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Abstract 
The traditional way of increasing capacity in a wireless communication system 
has been cell splitting and fixed channel-allocation based on prediction tools. 
However, the planning complexity increases rapidly with the number of cells and 
the method is not suitable for the large temporal and spatial traffic variations 
expected in the future. A lot of research has therefore been performed regarding 
adaptive channel allocation, where a channel can be used anywhere as long as the 
signal-to-interference ratio (SIR) is acceptable. A common opinion is that these 
solutions must be decentralized since a centralized one would be overly complex. 

In this thesis, we study the locally centralized bunch concept for radio resource 
management (RRM) in a Manhattan environment and show that it can give a 
very high capacity, both for outdoor users and for indoor users covered by 
outdoor base stations. We show how measurement limitations and errors affect 
the performance and we propose methods to handle these problems, e.g. 
averaging of measured values, robust channel selection algorithms, and increased 
SIR margins. We also study the computational and signaling complexities and 
show that they can be reduced by splitting large bunches, using sparse matrix 
calculations, and by using a simplified admission algorithm. However, a 
reduction of the complexity often means a reduction of the system capacity. 

The measurements needed for RRM can also be used to find a mobile terminal’s 
geographical position. We propose and study some simple yet accurate methods 
for this purpose. We also study if position information can enhance RRM as is 
often suggested in the literature. In the studied scenario, this information seems 
to be of limited use. One possible use is to estimate the mobile user’s speed, to 
assist handover decisions. Another use is to find the location of user hotspots in 
an area, which is beneficial for system planning. 

Our results show that the bunch concept is a promising candidate for radio 
resource management in future wireless systems. We believe that the complexity 
is manageable and the main price we have to pay for high capacity is frequent 
reallocation of connections. 
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Chapter 1  

Introduction 

The interest for wireless multimedia services is growing rapidly. Designers of 
wireless systems will face difficulties such as highly varying user concentrations 
and vastly different demands on quality of service. Some services will require 
very high data rates while others will have very strict delay limits. The current 
second-generation mobile communication systems are mainly intended for 
speech and low rate data. They typically use fixed channel allocation (FCA) and 
simple constant received power control strategies, which are not suitable for 
large data rate and population density variations. FCA schemes are not feasible 
when one user temporarily needs a large part of the total system bandwidth since 
they split the bandwidth in advance between base stations [6]. Random channel 
allocation (spread spectrum) systems can solve some of the problems and give 
good performance since they can be designed for the average interference 
situation instead of the worst case as with FCA. Even better performance is 
possible with dynamic channel allocation (DCA) although the signaling load can 
be a problem in wide area systems. It is generally considered that DCA schemes 
must be decentralized for complexity reasons. 

In this thesis, we will study the bunch concept, which is a concept for radio 
resource management in a locally centralized manner. The idea is to use 
centralization in local areas in order to pack the spectrum efficiently and use 
decentralized solutions on a global scale to lower the overall complexity. We will 
study the bunch from three different viewpoints: capacity, robustness, and 
complexity. Before going into details, we will give a short introduction to 
wireless personal communication systems (PCS) and radio resource management 
(RRM) in general. 
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1.1 Cellular (PCS) Systems 

A wireless network provides access to a fixed network for mobile users. The 
most well known wireless system is probably the radio and TV broadcasting 
networks. These systems are unidirectional and typically use a high-powered 
transmitter with antenna mounted on a tall tower to assure good reception over a 
large area. Since the same information is to be transmitted to all users in a large 
area, the main problem is coverage, not lack of radio frequency spectrum. These 
systems are said to be noise limited since, with a given transmitter power, it is the 
mainly the thermal noise that limits the coverage area. Of course, the more 
programs that we want to broadcast, the more spectrum we need, but the number 
of listening users in an area does not affect the spectrum usage. Early mobile 
telephony systems used the same principle with a single high-powered antenna 
on a tall tower. This gave good coverage and worked well as long as the number 
of users was low. When the demand for mobile services increased, it was no 
longer possible to allocate radio spectrum proportional to the number of users. 
The high transmitter powers and the tall antenna towers meant that interference 
traveled long distances and rendered it almost impossible to re-use the 
frequencies elsewhere. A tradeoff had to be made between the number of 
channels available in an area and the communication quality of the channels. 
Depending on the choices made, the communication capacity became either 
blocking limited (lack of channels) or interference limited (bad communication 
quality). 

Among the first commercially successful bi-directional mobile systems were the 
Nordic Mobile Telephone (NMT) and Advanced Mobile Phone (AMPS) 
systems. In those systems as well as in newer ones, the area where a single access 
port or base station (BS) provides coverage is denoted a cell. Several adjacent 
cells form a service area or coverage area. The systems are therefore often called 
cellular systems. In order to provide contiguous service for moving users, cells 
must overlap at the edges. When a user moves from one cell to another during a 
call, the system performs a handover (HO). Ideally, the handover should not be 
noticeable to the user. The term personal communication system is often used to 
describe new wireless systems that have more features and services to offer than 
existing cellular systems. The latter are primarily designed to carry voice traffic. 

In cellular systems, the base stations usually transmit different information to 
every user. This means that the number of active users directly affects the needed 
radio spectrum. The main idea with the cellular concept is to increase capacity by 
replacing a large cell with several small ones instead of increasing the number of 
channels. An arbitrary large number of users can thus be served with a fixed 
number of channels. Each base station is allocated a fraction of the available 
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channels, a fraction different from that of its neighbors. In this way, interference 
between cells can be controlled. If the allocation is done in a systematic manner, 
we can use this method to cover a very large area by reusing channels as many 
times as necessary. How often channels can be reused depends on the radio wave 
propagation. When the number of service subscribers increase, it is possible to 
further split the existing cells into smaller ones by adding more base stations and 
reducing the transmitter powers. 

Radio waves are attenuated with increasing distance. Thus, we would expect that 
the coverage area (cell) of a BS would be a circle. However, circles do not 
tessellate an area, which means either that the cells must overlap or that we do 
not have full coverage over the area. Out of the regular polygons that can be used 
for tessellation, the hexagon is the one that most resembles a circle. Therefore, 
cellular systems are often organized in hexagonal patterns as shown in Figure 1.1 
where we have a system with seven channel groups (A-G). We denote this as 
reuse factor or cluster size seven. The reuse distance is the distance between a 
cell and the nearest cells that use the same channel group. This distance is 
normalized against the cell radius, which is defined as the longest radius that can 
be drawn in the cell. In some cases, such as in Manhattan-like street 
environments, it is not always possible to use the hexagonal approach. In an 
environment with perpendicular streets, it might be better to use a rectangular 
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Figure 1.1. The hexagonal cellular concept is shown with four clusters, each using the 
same seven channel groups (A-G). The cluster size (reuse factor) is thus seven. 
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pattern instead. These regular patterns are of course an ideal situation; in reality, 
the patterns will not be perfectly regular since, for instance, the terrain can 
prevent placement of BSs in the ideal positions. 

Transmission from a BS to an MS is called downlink (DL) transmission and the 
opposite is called uplink (UL) transmission. The method used to separate the up- 
and downlink transmissions between a BS and an MS is known as duplexing and 
can be performed either in the frequency or in the time domain. Frequency 
Division Duplexing (FDD) is used in e.g. GSM and D-AMPS while Time 
Division Duplexing (TDD) is used in the DECT system. Actually, GSM uses 
both FDD and TDD, which means that transmission and reception in the MS 
occurs neither on the same frequency nor at the same time. This simplifies the 
design of the MS. 

When several users have access to the shared radio spectrum, there must be some 
way to distinguish their signals from each other. This is called multiple access. 
Often, the terms multiple access and multiplexing are used interchangeably for 
this purpose. However, a common definition is that multiplexing means 
processing signals available at a single point like in the downlink from a BS 
(one-to-many), while multiple access is the more generic form of resource 
sharing which also includes handling of the uplink (many-to-one). Anyhow, we 
can view the resource-sharing problem in at least four different domains: 

• Frequency – Transmission on frequency A does not interfere with frequency 
B if they are sufficiently separated. This technique is known as frequency 
division multiple access (FDMA) and is used for instance by the analog 
mobile phone systems (AMPS, NMT) 

• Time – In some second-generation mobile systems (GSM, D-AMPS, etc.) 
each frequency is divided into several time slots. Each time slot can be used 
by different users. This is known as time division multiple access (TDMA). 

• Code – By using special waveforms (codes) with low cross-correlation and 
excess bandwidth, it is possible to distinguish between users transmitting at 
the same time in the same frequency band. This technique, code division 
multiple access (CDMA) is used for instance in military communication 
systems and in the American IS-95 system. 

• Space – If the transmitted signal can be directed in space with spot beam 
antennas, it is possible to use the same channel for several users in the cell. 
The first attempt at space division multiple access (SDMA) was to use fixed-
sector antennas but today, fully adaptive antennas that track each user with a 
narrow lobe are feasible. 
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Multiple access protocols can also be categorized for instance by dividing them 
in contention protocols and conflict-free protocols. In conflict-free protocols, it is 
ensured that a transmission of a packet of data does not collide with other users’ 
packets. Thus, a transmission will be successful. This can be achieved by 
reserving channels in advance, either statically or dynamically. In contention 
protocols, the lack of coordination will inevitably lead to some collisions where 
data packets are destroyed. In case of collisions, there must be a method of 
deferring further transmissions until the channel is free. A common method is to 
wait a random amount of time before retransmission after a collision. Contention 
protocols can serve a large number of users with low overhead, but they can 
collapse at high loads resulting in low throughput and high delays. They work 
better for file transfers than for speech calls due to the uncertain delay 
characteristics. 

1.2 Radio Resource Management 

At first, the radio spectrum may seem almost infinite; it includes all the 
frequencies between 3 kHz and 300 GHz as shown by the gray-shaded part of the 
electromagnetic spectrum in Figure 1.2. A closer look would tell us that most of 
the available radio frequencies are already assigned to different services such as 
broadcasting, mobile communication, navigation beacons, amateur radio, and 
radio astronomy. The currently used mobile-phone frequency bands are marked 
with black vertical lines near the “GHz” mark. Furthermore, different frequencies 
have different propagation characteristics and requirements on antennas. The 
lowest frequencies can follow the earth’s curvature and therefore travel over very 
long distances while the highest frequencies need direct line-of-sight. Some 
frequencies have very high attenuation due to absorption in atmospheric gases, 
e.g. an attenuation of 10-dB/km caused by oxygen (O2) in a narrow band around 
60 GHz [62]. Further, the antenna size is proportional to the wavelength, which 
means that higher frequencies are preferred for handheld equipment. Finally, 
most of the capacity is available at the highest frequencies since more bandwidth 
is available there but today, electronic circuits tend to be more expensive above a 

Radio waves Microwaves IR UV X-Rays

ZHzEHzPHzTHzGHzMHzkHz ZHzEHzPHzTHzGHzMHzkHz

Mobile phone bands Visible light
 

Figure 1.2. Part of the electromagnetic spectrum. 
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couple of GHz. For these reasons, finding a suitable and available frequency 
band for a new service is difficult and expensive. Since radio waves do not care 
about country borders, a global harmonization of the frequency assignment is 
necessary. Today, this harmonization is performed by the International 
Telecommunication Union (ITU), which is an agency within the United Nations. 

When a frequency band is allocated to a service, we would like to use this band 
as efficiently as possible due to the lack of available frequencies. Radio resource 
management (RRM) is the process of assigning, reassigning, and deassigning 
radio resources. In order to set up a communication link between a user terminal 
and the fixed network in a Personal Communication System, several decisions 
have to be made. According to Zander [72], the RRM problem consists of 
assigning the following three resources: 

• a base station (sometimes more than one), 
• a waveform (channel), and 
• a transmitter power level. 
 
For completeness, we could also add a fourth resource: 

• an antenna pattern (cf. sector). 

However, antenna patterns and adaptive antennas are not discussed in this thesis. 
For efficient use of the radio spectrum, the resource assignment should be 
performed such that the number of simultaneous communication links is 
maximized while the quality of every communication link is sufficient. 
Traditionally, the three assignment tasks above have been treated separately in 
order to reduce the complexity, although this does not necessarily give an 
optimal allocation. Viewing the resource assignment as a joint optimization 
problem could yield a better solution but finding the optimal resource allocation 
is very difficult; no efficient algorithm that solves this problem in general is 
known. Instead, heuristics are often used to find suboptimal solutions. 

In today’s systems, the mobile selects the BS from which it receives the strongest 
beacon. This is a good heuristic if we want to minimize the needed transmitter 
power. When using constant received power control, this heuristic gives the 
minimum power, but not necessarily when using quality based power control. In 
situations with hotspots in the traffic distribution, it might be better to combine 
the BS selection with the channel search and assign a mobile to a neighbor BS 
with less traffic. To complicate the problem even further, some systems can 
combine the signals from several BS in order to improve the signal quality. The 
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opposite is also possible, i.e. several BSs can receive and combine the 
transmission from one MS. Communicating with several BSs simultaneously is 
known as macro diversity and is especially useful at the cell border when the MS 
is about to perform handover. In that case, it is often called soft handover. 

For channel selection, numerous algorithms exist [49]. Some of the more 
common are ordered search, random search, and least-interfered. Combining the 
channel search algorithm with the power control makes it possible to find a 
channel with a certain quality (signal-to-interference ratio). This is useful since 
the communication error rate is monotonically decreasing with increasing 
channel quality as long as the distribution of the interference does not change. 

