slot for downlink CPICH. 
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Secondary Common Control Physical Channel - S-CCPCH. The S-CCPCH carries the For-
ward Access transport Channel and the Paging transport Channel. The bit rate for the channel
may vary between 30 and 1920 kbps, and like the downlink DPCH the bits per field may vary.
Furthermore an S-CCPCH can be transmitted over the entire cell, or only over a sector of the
cell.  

Synchronization Channel - SCH. SCH consists of two unscrambled subchannels, the Primary
and Secondary Synchronization Channels. Both channels are used during cell search. Every
RBSs, once every slot, transmits the same primary synchronization code, of length 256 chips,
on the Primary SCH. The Secondary SCH is sent in parallel with the Primary SCH and it carries
a length 15 sequence of 256 bit codes. The code sequence tells which code group the scrambling
code of the base station belongs to. The transmissions of both channels are carried out at the
beginning of each slot, during the time the P-CCPCH is not transmitted.

Figure 7.11. Time slot for downlink Secondary CCPCH.

Figure 7.12. Time slot for downlink SCH.
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Appendix C

Simulation environment
For the simulations during the master thesis a WCDMA radio network simulator, called Casper,
has been used. The simulator includes features like flexible base station layout and configura-
tion, it allows both speech- and packet data traffic and important radio network algorithms like
soft handover, power control and admission control are implemented.

In Casper there are three main types of models used: propagation models, physical layer models
and traffic models.

C.1 Propagation models
The propagation models includes the layout of the RBSs, antenna characteristics, user move-
ment, distance attenuation, and fading models.
 
The distance attenuation is pre-computed by using an empirical formula described in [4]. De-
pending on the constants used in the formula, the distance attenuation will correspond to the
propagation in different landscapes. 

There are also models in Casper for both slow shadow fading and fast multipath fading. The
shadow fading models a landscape with hills and buildings. It is lognormally distributed and
consists of two parts, one that depends on the position of the UE and one that depends on the
path between the UE and the RBS. The first one is fully defined by the position of the UE, and
is the same for all RBSs. If the user, for instance, moves into a tunnel or up on a hill it will affect
the path to all RBSs. The other component is defined by both the UE and RBS positions. It is
used for simulating the radio signal being blocked in just one direction, for example by a build-
ing between the UE and an RBS. These two components are summed up to form the total log-
normal fading, after first being multiplied with a factor that decides the contribution of each
component.

The multipath fading factors will be diffrent for the uplink and downlink. The factors are each
taken from pre-computed multipath fading maps, which corresponds to channel models defined
by the International Telecommunication Union (ITU) [9]. 

C.2 Physical layer models
The physical layer is the only WCDMA layer modeled in Casper. The physical layer models
estimates, for every slot, the signal strength between all UEs and RBSs. From that the signal
quality for each channel present is calculated. These values are passed on to the radio network
algorithms, which make decisions if, for example, a soft handover will be executed.

C.3 Traffic models
The traffic models are used for modeling speech- and packet traffic. They are based on Poisson
processes for user arrival. The speech model uses a voice activity process, to model speech sent
in both uplink and downlink during a call. 
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Appendix C - Simulation environment
C.4  Soft handover model
Even if only the physical layer is modeled, it is possible to simulate soft hanovers with a certain
delay in Casper. The delay is static througout the simulation for all users, but it is useful when
simulating how different delay values will affect the system. The soft handover model includes
both the buffer delay and the processing delay described in 6.1.  

C.5 Limitations
Since only the physical layer is modeled in Casper, an actual handover sequence, which in-
volves signalling between the UE and the RNC and between the RBS and the RNC, cannot be
simulated. Therefore no actual changes in the handover delay can be seen when, for example,
simulating a new soft handover algorithm. What can be done is to estimate how much shorter
the delay will be with the new algorithm, and see how this shorter delay affects the system. It is
also possible to see at which point in time a soft handover event will be triggered.

C.6 Point in time for the execution of the soft handover function
These simulations were made to show that the point when the soft handover function is executed
can be put earlier in time. 

The mobility module in Casper move the UEs according to a Gaussian random walk. For sim-
ulating the cases shown in 5.2, the UEs has to move along fixed paths. The fixed paths will il-
lustrate a road and a crossroad. For that a new mobility module was implemented. 

The only thing of interest was when the handover was made between two cells,  for some dif-
ferent cases. Therefore the fixed path only goes through a few cells, not all the cells in the  sim-
ulation area. Before the UEs reach the cell border of the destination cell, a crossroad is located.
During the simulations the crossroad was located about 1000 m before the fixed offset threshold
border.

Only speech users were simulated. In Table C.1 other parameters used during the simulation are
shown.

Table C.1: Parameters used for the simulations of the point in time of the soft handover 
function execution.

Radio environment Rural

Cell radius 3500 m

Nr of cells 7

Sectors/cell 1

Speech users/cell 10

Mean velocity 120 km/h

Soft handover, add thresh-
old

3 db / dynamic offset threshold

Soft handover, delete 
threshold

5 db / dynamic offset threshold
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Appendix C - Simulation environment
C.7 Delay while executing the soft handover function
The purpose with these simulations were to show how the system capacity and quality of service
changes with increasing soft handover delay. 

Since the whole system was to be simulated no fixed path mobility module was used. The users
moved according to a Gaussian random walk. 

Only speech users were assumed during these simulations too. Other important parameters can
be found in Table C.2.

Table C.2: Parameters used for the simulations of the delay while executing the soft 
handover function.

Radio environment Urban

Cell radius 980

Nr of cells 7

Sectors/cell 3

Speech users/cell 35

Mean velocity 3 km/h / 30 km/h / 50 km/h

Soft handover, add thresh-
old

3 db

Soft handover, delete 
threshold

5 db
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