RRM is very important for system performance and capacity. The achievable 
capacity increase when using a more advanced method can sometimes be an 
order of magnitude. Although finding the optimal solution is generally not 
possible, advanced heuristics can give good results. Earlier, the cost of radio 
equipment such as channel units was a large part of the total BS site cost. 
Therefore, most systems used simple, pre-planned schemes such as fixed channel 
allocation. Today, other costs tend to dominate; when the number of BSs 
increases, property owners can charge more for letting site-space since it 
becomes harder and harder to find good site locations. Further, operators in 
several countries have paid enormous amounts of money for radio spectrum 
licenses. When radio equipment costs are only a small part of the total cost, 
advanced technical solutions for higher capacity can easily be motivated. In fact, 
operators cannot afford to be without efficient RRM. 

1.3 The Bunch Concept 

The bunch concept described in this thesis is a hybrid between centralized and 
decentralized Radio Resource Management (RRM). It uses fast dynamic RRM in 
a locally centralized and burst-synchronized bunch of base stations and random 
(interference averaging [56]) or distributed RRM between bunches where 
synchronization and high signaling load prohibits the use of centralized dynamic 
RRM. 

The model for our wireless bunch system was presented in more detail in [17], 
and [21]. It is based on the concepts discussed in [23], [31], and [51], where a 
limited number of remote antenna units (RAUs) are connected to a hub or 
central unit (CU) as in Figure 1.3. This is similar to GSM where a number of 
base transceiver stations (BTSs) are connected to a base station controller 
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(BSC), but we want to centralize even further by moving most of the intelligence 
and signal processing into the CU. The RAUs in the bunch are connected to the 
CU with high-speed communication links, which makes communication “cheap”, 
and enables burst synchronization within the bunch. In some cases, the RAUs 
could be fed a radio frequency (RF) signal directly through optical fibers. In this 
way, the RAUs could be very simple, containing only power amplifiers and 
converters between optical and electrical signals [47], [68]. Throughout the 
thesis, we will use the terms BS and RAU somewhat interchangeably. 

A typical use for a bunch is pico- and micro-cells where there usually is 
considerable overlap between the coverage areas of different cells. The 
interference in these areas is difficult to predict and increasing demands for 
transmission capacity necessitates the use of highly effective RRM schemes. The 
tight integration of intelligence and signal processing in the bunch concept 
enables the use of advanced and locally centralized dynamic RRM schemes 
giving high capacity. All information like transmitter powers, receiver noise 
factors, channels used, channel measurements, etc. is known by the CU. 

A bunch is ideal for hotspots like central parts of a city or a building floor. 
Preferably, we would like the bunch to cover the whole hotspot and thus most of 
the interference would be generated within the bunch. Network planning could 
aid in this task but in some cases we will need several bunches to cover an area 
effectively. That means that we need a method to combat the inter-bunch 
interference. Earlier studies [23], [31], [51], [55] assumed either only one large 
bunch, or that dedicated frequency bands where used for different bunches. For 
the TDMA mode (FRAMES Multiple Access Mode 1 without spreading, FMA1 
NS [50]) studied earlier [17], [21], we used interference averaging by time and 
frequency hopping (TH/FH) to handle the inter-bunch interference [56]. The 
hopping sequence is the same for all users within a bunch but differs between 

CU

RAU

RAU

RAU

 

Figure 1.3. The bunch concept with the Central Unit and the Remote Antenna Units. 
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bunches. This preserves the intra-bunch interference and averages the inter-
bunch interference. A macro-cell with slow FH can thus be seen as a special case 
of a bunch with only one RAU. For the hybrid TDMA/CDMA mode studied in 
this thesis (UTRA TDD [41]), hopping is currently not used since the spreading 
codes already provide some interference averaging. Decentralized, measurement 
based DCA strategies could be used to complement the spreading. 

The bunch concept is very flexible and allows several different approaches for 
radio resource management. The implementation in our work uses a SIR-based 
dynamic channel allocation and power control scheme. Measurements of the link 
gains between BSs and MSs are collected by the central unit. With help of the 
link gains and the transmitter powers, the CU can determine in advance whether 
an allocation is feasible or not. It can also calculate the necessary transmitter 
powers to maintain the required quality for all cochannel users. A few similar 
approaches exist in the literature. In [31], Dropmann et al proposed an 
interference-matrix based approach with a maximum-packing algorithm. A two 
level power control is discussed but the complexity of the scheme rises quickly if 
more power levels are added. Recently, Qiu et al [60] proposed a framework 
similar to our bunch concept with the link gain matrix as a basis for the RRM 
decisions. One big difference is that they use link adaptation instead of 
transmitter power control. Further, their approach could be seen as a “dynamic 
bunch” in the sense that every one of their BSs correspond to a CU and the BS 
and its cochannel neighbors are the RAUs. Each BS exchanges RRM related 
information with its cochannel neighbors and then performs the necessary 
calculations. The advantage is that inter-bunch problems are almost eliminated 
since the resource requesting MS is always in the center of the bunch. However, 
a similar result can be achieved in our concept by using one large bunch together 
with sparse matrix calculations and the simplified feasibility check proposed in 
section 0. Another difference is the implementation; we do all the calculations in 
one central unit while the proposal in [60] lets every BS performs its own 
calculations. 

1.4 Related Work 

A lot of research has considered how to increase capacity for wireless 
communication systems, especially in dense urban environments. A common 
denominator is that most of them try to minimize the radiated interference while 
still providing adequate signal quality. 
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One well-known method to lower the interference is to use transmitter power 
control. For non-orthogonal CDMA systems, uplink power control is vital to 
combat the near-far problem. For this purpose, constant received power control 
can be very effective. Constant received power control is also used in current 
second-generation TDMA systems like GSM and D-AMPS where they help to 
mitigate the adjacent channel interference. In the uplink, power control has the 
added advantage of prolonged battery life for mobile terminals. 

As mentioned, constant received power control is effective in order to decrease 
the adjacent channel (intracell) interference. However, it has limited effect on the 
cochannel interference. In [5], Aein introduced the concept of SIR balancing, 
which means that transmitter powers are adjusted so that all receivers experience 
the same SIR. Zander shows in [73], that potentially large gains are achievable 
with SIR based power control. A capacity improvement by a factor of four is 
possible compared with a system using fixed or constant received power control.  

Another method that is used in current second-generation systems is to split a 
large cell in several smaller microcells. This allows a reduction in transmitter 
powers, in both up- and downlink, which in turn gives lower interference levels. 
The cell splitting can be made either by using several small cells or by using 
directional antennas, splitting a cell in several sectors. 

Conventional cell splitting only reduces the cell radius, not the separation 
(measured in number of cells) between cochannel cells. With a technique known 
as distributed antennas, a cell consists of a number of zones, each covered by an 
antenna unit connected to central cell site. All the channels belonging to the cell 
can be used in any one of the antenna units, but only in one zone at a time. This 
allows a more flexible allocation of channels to each zone. In [53], a novel 
microcell system is presented where both the cell radius and the cluster size are 
reduced with help of distributed directional antennas. In the proposed system, a 
cell consists of three zones. Each zone is equipped with a directional antenna 
pointing inwards, toward the cell center. All radio units for the three zones reside 
at a central base site in the cell. This allows small and easily deployable zone 
sites. Channels are not divided in advance between the zones in a cell, which 
gives a capacity advantage over conventional antenna sectorization. For 
downlink transmission, only the antenna with the lowest path gain to the MS is 
used in order to reduce the generated interference. All the antennas can 
simultaneously receive signals from an MS. This enables three-branch different-
site diversity at the central cell site and allows reduction of the uplink power 
levels. 
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The idea of several small zones in a cell is also studied in [54] in conjunction 
with a distributed resource allocation technique. In this system, a cell consists of 
a central base station connected to six surrounding low-power sub-base stations. 
The central base station has enough power to cover the whole cell and is 
responsible for all signal processing and all decisions regarding channel 
allocation. Under light traffic, all sub-stations are switched off and the system 
operates with autonomous reuse partitioning (ARP [48]). If a call is blocked due 
to insufficient SIR, the sub-station next to the MS is switched on and used in 
place of the central station on the first channel that satisfies the SIR threshold. 
Since the MS is now closer to its base, the measured SIR will be improved. The 
system is shown to improve capacity by a factor 2-3 compared with an FCA 
system where conventional cell splitting is used. 

Recent advances in fiber-optic technology make it possible to distribute RF 
signals directly via fiber to distributed radio ports or sub-base stations. The radio 
ports only need to convert the optical signals to electrical and vice versa. This 
enables the construction of very compact and cost-effective radio ports. An 
overview of optical fiber-based microcellular systems can be found in [68]. 

Centralized systems with a CU or Hub controlling a number of simple radio ports 
are described in [13], [23], [26], [27], [31], [51]. In [26] and [27], Chawla et al 
propose procedures and algorithms for self-engineering of wireless systems 
during startup and operation. These procedures include for instance assignment 
of control and traffic channels and creation of neighbor lists for each cell. An 
initial system configuration is achieved automatically, based on signal strength 
and path-loss measurement capabilities in second-generation cellular systems. 
The self-engineering continues during operation to accommodate addition and 
deletion of bases, changes in the physical environment, etc. In [74], the Hub 
controlled concept from [23] and [51] was compared with a picocellular concept 
and a distributed antenna concept in an indoor office environment. The capacity 
of the Hub concept was found 2-3 times higher than that of the other two. 

The idea that local centralization could improve performance, especially for 
hotspots was a motivation to study the bunch concept. A large amount of our 
work has been carried out within the European ACTS project FRAMES. Our 
version of the bunch concept was presented in [21]. It was further evaluated, 
showing good performance both in a Manhattan scenario [17], and in an indoor 
office environment [58]. Our bunch concept extends the work in [23], [31], [51], 
[55] in the sense that a novel global (inter-bunch) solution is offered. The system 
described in [23] and [51] is mainly intended for indoor use and is designed for 
compatibility with current second-generation systems. In [21], we also proposed 
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a new RRM architecture using Signal-to-Interference-Ratio (SIR) based channel 
allocation and transmitter power control. All requests are passed through the 
feasibility check, which calculates if a new user can be safely admitted. The idea 
of using path gains to calculate the feasibility of allocations was originally 
proposed by Nettleton [55]. The implementation of our bunch concept studied in 
this thesis extends Nettleton’s work by combining the feasibility check with SIR-
based power control, where initial powers are calculated by the CU during the 
feasibility check. The power control used during operation is DCPC [38], which 
tries to achieve the SIR target for all links in a distributed way. More advanced, 
centralized, solutions would be possible. Possible channel search methods 
include but are not limited to, random, ordered (lowest number first), and least-
interfered. Further examples of channel selection methods can be found in [28], 
[49], [69]. Interactive admission algorithms that are safe for existing users 
include ALP [11] and SAS [8]. Bambos and Pottie [12] have studied a non-
interactive admission algorithm that solves the feasibility check equation. 

The idea of using radio signals to determine the geographical location is not new. 
In [34], Figel et al describes a system where signal strength contours are 
measured in advance using a mobile transmitter and a set of base stations. A 
mobile can then be located by finding the most probable intersection of the 
contour lines of each base station. Today, it would be possible to estimate the 
signal strength contours using propagation prediction tools but the complexity of 
such a system is still too high to make it usable other than in small, local areas. A 
vehicle location method using a simple distance dependent path loss model 
instead of a priori knowledge of the signal contours is proposed in [64]. Location 
errors near the base stations are reduced using a fuzzy logic technique. Apart 
from signal strength, it is also possible to utilize signal propagation delay for 
position estimation. In [66], linearized formulas are developed, both for circular 
(pulse ranging) and hyperbolic (phase ranging) trilateration in the presence of 
multipath propagation. An overview of radiolocation methods for CDMA 
cellular systems can be found in [25]. Our proposed positioning methods are 
based on [24] where the MS position is estimated as the centroid of the positions 
of all BSs that it can hear. 

1.5 Thesis Contributions 

With limited frequency spectrum availability and high infrastructure costs, high 
efficiency is essential in order to meet the increasing demand for high bit-rate 
services. The bunch concept described in this thesis is especially well suited for 
hotspots and non-homogeneous traffic since it adapts to the interference situation 
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and can provide high capacity. It is a locally centralized concept for efficient 
RRM in future personal communication systems. Dynamic RRM is used in a 
local area to get high performance and random RRM (interference averaging) or 
decentralized RRM (interference avoidance) on a global scale to keep the 
complexity down. The proposal and description of the bunch concept as shown in 
Chapter 2 and the first part of Chapter 4 (link-gain matrix, basic RRM 
algorithms) were made in collaboration with Stefan Pettersson and Jens Zander 
[21]. Valuable input was given from several other members of the Radio 
Communication Systems Laboratory at KTH and from our partners in the 
FRAMES project. The work has resulted in several internal publications within 
FRAMES. The basic ideas regarding the bunch and some performance results 
will be condensed to a journal paper that we plan to submit later this year. 

As far as possible, we have used the same models as used by ETSI for evaluation 
of UMTS candidates [32]. For indoor users served by outdoor BSs we use a 
model based on [15] but changed slightly in order to be easier to implement 
together with the outdoor model. For the correlated shadow fading, we did not 
find a suitable model in the literature and therefore proposed and used a new 
model based on ideas in [9], [16], [63]. Our model is summarized in [20] and 
described in more detail in Chapter 3. 

We also propose and study a basic set of efficient RRM algorithms for the bunch 
concept. Performance results for single bunches (Chapter 4) and multiple 
bunches (Chapter 5) using these algorithms have been published in, [4], [17], 
[21] and indicate a very high performance or efficiency in terms of served traffic 
per base and channel. We show how much more traffic that can be served with 
our system compared with FCA and distributed algorithms, (assuming that 
reallocations can be done at any time). We also show how much the performance 
degrades when several adjacent bunches are used instead of one large bunch. The 
results in [17] and [21] are for TDMA while the results in [4] are for the hybrid 
TD/CDMA used in most part of this thesis. The main difference is for multiple 
bunches where the results in [17] are based on time and frequency hopping. The 
TD/CDMA mode already has some interference averaging due to the spreading 
codes; thus, time and frequency hopping is not necessary. 

The drawback with our first proposed RRM algorithms [21] for the bunch is that 
they require a lot of measurements, signaling and computations in order to give a 
high performance. An improved feasibility check with reduced computational 
complexity was first proposed and studied in [17]. In Chapter 8, we evaluate the 
computational complexity of the used algorithms, study how this limits the bunch 
size, and propose improvements reducing the complexity. Some of these results 
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were published in [3] and [4]. We also study the effect of limited measurements; 
Chapter 6 deals with how the frequency, extent and accuracy of measurements 
affect performance. Further, we propose methods to mitigate these problems. 
Some of the results and performance improving methods were published in [3], 
[4], [19].  

This thesis is a continuation of the work in [18] where we focused on the bunch 
concept and efficient RRM algorithms with high capacity, robustness against 
measurement errors, and reduced complexity (measurement, signaling, and 
computational). The majority of [18] is included in this thesis. We have added a 
mixed outdoor/indoor user environment where base stations are placed outdoors. 
We will show how a mix of outdoor and indoor users affects the performance. 
We have also added path- and location-dependent correlation of the shadow 
fading in order to get results that are more realistic when studying limited 
measurements. Further, we have added a study of mobile station positioning and 
its impact on RRM functions. In Chapter 7, we show how measurements 
normally used for RRM functions can be used to determine the position of a 
mobile with reasonable accuracy. Our proposed positioning methods compare 
well with existing methods in terms of complexity, accuracy, and sensitivity to 
measurement errors. A large part of this work was published in [20]. We also 
show how and when the knowledge of the mobiles’ positions can be used to 
assist RRM functions like channel selection and handover. This has not yet been 
published but the whole of Chapter 7 could be the basis for a journal paper to be 
submitted later this year. 
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Chapter 2  

Bunched Radio Resource Management 

As described in the introduction, a bunch is a number of remote antenna units 
(RAUs) connected to a central unit (CU). Most of the intelligence and signal 
processing is located in the CU. This facilitates the use of advanced centralized 
algorithms for radio resource management. However, we will show that good 
performance can be achieved even with rather simple algorithms. 

In this chapter, we propose a framework for bunched radio resource 
management. It is flexible in the sense that it allows a variety of implementations 
of the RRM functions. The main advantage is the flexibility and the simple 
structure resulting from the fact that we treat most changes of radio parameters as 
reallocations. We do not claim that our solution is optimal in any sense but it 
serves as a basis for further work. Some, but not all of the features will be 
evaluated in the following chapters. 

2.1 Intra-Bunch Resource Management 

Efficient RRM within the bunch requires a tight co-operation between a number 
of different algorithms. The main idea is to pack the spectrum as tight as possible 
by giving each user exactly the quality they need. More traffic usually means 
more revenue for the operator, which justifies the idea that we should not give 
the users more quality than needed. To accomplish high channel utilization, we 
use dynamic resource allocation and power control. Our intention is that bunches 
should be flexible enough to be deployed anywhere where high capacity is 
needed. An example scenario where several bunches and traditional base stations 
coexist, connected to the same radio network controller (RNC), is shown in 
Figure 2.1. 
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We have integrated all the intra-bunch radio resource management algorithms 
like channel assignment, link adaptation, power control (PC) and handover (HO) 
into a structure that we call the intra-bunch resource manager (IRM). The reason 
for this is that we believe that the system can be made more efficient if the 
different algorithms co-operate more tightly than in conventional systems. The 
intra-bunch algorithms in the bunch concept are highly dependent on each other 
and thus, they cannot be viewed as separate entities. Furthermore, the structure is 
generic enough to allow a wide range of implementations for the RRM 
algorithms. 

In conventional approaches for RRM there might be several control loops partly 
aiming at the same goal (maintaining or improving quality) but operating with 
different update frequencies and using different means to reach the goal. For 
example, if the bit error rate (BER) or block erasure rate (BLER) is too high 
although we have achieved the SIR target, should we then raise the SIR target, 
add more error control coding or change modulation format? If we have different 
independent control loops that can change these parameters, there is a risk that 
we get an unstable system. If SIR target is raised, we can no longer be sure that 
all cochannel users can still maintain their connection due to increased 
interference. If we add more parity bits or change to a more robust modulation 
scheme, we might need additional channels in order to maintain the data rate. 
This will also increase the interference. When the interference is increased, users 
will need higher powers to compensate for this, leading to an even higher 
interference level and so on. 

 

building with 2 bunches

macro BSs 

micro BSs

RNC 

bunch 

CU CU
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Figure 2.1. A scenario with multiple bunches coexisting with traditional macro- and micro 
base stations. The box labeled RNC is the Radio Network Controller. 
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For a centralized system that wants to control the interference dynamically, it 
would be very difficult to track the changes resulting from several different 
control loops and thus we propose a method that gives a simplified solution of 
the problem. The idea is to have a unified view of change of modulation, coding, 
SIR, RAU, channel, etc. as a universal reallocation. We assume that the SIR-
based power control has converged. An example follows:  

1. Quality problems are detected on a link, e.g. BER or BLER too high (or too 
low), PC unable to maintain SIR. 

2. The link with problems is deallocated. 
3. A high-priority allocation request is generated. The request might contain 

constraints regarding which resources to try or not to try depending on the 
cause of deallocation. 

4. The link is allocated to a new {RAU, channel, SIR, code rate, modulation} 
tuple. If the new allocation is not possible, we have to drop the link. 
Depending on the priority, we might of course drop or deallocate some other 
link in order to make room. 

 
The unified approach allows us to eliminate complex interactions between 
different RRM functions. It also allows us to reduce the amount of functional 
blocks needed. What it does not do is to tell us how to set the different 
parameters (SIR, code rate, etc.). 

A resource unit (RU) is the smallest possible resource that can be allocated in the 
{time, frequency, code}-domain. The IRM consists of a priority queue for 
requests, one entity for allocation of new resources, generic allocation (GA), one 
for deallocation of resources, generic deallocation, (GD), a measurement entity 
(MMT), and a power control entity (PC). The PC is partly included in the GA 
and GD. The contents of the different blocks will be described later. The IRM is 
responsible for resource allocation, reallocation, and deallocation. All allocation 
requests are passed through a queue sorted in priority order. Reallocation is 
performed through deallocation of the resource, generating a new resource 
request in the queue, and finally allocating it with some constraints that depend 
on the reason for deallocation. The IRM as shown in Figure 2.2 consists of the 
following functional blocks: 

• A priority queue through which all resource requests are passed. Initial 
priorities are assumed supplied by admission control. Reallocations have a 
higher priority than new allocations in order to avoid dropping a bearer. 

• A measurement entity (MMT), which can trigger deallocations. 
• The power control entity (PC), which is based on measurements. 
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• The generic allocation entity (GA) handles all resource requests including the 
ones for new bearers and for bearers needing more capacity. If the allocation 
fails, the request is put back in the queue. 

• The generic deallocation entity (GD) is responsible for releasing resources in 
case of problems (quality warnings from MMT), and when otherwise needed, 
e.g. upon HO or bearer termination and in case of too good quality. Resources 
that are removed in case of problems are put in the priority queue. 

 
There are also a few blocks that do not belong within the IRM but need some 
communication with it: 
 
• The handover entity (HO) is responsible for inter-bunch handover. Within the 

bunch, we just reallocate the MS to a new RAU based on the knowledge of 
the interference conditions in the bunch. 
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Figure 2.2. The structure of the Intra-Bunch Resource Manager (IRM) and its interaction 
with other entities. 
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• AC/CC is the admission/congestion control entity. AC/CC is a higher layer 
function that looks at the status of the queue to see if new users can be 
admitted or if a bearer should be dropped due to congestion. The queue 
reports missed deadlines for resource requests and if there are too many 
missed deadlines, some bearer might have to be dropped. 

2.2 The Priority Queue 

Resource requests are placed in a priority queue. Here we assume that Admission 
Control supplies each bearer with a priority. Requests from the already assigned 
bearers normally have a higher priority than new requests, i.e. reallocations and 
requests for upgrading the link quality/transmission rate are usually served before 
new requests. However, this is a tunable system parameter. Resources that are 
put in the queue by the GD have a status field containing the reason for 
deallocation, e.g. bad quality. It also contains any constraints on the wanted 
allocation, e.g. a wish list on preferred RUs/RAUs. If pre-emptive operation of 
the radio resource allocation is wanted, this is possible by setting a higher 
priority for the new request than for the already assigned resources. For instance, 
a speech call could interrupt a low-priority data transfer. 

We also need a timeout-mechanism for the queue. Each bearer has a time limit 
that must not be exceeded in case the bearer cannot be served. If a bearer cannot 
be allocated within this time in the queue, that bearer is dropped. This means that 
the bearer with the lowest priority in the system is dropped. The priorities can be 
dynamic and altered with time if necessary. 

2.3 Generic Allocation 

Generic allocation (GA) is responsible for allocation of resources. We propose an 
algorithm that allocates resources according to the requests in the queue. It 
includes initial selection of transmission modes (e.g. code rate, modulation, burst 
type) and uses central knowledge to allocate the resources. If the queue is not 
empty, the resource allocation procedure is triggered on the following events: 

• Change in the queue 
• A timer has expired since the last allocation attempt 
• Deallocation has occurred 
 
We assume that there is an incoming request for transmission capacity. The 
request contains total bit rate (RT), number of bits (NRT), a set of possible 
transmission (Tx) modes, and any allocation constraints (e.g. preferred 
resources). The GA can now start the allocation procedure: 
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function GA (capacity, TxModeSet, constraints)  ;Input from queue. 
 while Number of remaining Tx modes > 0 

 [neededRUs, Quality] = TxModeSelection(capacity, TxModeSet) 
 grantedRUs = RequestRUs (neededRUs, Quality, constraints) 
 if grantedRUs equals neededRUs 

 InvokeInitialPower (grantedRUs, Quality) 
 Allocate (grantedRUs) 
return (OK) 

 else 
 Calculate the remaining needed capacity. 

 end if 
 end while 
 return (FAILED, failureReason)  ;Request failed, return to queue. 
end GA 
 
The function RequestRUs(…) within the GA above contains the sub-algorithms 
RAU selection, RU selection and feasibility check. It can be performed as 
follows: 

function RequestRUs (neededRUs, Quality) ; quality could be SIR 
 while #of RUs > 0 

 RAUselection( )   ;Select candidate RAU(s) 
 RUselection( )     ;Select the RU(s) to try to allocate 

and sort them in appropriate order. 
 fCheck = FeasibilityCheck( )  ;Check if the allocation would fulfil 

the requested quality without 
disturbing the other users. 

 if fCheck equals OK 
 Store the feasible RU(s) 
 if we have enough resources 

     return (granted RUs) ;We got all requested resources 
 end if 

 end if 
 end while 
 return (grantedRUs)    ; grantedRUs is less than neededRUs 
end RequestRUs 
 
A future version could integrate for instance the RAU and RU selection, in order 
to optimize the performance even further. 
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In GA, the sub-algorithms can be implemented in different ways. Depending on 
the choice of sub-algorithms, some of the functions in Figure 2.3 might be empty 
(doing nothing). In the following sections, some of the functions are described in 
more detail. What is important is that the general architecture does not need to be 
altered if alternative algorithms are introduced. 

2.3.1 Transmission Mode Selection & RU Calculation 

This algorithm decides in which order to try the different transmission modes 
(code rates, SIR targets, modulation types, etc.). How to select these parameters 
is out of the scope for this thesis. After the decision has been made we calculate 
the number of RUs needed for the request. In case of resource reallocation, there 
can be additional constraints on which transmission modes to use. For instance, if 
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Figure 2.3. Flowchart for the generic allocation. 
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the quality with one mode was not acceptable, the reallocation should not use the 
same mode again. 

2.3.2 RU Selection and RAU Selection Methods 

RU Selection (channel search) finds an RU that can be used if it passes the 
feasibility check. This search can be done in a number of different ways: ordered 
search, random search, least-interfered first, most-interfered first, etc. Several 
different algorithms can be found in [28], [49], [69]. 

Each RU has an associated priority depending on the priority of the bearer using 
it. Free RUs have the lowest priority. The RU list is sorted according to the 
chosen RU selection algorithm within each priority level. Then the RUs are tried 
one at a time, starting with the first in the list and ending when there is no RU left 
with a priority lower than the priority of the request. The RU selection process 
can benefit from the locally centralization of the bunch concept. The current state 
of each RU for each RAU must be stored for both uplink and downlink in 
dedicated matrices within the CU. The scheme is pre-emptive, which means that 
a request with high priority can throw out a bearer with lower priority. The low 
priority bearers’ resources are then put in the IRM queue to wait for new 
resources. Priorities need not be static, which means that they can be dependent 
of the time a request has waited in the queue. With this priority scheme it is also 
possible to set the priorities such that a new request always have lower priority 
than those already in service. 

If an allocation prefers a certain RU, that RU can be given the highest sub-
priority, which means that it will be tried first. An application for this is the 
adaptive antenna selection (AAS [23], [51]); when a mobile changes RAU, it 
prefers to keep the RUs currently used. If this is possible, the mobile does not 
have to be aware of the RAU change. The only thing that has to be signaled in 
this case is probably a new set of RAUs to measure on. This is not critical and 
can be delayed, as it will not affect the quality of an ongoing call. 

Typically, RAU (or base station) selection chooses the RAU with the strongest 
beacon. In some cases, especially with uneven user distribution it can be 
advantageous to choose the RAU where we would need the lowest power to 
achieve our SIR target. This has been studied in [44], [71]. The advantage with 
that approach is that cells grow or shrink depending on the interference level. 
Cells with heavy congestion tend to shrink while less congested cells grow, 
absorbing traffic from the shrinking ones. 
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2.3.3 Feasibility Check and Initial Power 

The feasibility check can be viewed as a low-level form of admission control 
algorithm. Its purpose is to decide if a selected channel can be safely allocated to 
a user. The decision can be made either interactively or non-interactively. 
Interactive means trying and possibly dropping the new allocation, and non-
interactive means that the decision is based on calculations and estimations. 

The purpose of the initial power scheme is to try to ensure that the existing 
bearers are not disturbed by the new one. This is done by carefully choosing the 
power level of the new allocation, and if necessary, raising the powers of all the 
cochannel users. This is a very important task since the admission so far has been 
done purely based upon measurements that might be inaccurate and outdated due 
to measurement errors and user movements. We can signal new power levels for 
all affected bearers or broadcast a “boost factor” [8], [11]. 

We can use for instance the fast soft-and-safe interactive admission control as 
described in [8] where all the co-channel power levels are boosted by the same 
factor. The new terminal gets an initial power sufficiently low so as not to 
interfere with the others. After one update period of the power control algorithm, 
it is possible to decide if the admission is safe for the existing bearers. For short 
bursts of NRT traffic, we will not be able to update the power level after the 
initial setting, which means that the powers could be restored when the bursts 
ends. If it is not done, it will still be handled later by the PC. 

2.4 Generic Deallocation 

The Generic Deallocation block executes the removal of resources that have 
problems with quality (too good or too bad). Removals due to bad quality 
generate a capacity request in the queue and all necessary status information is 
stored (reason, quality, current resources, etc.). GD also releases the resources 
that are no longer needed by the bearer services (end of data burst or end of 
service. After the resources have been released, we may set a new power value 
(decrease power) for the remaining co-channel users on the affected RUs in the 
bunch. If it is not done here, it will still be handled by the slow power control but 
this will take a little longer. 

The GD works as follows: 

1. GD is triggered for some RUs belonging to a bearer 
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2. The RUs are deallocated and a request is put in the queue if the trigger was not 
from a service termination (hang-up). The request contains all necessary status 
information, e.g. triggering event, current resources and their quality, etc. The 
request can also contain some constraints regarding which resources (RAUs, 
RUs, and transmission modes) that can be used and in which order they are 
preferred. 

3. GA takes the request from the queue and performs an ordinary allocation with 
the supplied constraints. This type of allocation typically has a higher priority 
than new bearer requests. 

2.5 Power Control 

The purpose of the power control entity is to control the transmitter powers for 
the already admitted users, both in order to compensate for the fading caused by 
mobility but also to reduce powers for cochannel users when a call is terminated. 

2.6 Admission Control 

The task of admission control (AC) is to guarantee that all accepted users get a 
satisfactory QoS. The AC reduces the rate of dropped calls at the cost of 
increased blocking probability. It is based on for instance traffic load, recent 
dropping rate and statistics from the priority queue in IRM. Since the bunch 
system is centrally controlled, we already have the knowledge and it can be 
delivered to AC when needed. AC can also differentiate between bearer services, 
i.e. it decides how many bearers of a certain class that can be admitted. The 
operator could for instance decide that a certain capacity should be reserved for 
RT bearers. 

The AC only looks at the situation on a bunch (or higher) level, not on RAU 
level. It is therefore possible that AC admits a bearer that cannot be realized due 
to high interference, lack of resources in the chosen RAU, etc. However, the 
allocation unit in the IRM, which checks feasibility of every allocation, will 
handle this situation. The initial power scheme will then guarantee a soft 
admission, i.e. that the new bearer is admitted with low enough power, in order 
not to disturb the existing connections. 

2.7 Inter-Bunch Resource Management 

Due to computational complexity, signaling load and synchronization problems, 
one single bunch might not be possible if we want to cover a large area. In order 
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to handle the interference between different bunches, we can use either 
interference averaging (e.g. TH/FH) or interference avoidance by clever channel 
selection. It would of course also be possible to assign different channel sets to 
neighboring bunches. Unfortunately, this limits the number of available channels 
in a whole bunch, not just at the border where problems with uncontrolled 
interference are much more likely. 

In our earlier work [17], we tried interference averaging by TH/FH for a TDMA 
system. Results from when TH/FH is employed show that even if all users have 
error correction coding with rate 0.5 (and thus need two RUs each), performance 
is still better than for the best FCA system. In reality only some of the mobiles 
will need much coding since the ones far from the bunch border will only 
experience controlled intra-bunch interference. Within each bunch, a single 
synchronized hopping sequence is used. The hopping is performed by shuffling 
the time and frequency matrix, i.e. renumbering the physical channels. This 
maintains constant intra-bunch interference as if no hopping were used. Between 
bunches, different hopping sequences with low cross-correlation are used to 
achieve interference averaging [56]. 

When spreading (TD/CDMA) is used, hopping is not always necessary since the 
spreading codes give a reasonable amount of interference averaging. There will 
be more cochannel users in a system with spreading compared with a system 
without it, which means that the influence of a single interferer on the total 
interference level will be smaller, especially in the uplink. In the downlink, it is 
common for CDMA systems to have very tight requirements on the power 
control due to the near-far effect. If so, there will not be any interference 
averaging since all the interfering signals from one slot in one base station have 
the same power levels. However, if joint detection is used in the downlink, the 
base station can transmit with different power levels for different codes on one 
time slot (assuming that there are several different receivers). The interference on 
one time slot is thus typically a mix of low- and high-power signals and is 
therefore, on average, lower than if no joint detection was used. Still, we might 
need to limit the interference level, which means that we have to reduce the load 
near the border or use a segregation strategy to handle the interference. A simple 
and effective but not necessarily the best solution is to try the channels with the 
least interference first. 



26 CHAPTER 2 · BUNCHED RADIO RESOURCE MANAGEMENT 

2.8 Summary 

We have proposed a framework for RRM in the locally centralized bunch 
concept. Most of the RRM functions are controlled by an entity called the intra-
bunch resource manager. The main advantage with our proposal is that we have a 
unified view of all changes concerning the radio resources. Change of SIR target, 
code rate, modulation, RAU, channel, etc. is regarded and performed as a 
reallocation. This simplifies the structure of the resource management functions 
and makes it easier to avoid situations where different control loops counteract 
each other. However, it does not help us in setting the different RRM parameters. 
Since intra-bunch handovers are only reallocations, the risk of loosing a call 
during handover is reduced. 

The framework proposed allows a variety of implementations of the RRM 
functions. We have described the most important functions without actually 
selecting any specific algorithms. In the following chapters, we will propose a set 
of algorithms that represent a reasonable trade-off between performance, 
robustness, and computational complexity. In the future, we expect that some of 
these algorithms will be refined or replaced, but we anticipate that the structure 
of the bunch concept is flexible enough to be able to accommodate these 
changes. 
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Chapter 3  

Evaluation Models 

In this chapter, we will describe the models used in our numerical evaluations of 
the bunch concept. We will describe the multiple access mode, the microcellular 
environment, the propagation model, our performance measures, and key 
parameters in our simulations. 

3.1 Multiple Access Method 

In this thesis, we mainly use a hybrid TD/CDMA mode corresponding to UTRA 
TDD [41], Table 3.1, but in some cases, we also use a TDMA mode based on 
FMA1 [50]. A history of the third generation wireless standard follows: 

In 1997, ETSI SMG2 developed the UMTS Terrestrial Radio Access (UTRA) 
concept, largely influenced by the multiple access modes developed in the 
European research project ACTS FRAMES (FMA1 NS: TDMA, FMA1 S: 
hybrid TDMA/CDMA, FMA2: CDMA). In 1998, ETSI SMG2 decided on a dual 
mode scheme, largely based on FMA1 S and FMA2. The two modes were 
referred to as UTRA FDD and UTRA TDD according to their respective 
duplexing method. UTRA FDD uses Wideband CDMA (WCDMA) while UTRA 
TDD uses TD/CDMA. An important requirement was that operation should be 
possible in 2 × 5 MHz of allocated spectrum for the FDD mode and in 5 MHz of 
spectrum for the TDD mode. The UTRA specifications were later transferred to 
the 3rd Generation Partnership Project (3GPP). 3GPP merged the European 
UTRA proposal with proposals from other regional standardization bodies in 
order to move toward a global third generation standard, based on an evolution of 
the GSM core network. At the same time, a group called 3GPP2 was working on 
a multi-carrier CDMA system called CDMA2000, based on an evolution of the 
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IS-95 CDMA system. In 1999, major international operators in the Operator 
Harmonization Group (OHG) proposed to harmonize the work in 3GPP and 
3GPP2 to a common global third generation standard with three modes of 
operation. The harmonization was done by aligning radio parameters as far as 
possible and by using a common protocol stack. 

The WCDMA (FDD) mode is intended for use in paired bands, with equal 
bandwidth allocated for up- and downlinks. The TD/CDMA (TDD) mode can be 
used in unpaired bands, with a single carrier able to handle traffic in both 
directions. The balance between up- and downlink traffic is not fixed; it can be 
changed depending on the traffic load, which makes the system very flexible. 
Table 3.1 summarizes the essential characteristics of the 3GPP UTRA concept. A 
1.28 Mchip/s option also exist for the TDD mode but this is not discussed 
further. In this thesis, we will focus on the UTRA TDD mode, i.e. hybrid 
TDMA/CDMA, also denoted TD/CDMA. We will assume that 8 time slots with 
8 codes each (64 RUs) are available for downlink traffic. The actual number of 
codes that can be used concurrently in a time slot depends on the channel 
multipath characteristics and the length of the midamble used. With a small delay 
spread and a long midamble, the joint detection can cope with 16 users per time 

 UTRA FDD UTRA TDD 
Multiple access WCDMA TD/CDMA 
Duplex method FDD TDD 

Bandwidth 5 MHz 
Chip rate 3.84 Mchip/s 

Frame length 10 ms 
Time slot 
structure 

15 slots (PC periods) per frame 15 slots per frame 

Spreading factors DL: 2n, n = 2, 3, …, 9 
UL: 2n, n = 2, 3, …, 8 

DL: 2n, n = 0 or 4 
UL: 2n, n = 0, 1, …, 4 

Joint Detection No both UL and DL 
Multiple rates Multi code, 

variable spreading 
Multi slot, multi code, 

variable spreading 
Modulation QPSK 

Pulse shaping Root Raised Cosine, roll-off = 0.22 
Handover Mobile controlled soft 

handover 
Mobile assisted hard 

handover 
IF handover Mobile assisted hard handover Mobile assisted hard 

handover 

Table 3.1. Key parameters for the UTRA modes. 
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slot (1 code each) but in other scenarios, the limit could be as low as 3 users per 
time slot. This restriction does not apply if one user wants to use several codes in 
a time slot. For comparison purposes, we will also show some results for the 
TDMA mode based on FMA1 NS [50] with 64 time slots per frame. 

3.1.1 UTRA TDD Frame and Burst Structure 

The UTRA TDD frame and burst structure is shown in Figure 3.1. The original 
fixed 240 ms multiframe (repetition period for certain control channels) 
described in the UTRA submission to ETSI has been removed from the 
specifications. Currently, an arbitrary multiframe length, LMF, can be used and 
the multiframe structure description is broadcasted in the cell. For the analysis of 
measurement and signaling in this thesis, we assume that LMF = 24 frames as in 
the original UTRA proposal. The frame length is 10 ms and each frame is 
divided into 15 time slots. In every time slot, we can have up to 16 simultaneous 
spreading codes, where every code transmits one burst each. Normally, about 
eight simultaneous spreading codes can be used. Nine or more codes are 
sometimes possible, e.g. when a single MS uses all codes in a time slot, but this 
is not considered here. Using the maximum spreading factor of 16, each burst can 
carry 122 or 138 data symbols depending on the length of the midamble (training 
sequence). With the used QPSK modulation, every symbol carries two bits of 

Frame 
#0 

Frame 
#1 

 Frame 
#i 

 Frame 
# LMF -1 

Multiframe 

       

Slot 
#0 

Slot 
#1 

 Slot 
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 Slot 
#14 

Frame 
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code # 0 

code # k 
 

code # 15 

 Data 
symbols 

Mid-
amble 

Data 
symbols 

Guard 
Period 

Traffic 
Burst 

≈0.667 µs 

Figure 3.1 The frame and burst structure for UTRA TDD 3.84 Mchip/s (December 2001). 
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information. Further, channel coding with rates varying between 1/3 and 1 is 
applied to all transmissions thereby reducing the effective bit rate accordingly. In 
our numerical evaluations, we use eight time slots with eight codes each for the 
downlink traffic. The rest of the timeslots are assumed occupied by control 
channels or uplink traffic.  

UTRA TDD is very flexible since the ratio between up- and downlink slots can 
vary over a wide range to meet asymmetric traffic requirements. At minimum, 
one time slot is used for downlink control channels such as Broadcast Control 
Channels (BCCH), Paging Channels (PCH), and Synchronization Channels 
(SCH). These channels must reach the whole cell, which means that they cannot 
be power controlled. One slot is also needed for the uplink Random Access 
Channel (RACH) where the users can send a request for resource reservation. 
The RACH bursts will probably have a slightly lower payload than the other 
bursts since they might need a larger guard period; when an MS initially accesses 
a BS, the propagation delay is not known, which increases the risk of partial 
overlap between adjacent time slots received in the BS. 

3.2 Manhattan Scenario 

We use a Manhattan scenario as proposed by ETSI for UMTS radio transmission 
technology selection [32]. The block size is 200 by 200 meters and the street 
width is 30 meters giving 230 meters between street corners. The simulation area 
is finite, i.e. no wraparound is used. This implies that border effects will affect 
the results but that will be the case in a real system as well. In order to investigate 
the border effects, we will study the difference when performance statistics are 
collected from only a few RAUs in the center (filled circles in Figure 3.2) 
compared with statistics from all RAUs. The outdoor users are, unless otherwise 
stated, pedestrians with an average speed of 3 km/h. The speed has a normal 
distribution around the mean with a standard deviation of 0.3 km/h as in [32]. 
Users are distributed uniformly over the streets. Indoor users are static and served 
by the outdoor RAUs. For simplicity, we assume all indoor users to be situated 
on the ground floor.  
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Later in this thesis, we will compare our bunch system against some traditional 
RRM approaches. One is fixed channel allocation with a reuse factor or cluster 
size of three (denoted FCA3). This is the lowest possible reuse with outdoor 
users, if we want to avoid a situation where neighboring cells share the same set 
of channels. The assignment of channel groups for FCA is done diagonally in 
layers as shown in Figure 3.3. If indoor users are included, we probably need a 
cluster size of four or more in order to avoid cochannel interference from 
neighboring cells. However, FCA is only discussed for comparison purposes in 
this thesis; it is not seen as a viable alternative for RRM. 

3.3 Radio Wave Propagation 

The propagation model used in this thesis is a recursive model that calculates the 
path loss as a sum of Line-of-Sight (LOS) and Non-Line-Of-Sight (NLOS) 
segments. In our earlier work [17], [18], [19], [21], we only studied outdoor 
propagation but here we also propose an extension of this model to include 
outdoor-to-indoor propagation. 
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Figure 3.2. A Manhattan scenario, 12 by 12 blocks with 72 RAUs (circles). The filled 
circles near the center are the RAUs used for collecting statistics in some simulations in 
order to avoid border effects. 
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3.3.1 Outdoor Propagation Model 

For the outdoor propagation model, path loss in dB is given by [14],[32]: 
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where the function 
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adds a dual slope behavior with a breakpoint at xbr = 300 m. Further, dn is the 
“illusory” distance, λ is the wavelength, and n is the number of straight street 
segments sj along the shortest path between BS and MS as shown in Figure 3.4. 

The illusory distance can be obtained by the recursive expressions 
nnnn cdkk ⋅+= −− 11  and 11 −− ⋅+= nnnn skdd  where k0 = 1, d0 = 0, and cn is a 

function of the absolute value of the angle ϕn  between street segments sn and sn-1: 
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Figure 3.3. Channel groups for fixed channel allocation with reuse (cluster size) three.  
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Finally, to take into account propagation over rooftops we use the COST 
Walfish-Ikegami model [32] with antennas below rooftops, which yields 

 )20(log4524 10 +⋅+= dLroof . (3.4) 

The path loss value L used in our simulations is then 

 ),min( streetroof LLL = . (3.5) 

In Figure 3.5, we see the paths taken by four different users moving from their 
BS. The corresponding path gain (inverse loss) is shown in Figure 3.6. We see 
that there is a rapid decrease in signal strength for mobiles turning away from a 
line-of-sight street. The path loss for the case with two turns is limited by 
propagation over rooftops; in this case, the cut-off effect can be noticed after the 
MS has traveled 380 m. Without the rooftop propagation, the path loss would 
have been much higher here (lower path gain). 
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Figure 3.4. Propagation for a non line-of-sight path from BS to MS in the Manhattan 
environment. The street segments s0 to s2 and the angles ϕ 1, ϕ 2 between them are shown. 
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Figure 3.5. Paths traveled from a BS by four different MSs. Path 1 is a straight path, path 
2 is a turn in the first crossing, path 3 is a turn in the second crossing, and path 4 is a right 
turn in the first crossing, followed by a left turn in the next one. 
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Figure 3.6. Large-scale average path gain over distance for the mobiles from Figure 3.5. 
The ‘hunch’ before 600 m in path 4 is when the signal finds a shorter route than the one 
travelled by the MS. 
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3.3.2 Outdoor-to-Indoor Propagation Model 

For simplicity, our proposed outdoor-to-indoor signal propagation is modeled as 
a turn in a street corner, i.e. a new path segment is added to the outdoor 
propagation model, perpendicular to the building wall as shown for the three 
indoor users in Figure 3.7. An external wall loss of 10 dB is also added. The 
resulting path loss for indoor users is comparable with the method in [15], at least 
for small building-penetration depths. The main advantage with our method is 
that it simplifies the path loss calculations in the simulations. 

3.3.3 Large-Scale Fading 

With large-scale fading, we mean signal variations mainly due to shadowing 
from large objects near or in the signal path. Hence, it is often called shadow 
fading. In our earlier work, we used a simple shadow fading model lacking both 
spatial and inter-BS correlation. A random shadow fading value was generated 
for each MS-BS link and temporal correlation [39] was applied for moving MSs, 
with a decorrelation time corresponding to a traveled distance of 5 m. The 
concept of using such a decorrelation length might not be fully valid in the 
Manhattan scenario as was mentioned in [32]. 

In reality, correlation between signals from different BSs exists and can be both 
good and bad; it can reduce the CIR variations since when the signal strength 
from the serving cell is reduced, the chance of interfering signals also being 
reduced is large and vice versa. It can also make the coverage worse since the 
chance of finding a strong enough base station will actually decrease. 
Furthermore, without spatial correlation, mobiles close to each other could have 
very large differences in received signal strengths. This gives unrealistic results 

 

Figure 3.7. Example of Line-Of-Sight (LOS) and Non-Line-Of-Sight (NLOS) propagation 
paths from a BS to several outdoor and indoor MSs. 



36 CHAPTER 3 · EVALUATION MODELS 

when studying, for instance, mobile positioning algorithms. These facts motivate 
the need for a correlated fading model but, unfortunately, we have not found any 
suitable correlation models for the Manhattan environment in the literature. 
Therefore, we propose and use a model having both spatial and inter-BS 
correlation. In cases where correlation of the shadow fading is not important, we 
will use the simple uncorrelated model.  

According to Arnold [9], shadow fading consists of two parts: one contribution 
from the signal path and one from the location around the mobile. In the 
following, we propose a model for correlated shadow fading based on ideas by 
Arnold et al [9], [16], [63]. We cover the simulation area with a regular grid with 
resolution ∆g. We then create two shadow-fading maps SMl and SMp with the 
same size as the grid. Each element in the two maps contains an independent 
random value from N(0,1). Along the signal path from a BS to an MS, we take 
samples from SMp every ∆g meters. If two consecutive samples are from the 
same position in SMp, one of them is discarded. The x and y coordinates of the 
sampled path between BS and MS are thus 

 ( ) ( ) ( ){ }NN yxyxyx ,...,,,,, 2211=ρ , (3.6) 

where (x1, y1) is the position of the BS, (xN, yN) is the position of the MS, and N is 
the number of samples along the path. We construct the path-dependent weights 

 NiCw iN
pip ...,,2,1,, =⋅= −α , (3.7) 

as exponentially decreasing with the signal path distance from the MS to the BS. 
The parameter α determines the decorrelation distance along the signal path. In 
order to get similar autocorrelation results as in [16], we use a decorrelation 
distance that is proportional to the signal path distance: 

 N
100

5.0=α . (3.8) 

Further, the constant Cp is chosen so that 

 1
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=
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i
ipw , (3.9) 

i.e. the vector of path-dependent weights is normalized. The shadow fading 
contribution from the signal path then becomes 
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For the location-based contribution, we first construct a symmetric exponential 
filter kernel K of size DK × DK: 
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is the distance in grid units from the center of the filter kernel. The constant Cl 
above is chosen so that 

 12
, =∑∑

i j
jiK  (3.13) 

in order to keep the standard deviation constant for the fading. Now, we filter 
SMl using 2-D convolution 

 ),D(2filter* KSMSM ll = , (3.14) 

and then the location dependent contribution Sl for the MS is found as 

 ),(*
NNll yxSMS = . (3.15) 

The main reason to have different fading maps for the path- and location-
dependent contributions is to be sure that all samples are independent. Otherwise, 
the standard deviation of the result will be larger than expected. 

We can add a unique random fading value Sr ∈ N(0,1) for each MS-BS link to 
take into account that even if the path and location is fixed, some of the 
shadowing objects could have moved. This value could be updated as a function 
of time based on [39]. 
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Finally, we get the total shadow fading S in dB by adding the three independent 
parts in appropriate proportions and multiplying with the wanted standard 
deviation, σs: 
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where the weights ψp, ψl, ψr determine the relative influence on the total shadow 
fading from the three components. The whole process is repeated for every (BS, 
MS) pair in order to get the necessary shadow fading values. 

For comparison purposes, we will use some different parameter settings for the 
fading model. In Table 3.2, we show four possible versions. We will primarily 
use the path- and location-correlated model, “SFcorr = exp”, when correlated 
fading is important and the uncorrelated model, “SFcorr = non”, in most other 
cases. The correlation properties depend on the choice of parameters but in all 
cases, the resulting shadow fading (measured in dB) will have a fixed standard 
deviation σs and a mean of zero. The average inter-BS correlation for the 
“SFcorr = exp” model is somewhere around 75 %, which might be a little too high. 
It can be decreased, either by increasing the path contribution, ψp, or by 
increasing the random contribution, ψr. In [32], 50 % inter-BS correlation is 
recommended. 

Since both path loss and shadow fading calculations require extensive 
computations for the numerical evaluations, we calculate the values in advance. 
An MS is placed at each point on the grid and the path losses and fading values 
for all (BS, MS) pairs are calculated. One combined path-loss and fading map is 
then stored for every BS in the system. To save memory, the path loss in dB is 
stored as 8-bit unsigned integers (1-dB resolution). During simulations, we use 
bicubic interpolation in these maps in order to find the resulting path loss and 
shadow fading for a mobile. This means that even “SFcorr = non” will have a 
location-dependent correlation with a decorrelation distance approximately equal 
to the grid resolution. 

3.3.4 Small-Scale Fading 

Small scale fading is the signal variations that occur due to multipath propagation 
and Doppler spread when an MS moves. For multipath fading, large variations 
can be seen when moving a distance of about half the used wavelength. For 
mobile communication systems, this distance is usually rather short and with 
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normal pedestrian and vehicular speeds these fluctuations occur several times per 
second. This could be a reason why this type of fading is often falsely denoted 
fast fading. Actually, whether the fading is fast or slow also depends on the MS 
speed; for a stationary MS, the multipath fading is infinitely slow. 

Small-scale fading is not modeled in this thesis. It can often be mitigated with 
transmitter power control or error control coding. Which one of these methods to 
choose depends on the time scale of the fading. The theoretical time between two 
fading notches for a pedestrian is: 

 [ ] mssmhkmvm
v

Tf 90/83.0/3,15.02
=≈==== λλ  (3.17) 

Thus, the fading notches are too far apart to allow efficient use of interleaving 
and coding. The required interleaving depth would lead to intolerable delays for 

Designation 
SFcorr = ? 

Parameter 
settings 

Decorrelation 
distance 

Inter-BS 
correlation 

Description 

“exp” 

ψp = 1, 
ψl = 1, 
ψr = 0, 
DK = 5 

Depends on 
traveling 
direction 

50 – 100 % 
depending on 

MS-BS 
direction 

Combination of 
path- and location 
dependent fading.

“bas” 

ψp = 1, 
ψl = 1, 
ψr = 0, 
DK = 5, 

⎩
⎨
⎧

≠
=

=
10
11

, iif
iif

w ip

10 m 50 % 

Combines the 
location-based 
fading with a path 
sample taken at 
the BS-position. 

“loc” 

ψp = 0, 
ψl = 1, 
ψr = 0, 
DK = 5 

10 m 100 % 

Uses the same 
location-based 
shadow fading 
value for all links 
to a certain MS. 

“non” 
ψp = 0, 
ψl = 0, 
ψr = 1 

5 m due to 
interpolation 0 % 

One random 
fading value for 
each BS-MS link. 
This is the same 
as the simple 
model. 

Table 3.2. Shadow fading correlation models used in the thesis. 
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real-time traffic such as speech. On the other hand, a fast frame-by-frame power 
control should be able to keep up reasonably with the fading. For faster moving 
vehicles, the power control will not be able to keep up and should in this case be 
slower (e.g. once every 200 ms) but instead, interleaving becomes feasible and 
effective. For instance, with a mobile speed of 50 km/h, we get Tf = 5.4 ms, i.e. 
about half the size of a frame. The fading will thus vary a lot between 
consecutive frames, which is a requirement for effective interleaving. 

3.4 Traffic Model 

In the literature, it is common to model active users with a Poisson distribution, 
which is suitable for speech traffic and analytically convenient. For other types of 
traffic such as WWW browsing, the Poisson model does not fit well with 
measured traffic patterns. A model for non real-time wireless data, constructed 
from studies of Internet protocols, is presented in [7]. Mainly for implementation 
reasons, we have chosen to use a very simple model, namely a constant number 
of active users in the service area. The number of users equals the product of the 
number of channels, the number of cells, and the load. Thus, the number of 
active users in each cell will have binomial distribution. Due to the large number 
of cells in the service area, the difference between the Poisson and the Binomial 
distribution is quite small. 

Our studies are based on snapshot simulations in the downlink only. We 
anticipate that most of the traffic will be in this direction and thus it is more 
important to study than the uplink. Packet lengths are not modeled but since each 
snapshot captures all traffic in one frame, we could of course say that we have a 
packet model that uses packet lengths of only one frame. One the other hand, we 
could say that the packets are much longer but we reallocate all users every now 
and then. Some of the snapshots are extended to short dynamic simulations (at 
most a few seconds) but no user leaves or enters during this time. In this case, the 
session duration is assumed much larger than the duration of the simulation. 

A PCS system will have to deal with both real-time (RT) traffic where the delay 
is constrained (speech, video) and non-real-time (NRT) traffic where high 
throughput might be more important than low delay. In this thesis, we will not 
study any delay constraints but we believe that the priority queue and the 
centralized control in the bunch will allow efficient scheduling of any mix of RT 
and NRT traffic. 
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3.5 Performance Measures 

A common performance measure in teletraffic analysis is the blocking 
probability, i.e. the probability that a newly arrived call is denied service. This 
performance measure has limited use in situations where calls can be dropped 
prematurely or when calls suddenly experience too low quality (outage) due to 
changed traffic and propagation conditions. We are mainly interested in 
comparing performance of different RRM schemes. A simple and fundamental 
performance measure is to count at some instant, the fraction of users that we 
have not been able to provide with adequate quality. This is the assignment 
failure rate [72]: 

The number of active mobiles requesting one communication link each is 
denoted with the random variable U. At some given instant of time, Y of these 
can be provided with adequate communication links by the RRM algorithm. The 
remaining number of mobiles Z is then the assignment failures: 

 YUZ −= . (3.18) 

Now, the assignment failure rate is defined as 
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The assignment failure rate can be counted either for the links or for the users. As 
long as each user only has one link, this does not matter. In this thesis, we will 
study the user assignment failure rate, νu. In other words, this is the fraction of 
users that either do not get their minimum amount of channels, or the channels 
they get are unusable due to insufficient quality (SIR). Appendix A contains a 
derivation of a lower bound for νu. The bound is the primitive assignment failure 
rate, νp, which is the assignment failure rate achieved in an interference-free 
system. 

The total number of available channels or RUs in our system is C. We define the 
relative traffic load, ϖC, as the fraction of C requested for in each cell. Thus, we 
have on average, ϖC ⋅ C RU requests in every cell. Further, the instantaneous 
capacity )( 0

* νϖ C , is defined as the maximum allowed load at a certain 
assignment-failure-rate threshold, ν0. We also study the computational 
complexity κ(ϖc), which is the average number of floating point operations (add, 
multiply, etc.) needed to perform one resource allocation at a certain load. 
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3.6 Summary of Model Parameters 

Theoretically, all co-timeslot users in a cell have orthogonal signals but multipath 
propagation can destroy the orthogonality. The joint detection cancels most of 
the resulting interference between the intracell users. We define carrier-to-
interference ratio (C/I, CIR) and signal-to-interference ratio (SIR) as the signal 
quality before and after despreading respectively, as shown in Figure 3.8. The 
thermal noise is included in these measures. At least for the TD/CDMA system, 
we assume that interference distribution is approximately Gaussian after 
despreading. SIR, denoted with γ, can then be calculated from the ratio of bit 
energy to noise spectral density, Eb/N0 as 

 MOR
N
E

c
b

2
0
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where Rc is the channel coding rate and MO is the modulation order (e.g. MO=4 
for QPSK). Link level simulations submitted to ETSI have shown that a CIR 
value of -8 dB is sufficient for the UTRA TDD mode (described in section 3.1) 
in some scenarios. With a spreading gain of 16 (12 dB), this translates to a 
required SIR of 4 dB. It should be noted that the required SIR depends on a 
number of factors such as coding rate, fading characteristics, etc. We therefore 
add 5 dB to the required SIR, resulting in a lower SIR limit of 9 dB. A small 
margin is necessary for round-off errors etc. and therefore the SIR target is set 
1 dB higher than the required SIR if not otherwise stated. 

All our numerical evaluations are based on at least 10000 users and in most cases 
more than 20000 users. We run as many independent snapshots as necessary to 
reach this number of users for each load and parameter setting. This means that 
we run more snapshots at low loads. The two-percent assignment failure rate 
where we count our instantaneous capacity is thus always based on 
approximately the same number of assignment failures for all loads and 
parameter settings in one simulation. Since the number of users, U, is large, the 

 

Despreading 
CIR SIR

 

Figure 3.8. Relation between CIR and SIR. 
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size of the 95 % confidence interval for the assignment failure can be 
approximated with [61] 

 
U

h uu )1(96.1 νν −⋅
⋅=  (3.21) 

Inserting νu = 0.02, which is our threshold for the assignment failure rate, and 
U = 10000 in (3.21) we get h = 0.00274. Thus, we have that the confidence 
interval for νu = 0.02 is approximately [0.017, 0.023] with 95 % probability. 
Higher values of U and νu have relatively narrower confidence intervals since 
they are based on more assignment failures. With νu = 0.1 we get h = 0.00588 
and thus our interval is approximately [0.094, 0.106]. 

Unless otherwise specified, we use the parameters shown in Table 3.3 in our 
numerical evaluations. Our standard evaluation method is snapshot simulations 
without the measurement based power control, i.e. only the initial power setting 
from the feasibility check is used. In some cases, we extend our snapshots with 
short dynamic simulations (e.g. 10 frames) where we for instance run the fast 
power control. Assignment failure is then calculated based on outage for the last 
frame. No users leave or join during this time and the power control target is 10 
dB if nothing else is mentioned. We have not imposed any limitations on the 
power control steps, thus they can take any value needed. When multiple 
bunches are studied, a slightly larger area of 16 × 16 blocks is used since this 
gives more suitable sizes to the resulting smaller bunches. 

In order to achieve higher bit-rates, it is possible to assign multiple codes, time 
slots, or both to a user. Code pooling, i.e. assigning multiple codes in one time 
slot for high bit-rate users, gives less interference diversity than time slot pooling 
but instead the task of joint detection and interference cancellation becomes 
simpler. When least-interfered channel assignment strategies are used, the result 
is code pooling, while a random channel search strategy results in a mix of time 
slot and code pooling. With ordered search, the result is either code or time slot 
pooling depending on how the RUs are numbered; our numbering scheme gives 
code pooling. 
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Parameter Value 
Resource Units 64 (8 slots × 8 codes for TD/CDMA, 

64 slots for TDMA) 
Area size 12 × 12 blocks (72 RAUs) 
Number of users ≥ 10000 
SIR target 10 dB (after de-spreading) 
SIR limit 9 dB (after de-spreading) 
Maximum transmit power 33 dBm 
Dynamic range of the power control 20 dB 
Power control update rate Every frame for the short dynamic 

simulations. Otherwise only the initial 
power is used. 

Thermal noise -107 dBm 
Shadow fading Lognormal, 10-dB std deviation 
Shadow fading correlation Varying, see section 3.3.3 
Small scale (fast) fading Not modeled 
Assignment-failure-rate threshold, ν0 2 % 

Table 3.3. Default evaluation parameters. 
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Chapter 4  

Performance of Single Bunch Systems 

In this chapter, we will introduce our current versions of the bunch algorithms 
and study the performance for simple, single bunch systems with ideal 
measurements and signaling. In some situations, we will be able to cover a whole 
service area with a single bunch. An example of such a service area could be a 
city center (e.g. our Manhattan model). We consider our service area to be a 
hotspot where interference from outside the bunch is negligible compared to the 
interference from inside. We will compare the performance of our bunch 
implementation with some traditional RRM methods. 

The algorithms used in our implementation of the bunch concept are designed to 
be simple but still effective. We have not spent much time optimizing the 
performance by using complicated algorithms since we would like to show that 
high performance is possible even with our simple algorithms. 

4.1 Link Gain Matrix 

Intra-bunch RRM is based on knowledge of all transmitter powers and the link-
gain matrix or simply gain matrix, G [72], which is constructed from downlink 
measurements on the beacon channel broadcast by all RAUs. See Figure 4.1. 
Scheduling of the beacon transmissions for different RAUs should be automated 
as far as possible [26], [27]. In UTRA TDD, all BSs are frame-synchronized and 
one time slot in every frame is reserved for shared downlink control channels, i.e. 
the Broadcast Control Channel (BCCH), Paging Channel (PCH), 
Synchronization Channel (SCH) etc. We assume that this is true for every carrier 
in a cell and that the same dedicated time slot (slot 0) is used throughout the 
service area. Excluding slot 0 from traffic channels in every frame and on every 
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carrier wastes 1/15 of the available resources. This might seem as a bad idea but 
the results in [40] show that both the traffic channels and the BCCH gain in 
performance by separating the two on different time slots. The main reason is 
that the BCCH is transmitted with a fixed, high power while the traffic channels 
are power controlled. If more than one carrier is available, an additional 
advantage of using time slot 0 exclusively for control channels is that the MSs 
are always able to perform beacon measurements. To keep cost and complexity 
down, mobile terminals will probably only have one receiver, which means they 
cannot listen on two carriers simultaneously. Transmission and reception in the 
same time slot will not be possible either, since this would require expensive and 
bulky duplex filters in the MS. Thus, a mobile using time slot 0 for traffic on a 
non-beacon carrier will not be able to perform any measurements unless time 
hopping or some kind of reallocation is used. The synchronization channel is 
probably needed on every carrier anyway in order to achieve frequency 
synchronization so we assume that time slot zero is always reserved for the 
beacon channel. In [41], it is stated that the SCH should be divided in two parts 
and transmitted in two different time slots (zero and eight) in every frame. This is 
necessary in order to enable proper intersystem handover from GSM or UTRA 
FDD. It would be a waste of resources to use two whole time slots per frame only 
for control channels, which means that these time slots will probably also carry 
some downlink traffic channels. 

We assume that an MS can receive BCCH transmissions from up to seven 
neighbor base stations in parallel with its serving cell. The reception of BCCH 
bursts together with PCH and other beacon slot transmissions will facilitate the 
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Figure 4.1. Construction of the gain matrix by beacon measurements. 
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signal strength measurements needed for handover and construction of the gain 
matrix. For those beacons that cannot be reached by a mobile, we can use the 
average or median value of the gain from that beacon to our cell. As will be 
shown in Chapter 6, it is sufficient if each mobile can reach four beacons (at least 
in the Manhattan environment). By proper use of the training sequences in each 
traffic-burst, it could also be possible to do uplink gain measurements. This 
would decrease the expensive on-air signaling. 

We can divide each cell into a number of zones depending on which beacons that 
are strongest (as measured by each MS). The simplest solution is to have only 
one zone in each cell but there are some advantages with splitting a cell in 
smaller parts. The splitting can be done by checking which is the second 
strongest beacon (the strongest one is usually the serving cell). The gain values 
from the G matrix are averaged or otherwise filtered over time and over all the 
mobiles in each zone to form a structure matrix R (Figure 4.2). This matrix 
describes the average link gain between zones and RAUs, i.e. element ri,j is the 
average link gain between zone i and RAU j.  Initial values in this matrix can 
come from field measurements or predictions. 

Knowledge of the gain matrix allows advanced, centralized radio resource 
management algorithms that can assign resources based on the current 
interference situation. The more measurements we get, the better the performance 
of the algorithms. If some link values cannot be measured within a certain time, 
we need a good estimate as a substitute. All the gaps in the gain matrix are filled 
with values from the structure matrix R. For simplicity, we assume in the 
following that cells are non-overlapping and thus a zone is the same as a cell. If, 
for example, mobile MS1 in Figure 4.1 is in zone z and cannot measure the gain 
from RAU 3 (g13), it can use the average value from RAU 1 to zone z (rz,1) in the 
structure matrix to fill the gap in G.  In this way, the algorithms will still work in 
the same way even if we cannot measure on more than the serving RAU but the 
performance will be lower because it will be based on average path losses. Even 
if we only use the average gain values, we will still have access to all transmitter 

 … RAU j-1 RAU j … 
…     
Zone i-1  ri-1,j-1 ri-1,j  
Zone i  ri,j-1 ri,j  
Zone i+1  ri+1,j-1 ri+1,j  
…     

Figure 4.2. The Structure Matrix R. 
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powers within the bunch. These power values can be included in the interference 
calculations. 

4.2 RAU Selection and Channel Search 

The only RAU selection method studied here is to choose the strongest beacon 
(lowest path loss). In scenarios with non-homogeneous spatial user distribution, 
it could be advantageous to combine the RAU selection with the channel search. 

Our basic channel search method is the random search (Rand). All available 
channels are permuted randomly and then we try them one by one in the 
feasibility check. We will also use ordered search where channels are tried in a 
fixed system-specific order (Ord) or in a bunch-specific order (B-Ord). Finally, 
we will also study least-interfered search. For our bunch system, we will look at 
three ways to sort the channels based on the interference level: 

• least internal interference (LII): The internal interference is the interference 
received from transmissions within the bunch. It is calculated in the CU from 
the gain matrix and the transmitter powers. 

• least total interference (LTI): The total interference is the interference level 
measured by the MS. 

• least external interference (LEI): The external interference is the interference 
received from outside the bunch. It is estimated in the CU as the measured 
interference minus the calculated internal interference. 

 
The drawback with LII and LEI is that they both require extensive calculations in 
the CU in order to find the interference generated within the bunch. On the other 
hand, both LTI and LEI rely on the mobiles to measure interference before 
allocation. This will probably work best for traffic types with long duration, e.g. 
speech. For bursty packet traffic, the measured interference might be obsolete 
before the measurement report reaches the CU. In that case, the LII scheme will 
be superior since the CU can estimate the instantaneous interference from the 
gain matrix and the transmitter powers. Another disadvantage with LTI and LEI 
is that the interference measurement reports will need additional signaling. 

4.3 Feasibility Check and Initial Power 

Our feasibility check algorithm calculates if all M cochannel users within the 
bunch can achieve/maintain their SIR-target if the new request is admitted. It also 
calculates the initial power levels to use when admitting the new user. 
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All the gain and power information in the central unit is used in the feasibility 
check as follows: The SIR for mobile i is given by Zander [72] as  
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where gij is the link gain from mobile i to the RAU used by mobile j, pi is the 
transmitted power to mobile i from its base, θij is the normalized cross-
correlation between the signals to mobiles i and j, and finally, Ni is the thermal 
noise in receiver i plus any measured inter-bunch interference and other external 
interference. Now we can calculate if there is a power vector P = (p1, p2, …, pM) 
such that 

 iT
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i.e. all users achieve their SIR target. This calculation is the heart of the 
feasibility check and can be done by Gaussian Elimination (GE) [61], iterative 
solutions, etc. Appendix B shows how to solve the equation with matrix algebra 
combined with GE. Later in this section, we will describe an iterative method to 
find P. If there exists is a vector P that fulfils both (4.2) and 

 iPpP i ∀<< ,maxmin  (4.3) 

then we can admit the new user. This power vector can then be used as the initial 
power for all cochannel users at admission time, at least in the downlink since the 
RAUs can change transmitter powers almost instantly due to the central control. 
The problem with the uplink is that it takes longer time to command all 
cochannel mobiles to change their powers to a new level. Therefore, it might be 
necessary to include some kind of interactive admission algorithm such as ALP 
[11] or SAS [8]. With these algorithms, existing connections will not be 
disturbed. 

As mentioned, the objective of the feasibility check is that all admitted users 
should achieve the SIR target, Tγ .  In our earlier work [21], we solved the matrix 
equation system resulting from equations (4.1) and (4.2) by Gaussian Elimination 
in order to find the power vector P and see if admission was feasible. The 
problems with this approach is that the computational complexity is rather high, 

)( 2MO , and there is no straightforward way of handling minimum power 
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constraints. If some of the calculated powers are below the minimum (Pmin), we 
cannot be sure that simply raising them to Pmin still gives a feasible solution. This 
is especially true when the PC dynamic range is small, e.g. 20 dB as could be the 
case in the downlink. To cope with the problems mentioned, we present an 
iterative method to find the power levels. The main idea is to run the power 
control algorithm (DCPC [38]) as a simulation within the CU. We assume that 
new users arrive one at a time. Before the new arrival, all users achieve their SIR 
target. The new user (number M) is given a starting power level high enough to 
overcome the current interference, i.e. 
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and then the iteration starts if pM is less than Pmax. Otherwise, there is no need to 
try since the power levels are monotonically increasing during the iterations. 
After every iteration step, we bound the transmitter powers between Pmin and 
Pmax. If all the links achieve their Tγ  within maxiter steps (e.g. 2-5), then the new 
connection is supported. The full algorithm looks as follows: 

Set pM according to (4.4) 
feasible = false 
maxiter = 3, tol = 0.95 
if  pM  < Pmax 
 pi(0) = pi, ∀i 
 for n = 1:maxiter, 
  Calculate γi using equation (4.1) , ∀i 
  Update the power levels pi(n) using DCPC , ∀i 
  if  any (pi == Pmax, ∀i) then 
   break 
  else if  γi  > Tγ ⋅ tol, ∀i then 
   feasible = true, 
   break 
  end if 
 end for 
end if 
if  (feasible == true) then 
 Admit new user  
else 
 Try another channel or block the user 
end if 
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One DCPC update is )(MO  but since we run non-interactively in the feasibility 
check, the SIR-values cannot be measured and thus the central unit in the bunch 
has to calculate these values from (4.1) for each iteration. This results in a 
complexity of )( 2MO  and will be discussed more in Chapter 8. 

4.4 Power Control 

The power control algorithm tries to maintain the quality (SIR target) for as 
many users as possible while still conserving power. Those connections that 
cannot be supported will operate with maximum power and are thus candidates 
for reallocation or removal. The rest of the connections will reach their SIR 
target. The algorithm can be distributed but since the CU needs to know all the 
transmitter powers, it is preferred that it is executed in the CU or possibly in the 
RAUs. At each iteration step, transmit power levels are updated for each RU 
according to DCPC [38], which gives the power to use at time t + ∆t as 
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where pi(t) is the power level for user i before the update, Tγ  is the target SIR 
and γ (t) is the measured and averaged SIR value before the update. The 
calculated power is bounded between Pmin and Pmax. 

For the single bunch systems with ideal measurements studied in this chapter, we 
do not need to update the power control after an allocation since mobility is not 
modeled here. Due to the lack of movement, the feasibility check and initial 
power algorithms do not make any mistakes for the bunch system. In cases where 
the distributed power control is used (for FCA and distributed DCA), it is 
assumed to be fast enough to allow power levels to settle before the mobiles 
would have moved any significant distance if movements were applied. It should 
be noted that the same power control algorithm is used in the iterative feasibility 
check but then it is based on calculated SIR values instead of measured values. 

4.5 Results with Outdoor Users 

First, we will study how the SIR target affects performance for two different 
channel selection algorithms, random (Rand) and least internal interference (LII, 
calculated by the CU). Figure 4.3 shows the performance when the SIR target is 
varied between 4 and 19 dB. We see that for low targets, there is hardly any 
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difference between the two channel selection methods and the capacity does not 
increase when Tγ  goes below 10 dB. For high targets (19 dB), we can gain a lot 
in capacity by sorting the channels according to LII before we try them in the 
feasibility check. We gain approximately 60 % in capacity, ϖ*(ν0), when 
compared with Rand if we look at the 2 % assignment failure level (ν0 = 0.02) 
and a SIR target of 19 dB. 

The actual SIR target needed depends on a number of different factors such as 
the coding rate, interleaving depth, fading characteristics, whether or not antenna 
diversity is used, etc. In [22], it was shown that a high-bit-rate data service is 
possible for UTRA TDD in an indoor system with Eb/N0 in the range of 4-9.5 dB 
when turbo coding is used. Even lower values were possible for two-antenna 
systems in a pedestrian environment. The highest values correspond to short 
turbo code interleaver blocklengths. The code rate (Rc) was around 0.5-0.6 in all 
cases and the modulation was QPSK. Our SIR value is approximately the same 
as Eb/N0 in this case. We have selected a SIR target of 10 dB and a SIR limit for 
outage 1 dB below the target as our default values. This value might be seen a 
little bit too high, but even higher values could be necessary in some instances, 
e.g. for some low-rate delay-constrained services where turbo coding cannot be 
used. A high SIR could also be used to reduce the amount of coding or to 
increase the modulation order in order to raise the available bit rate. 
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Figure 4.3. The left figure shows the effect of varying SIR target for random channel 
selection and the right figure shows the same with least-interfered channel selection. 
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Figure 4.4 shows a comparison between the Bunch DCA (BDCA) and FCA reuse 
(cluster size) three. A lower reuse factor is not possible with FCA since that 
would mean that neighboring cells would share channels. The channel selection 
used is LTI (based on measurements), both for FCA and for BDCA. This 
improves the performance of the FCA scheme before the power control is 
updated. We can see that BDCA is clearly superior to FCA before the power 
control. After the power control, FCA is better at sustaining performance when 
the SIR target is raised but still the BDCA gives a higher capacity in all the tested 
cases. With a 10-dB SIR target, the bunch has almost four times higher 
instantaneous capacity, ϖ*(0.02). 

Figure 4.5 shows the result of a comparison between FCA reuse 3 and BDCA for 
a SIR target of 10 dB. Performance is shown both for all cells in the area, and for 
the eight center cells as shown in Figure 3.2. We see that BDCA has about 3.5 
(0.84 versus 0.24) times higher capacity if we look at the statistics for the whole 
service area. The difference is slightly larger when we look at the capacity in the 
eight center cells.  

As can be seen in Figure 4.5, the curves for all cells and center cells almost 
coincide; this means that the border effect is negligible for FCA. For BDCA, the 
performance is actually slightly better in the center compared to the average over 
the whole bunch. The reason is that some of the border cells are much larger than 
the standard size. Due to the uniform user location over the area, there will be 
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Figure 4.4. Performance as a function of SIR target for FCA reuse 3 and BDCA. 
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more users creating interference and requesting channels in those border cells. 
We could of course adjust the user density in the affected areas or use a wrap-
around technique, but most real systems will have a border anyway so we have 
chosen to keep it this way. 

We also see that both the FCA and the BDCA are close to their respective 
bounds from Appendix A, which indicates that the systems are mostly limited by 
blocking and not by interference. The bounds are valid as long as the assignment 
of mobiles to RAUs is fixed and done before the channel selection. For our 
BDCA in the studied environment there is not much left to improve in terms of 
capacity, at least not as long as we consider ideal measurements, instantaneous 
signaling and no interference from other bunches. The high capacity was 
achieved with simple, straightforward algorithms. A more advanced system 
could use for instance cell breathing, where the high-interference cells tend to 
shrink while their neighbors grow. Another possibility is to use reallocations of 
existing connections to find room for a new request. 

FCA is not very effective in our Manhattan scenario since we cannot use a lower 
reuse factor than three due to the BS placement. This means that FCA will be 
blocking limited. We have used it anyway as a first benchmark for our bunch 
system. In order to make a more fair comparison, we have also studied the 
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Figure 4.5. Comparison between BDCA and FCA for all cells and center cells only. Both 
systems use DCPC power control with five updates (PCU=5). The dash-dotted lines 
without markers are the respective theoretical lower bounds. 
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performance for a distributed dynamic channel allocation (DDCA) algorithm 
based on interference measurements (cf. DECT). The result is shown Figure 4.6 
where we see that this algorithm reaches the same capacity as our bunch system 
for the low bit-rate case (RUs=1) when the fast power control has converged. 
Before PC on the other hand, the distributed solution is inferior in terms of 
capacity. For the high bit-rate case (RUs=8), DDCA lags about 10 % in capacity 
even after PC. Since the feasibility check is only based on thermal noise for the 
distributed system, the initial power levels will be signal-strength-based instead 
of SIR-based. The main advantage with the bunch system in this case is that the 
required signal quality is achieved immediately while the distributed solution has 
to rely on the measurement based PC. For circuit switched traffic, the latter could 
be acceptable, but for packet traffic with short and irregular bursts of data, the 
power control will never have time to converge. This would lead to a high outage 
probability and many retransmissions. 

In Figure 4.7, we see the result of a comparison between DDCA and BDCA in 
TDMA mode. Here the distributed algorithm is inferior to the bunch in terms of 
capacity even when the PC has converged. For the low bit-rate case (RUs = 1), 
DDCA has ϖ*(0.02) = 0.62 while BDCA allows 30 % higher load. For the high 
bit-rate case (RUs = 8), DDCA has ϖ*(0.02) = 0.44 while BDCA is again about 
30 % better. The bunch system gives approximately the same performance for 
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Figure 4.6. Performance comparison in TD/CDMA mode between distributed DCA 
(DDCA) and bunch DCA (BDCA) before (left) and after (right) convergence of the power 
control algorithm.  
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both TD/CDMA and TDMA while the distributed system gives worse 
performance for TDMA. The reason for this is that the spreading in TD/CDMA 
averages the interference from all users in one slot, and thus the variation 
between slots gets smaller. Even if there is a strong interferer on a slot, the total 
interference power does not have to be so large. With TDMA, choosing the right 
time slot is much more important since a strong interferer can disturb several 
other users. On the other hand, this can be an advantage since the strong 
interferer can be given a slot of its own, which means that it will not disturb 
anyone. 

So far, we have assumed that the power control has a dynamic range of 20 dB. 
We have studied how important the PC is for the performance by varying its 
dynamic range between 0.1 and 30 dB. We can see in Figure 4.8 that the capacity 
for random channel selection increases by approximately 150 % when going 
from 0.1-dB to 20-dB dynamic range. For least-interfered channel selection, the 
capacity increases by more than 100 %. Above 20 dB, there is no performance 
gain and therefore we will use this value for the rest of the thesis unless 
otherwise stated. A further reason is that, according to link level simulations 
performed within FRAMES, the intracell joint detection will not work reliably if 
the received intracell power levels in one time slot differ more than 
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Figure 4.7. Comparison in TDMA mode between DDCA and our bunch system (BDCA) 
both before (left) and after (right) convergence of the power control. RUs=1 and RUs=8 
mean that each MS needs 1 and 8 resource units respectively. 
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approximately 20 dB. For downlink transmissions, the maximum received power 
level difference corresponds to the PC dynamic range. 

4.6 Results with Indoor and Mixed Indoor/Outdoor Users 

When deploying new wireless systems, it is common to start by ensuring 
reasonable coverage and after a while, when the number of users increase, 
improving the capacity. For this reason, we can expect indoor users to initially be 
served by outdoor base stations until the capacity need necessitates the 
deployment of indoor picocells. 

For outdoor users, signal strength from the serving BS is often more than 
adequate but this is not always the case for the indoor users served by outdoor 
BSs. Exterior walls and internal structures in the buildings will attenuate the 
radio waves strongly. Many indoor users will therefore suffer from signal outage. 
Increasing the transmitter powers is not always possible since that would increase 
the amount of interference and drain the batteries of the mobile terminals to 
quickly. The outage probability also depends on the properties of the shadow 
fading. If the correlation between signals from different BSs to an MS (inter-BS 
correlation) is low, the chance of finding a strong enough BS is quite high and 
vice versa. 
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Figure 4.8. The effect of varying the transmitter power dynamic range for random (left) 
and least-interfered (right) channel selection. 
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In Figure 4.9, we see how the performance for indoor users depends on the 
shadow fading correlation model. Measurements in a real scenario will be needed 
to find the most suitable model. At low loads, the horizontal parts of the curves 
are due to lack of coverage, i.e. MSs who cannot even hear one BS. As expected, 
the model with no inter-BS correlation, “SFcorr = non”, gives best performance 
and the model with 100 % inter-BS correlation, “SFcorr = loc”, gives the worst 
performance here. At higher loads, the curves get steeper when the feasibility 
check refuses to admit some users due to high interference or lack of channels. 
Now, “SFcorr = bas” has the worst performance while the other three keep their 
relative position. The most probable explanation is the inter-MS correlation in 
this model; there is a 50% correlation of the shadow fading for signals from one 
BS to several MSs even if the MSs are far apart. Thus, the shadow fading from 
some BSs will have a positive bias (higher path loss) and some will have a 
negative bias (lower path loss). This fact combined with the RAU selection 
method, which always selects the strongest RAU, will make the distribution of 
the number of users per cell less uniform leading to increased blocking. 

Even though the indoor and outdoor scenarios both show good performance, it is 
not obvious that a mixed scenario will do the same. In Figure 4.10, we see the 
result of a study regarding this. The performance for the case with only indoor 
users is worse than that for only outdoor users as expected. The higher 
transmitter powers needed to reach the indoor users mean that the indoor 
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Figure 4.9. Performance for indoor mobiles with four different shadow fading models. 
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scenario is interference limited as opposed to the outdoor scenario, which is 
mainly blocking limited, i.e. lack of channels. The most interesting result of 
Figure 4.10 is that in the mixed scenario (Tmix = OI: 50 % outdoor, 50 % indoor), 
performance for both outdoor and indoor users is better than for the case of only 
indoor users and, in fact, as good as the performance for only outdoor users. The 
reason for this is that 50 % indoor users is not enough to make the system 
interference limited. 

It is expected that stationary indoor users will want higher average data rates than 
outdoor pedestrian users; a person walking around on the pavement will probably 
mostly use voice services and occasionally send or receive a still image. An 
indoor user on the other hand, can sit comfortably in a chair and watch a movie 
on his pocket computer or communicate using videoconference. Higher data rates 
mean either more RUs, or RUs with higher SIR that allow link adaptation 
(change of modulation and coding.). With a large fraction of RUs used indoors or 
a higher SIR target, the performance for the mixed scenario would certainly be 
worse than for the outdoor scenario. This motivates the need to find a method to 
improve the indoor performance. 

One way of achieving higher performance indoors, is by introducing some 
unfairness in our RRM scheme: Before resource allocation, the priority queue, 
described in section 2.1, sorts the MSs with the highest priority first. Priorities 
could be set based on many different criteria such as delay requirements and 
importance of the session (emergency calls are more important than e-mail 
traffic). Normally in this thesis, users are allocated resources on a first-come 
first-served (FCFS) basis. If we instead prioritize users according to the link gain 
to their serving BS, we get the results in Figure 4.11. In the figure, “Low G” 
means that MSs with low link gain to the serving BS have highest priority, “High 
G” means that MSs with high link gain have highest priority, and “FCFS” is the 
standard method mentioned above. When MSs with high path gain are 
prioritized, the performance for indoor users is almost as good as for the outdoor 
users. The reason is that the MSs that are likely to cause the most interference are 
the last ones in the queue and will probably not get any resources. Trying the 
difficult ones first (low path gain) could lead to higher capacity in a case where it 
is possible to allocate resources to all users but in our case the interference 
increases so much that the capacity is reduced instead. 

Another way of increasing indoor performance is to use least-interfered channel 
selection instead of random. This is shown in Figure 4.12 where we see that the 
performance with “LII” channel selection (and FCFS priorities) is as good as 
with “Rand” channel selection and “High G” priorities. 
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Figure 4.10. Performance with mixed indoor and outdoor mobiles using random channel 
selection. “Tmix = O” means only outdoor users, “Tmix = I” means only indoor users and 
“Tmix = OI” means a mix of 50 % each.  
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Figure 4.11. Performance for indoor MSs with different priority schemes. 
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4.7 Summary 

We have studied the performance of our bunch implementation for a single 
bunch hotspot in a Manhattan environment and shown that we can get a very 
high capacity. For low SIR targets it does not matter if we use random or least-
interfered channel selection but for higher targets there is a 60 % improvement 
when using least-interfered compared with random. 

With an assignment failure rate as small as 2 %, we can utilize 84 % of the 
available channels in every RAU when operating in TD/CDMA mode. The 
maximum throughput (load - assignment failure) is approximately 0.9. We have 
shown that our system is superior to FCA (three times better) and decentralized 
systems, especially for bursty traffic where the power control will not work very 
efficiently. If the power control is allowed to converge, the capacity of the 
decentralized system will increase to the same level as our bunch system for 
TD/CDMA, but for TDMA the bunch will be about 30 % better than DDCA. 

The bunch system makes a better initial guess than the decentralized system at 
which power level and channel to use for a new allocation. The main advantage 
is that there will be fewer disturbances on existing connections when new users 
are admitted. This will become increasingly important in future wireless systems 
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Figure 4.12. Performance for indoor users with three different channel selection methods: 
ordered, random, and least-interfered. 
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when packet traffic starts to dominate over speech traffic. The effect on capacity 
from varying PC dynamic range was also studied and we found that the capacity 
improves 150 % when going from 0.1-dB up to 20-dB dynamic range. Above 20 
dB, there was no significant gain. 

With normal random channel selection, the capacity for a scenario with only 
indoor users is about 0.73. This is noticeably lower than for the case with only 
outdoor users. By prioritizing MSs with high path-gain to the serving BS, the 
capacity for the indoor user case increases to 0.8, which is almost as high as for 
the outdoor users. Similar performance can also be achieved by using least-
interfered channel selection together with the normal first-come first-served 
priorities. 

It should be noted that many of the results in this chapter are optimistic since 
they are based on error-free, instantaneous measurements and signaling. 
Furthermore, our service area was an isolated hotspot covered by a single bunch 
with no interference from outside. Despite the idealized conditions, the results 
shown are useful as an upper bound on capacity for the algorithms studied. In the 
following chapters, we will study the performance of our bunch system under 
less ideal conditions. 
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Chapter 5  

Performance of Multiple Bunch Systems 

Most of the time, a real personal communication system will have neighboring 
systems that generate interference. Even if a certain service area can be covered 
by a single bunch, we might still need several bunches in practice since there 
could be several operators covering different or overlapping parts of the area. In 
some cases, neighbors will use similar systems and in other cases, very different 
systems are used next to each other. This means that it will be almost impossible 
to coordinate the use of resources between the systems in real-time. 

In this chapter we will study the performance when several bunches are used to 
cover a service area. Bunches overlap at the edges due to the shadow fading. It is 
inevitable that neighboring bunches will interfere with each other if they use the 
same channels. We will therefore compare some methods to combat the 
performance degradation that results from this interference, especially on the 
bunch borders. We will also compare these results with some distributed 
solutions. 

5.1 Inter-Bunch Interference Handling 

The service area in this chapter consists of 16 by 16 blocks with a total of 128 
RAUs. We will divide this area in different number of bunches and compare the 
performance. We assign RAUs to bunches in a rectangular grid pattern which is 
specified as Bx times By bunches. For instance, 2×2 bunches could be used to 
cover the area, which gives 32 RAUs per bunch (128/(2×2)). For the two special 
cases, all RAUs in one bunch and one RAU per bunch, we just write “1 bunch” 
and “128 bunches” respectively. Unless otherwise specified, the algorithms used 
are the same as in the previous chapter. 
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Inter-bunch interference handling can be performed in several different ways as 
described in section 2.7. Here we will consider interference averaging by 
spreading, and interference avoidance by sorting the free channel list in a clever 
way. We will also study a method where each bunch has either a fixed or a 
preferred set of channels. To start with, we use the random channel selection 
since it requires no special measurements and very little processing power. 

In order to see the effects of the inter-bunch interference we have studied a 
system with multiple bunches (1, 2×1, 2×2, 4×2, 4×4, 128) covering a fixed size 
area (16x16 blocks, 128 RAUs). First, we use our simple random channel search 
to get the baseline performance. The only power control used is the initial power 
selection at admission time. As we can see in the left half of Figure 5.1, there is a 
huge gap in performance between the single bunch case and the multiple bunch 
cases before the power control is updated. It is possible that we can improve the 
performance of the smaller bunches slightly by using a larger SIR margin in the 
Feasibility Check. However, if we can allow the measurement based power 
control to converge, we get a very different picture as shown in the right part of 
Figure 5.1. We see that all the bunch sizes give approximately equal 
performance. This indicates that the studied outdoor scenario is not interference 
limited when using TD/CDMA and SIR-based power control. A higher SIR 
target could make the system interference limited but this is not further studied. 

5.1.1 Measurement-Based Interference Avoidance  

Combined with the inherent interference averaging in the spreading, we have 
tried an interference avoidance approach based on measured interference in order 
to handle the inter-bunch interference. The case with 128 bunches can be seen as 
a decentralized system (1 RAU per bunch) that we can use as a reference for 
performance comparison. Channels are sorted according to the least-external-
interference (LEI) strategy. The MS measure interference on all channels and 
then the CU estimates the external (inter-bunch) interference by subtracting the 
calculated intra-bunch interference from the measured total interference. After 
sorting, the channel with the lowest estimated interference is selected. The RRM 
then proceeds as usual with the CU checking if the selected channel is feasible to 
use within the bunch. The estimated intra-bunch interference is included in the Ni 
term in equation (4.1) in the feasibility check, which means that the initially 
calculated power level will be reasonably good. 

In Figure 5.2, we see the resulting performance of the different bunch sizes 
before and after convergence of the decentralized, measurement-based fast power 
control. After PC, the bunch size does not seem to affect the performance. 



5.1 INTER-BUNCH INTERFERENCE HANDLING 65  

0.2 0.4 0.6 0.8 1
10-3

10-2

10-1

100

ϖc

νu

    Before PC:TD/CDMA,Rand BDCA

0.2 0.4 0.6 0.8 1
10-3

10-2

10-1

100

ϖc

  After PC:TD/CDMA,Rand BDCA

128 bunches
4x4 bunches
4x2 bunches
2x2 bunches
2x1 bunches
1 bunch

 

Figure 5.1. Multiple bunches covering the area. Performance for TD/CDMA with random 
channel search, both before (left) and after (right) ten updates of the power control. 
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Figure 5.2. Performance before PC  (left) and after PC for multiple bunches covering an 
area when least-external-interference channel selection is used. 
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Before PC, the larger bunches have a higher capacity than the smaller ones since 
the larger bunches’ initial powers are better. As expected, the larger the bunches, 
the higher the capacity, but even the fully decentralized solution (128 bunches) 
performs better than the FCA scheme evaluated in Chapter 4. When comparing 
with the results from Figure 5.1, we see that LEI gives more than 100 % higher 
capacity than random for the 128-bunch case and almost 50 % higher capacity 
for the 2-bunch case. 

The single bunch case already has the correct power levels from the feasibility 
check and performs equally well before and after the PC updates. This is based 
on the optimistic assumption that we know the gain matrix perfectly. The results 
for all bunch sizes after several PC updates might be also be a bit optimistic, 
since in the real world, bursty traffic and mobility will not allow the power levels 
to stabilize on a fixed level. If the traffic is very bursty, it is extra important to get 
the initial power as good as possible in order to minimize disturbance to 
cochannel users. The performances before PC are slightly pessimistic for all 
cases but the single bunch since no attempt was made to optimize SIR-margins.  

5.1.2 Fixed Channel Groups for Each Bunch 

Within a bunch, all channels are, at least in theory, available in every cell. 
Neighboring bunches will in some cases use separate channels and in some cases, 
they will use the same channels. Here we study the performance of a multiple 
bunch system where separate channel groups are used for neighboring bunches 
(fixed allocation between bunches). When we use multiple bunches to cover an 
area in the Manhattan environment, we deploy them on a square grid, e.g. 16 by 
16 blocks can be covered by 2 by 2 bunches. The square grid structure permits a 
reuse-2 scheme between bunches, i.e. channel groups are reused in every other 
bunch. In this way, neighboring bunches will use different channel groups, which 
will strongly reduce the inter-bunch interference. In Figure 5.3, we see the results 
of a study with this method. Two different channel selection methods are used: 
Rand and LTI. The dash-dotted line is the performance bound from Appendix A. 
There is no significant performance difference between the two channel selection 
methods and the capacity at the 2 % level is about 90 % of the bound for an 
interference free system. The latter shows that the limit here is lack of channels, 
not inter-bunch interference. All users achieved at least their SIR target in this 
case. The performance will thus not increase if we add some SIR margin in the 
feasibility check. The measurement based power control will not increase 
capacity here for the same reason. 
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We have seen that the fixed allocation between bunches leads to lack of 
channels. In the next section, we will loosen the reuse constraints by introducing 
preferred and non-preferred channels. 

5.1.3 Preferred Channel Groups for Each Bunch 

Since blocking limits the case where we use FCA between bunches, we propose 
and study a scheme where the reuse constraints are not absolute, i.e. a soft reuse. 
In this scheme, each bunch first tries the nominal (preferred) set of channels 
assigned to it. This set is the same as the bunch would use in a system with fixed 
assignment of channels to each bunch. When a request cannot be served due to 
lack of feasible preferred channels, we try a channel that is not in our preferred 
set. In other words, the reuse is violated since we use channels that belong to the 
neighbor bunches. 

Near the border of a bunch, the intra-bunch interference is typically lower than 
within the bunch. This means that a user near the bunch border will have a 
greater chance of reusing one of the preferred channels, thus causing less inter-
bunch interference. Most of the reuse violations should occur near the center of 
the bunch where it does not affect the inter-bunch interference so much. We 
denote this scheme as preferred channel selection. We only use preferred channel 
selection on a global scale, i.e. between bunches. Within the preferred and the 
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Figure 5.3. Performance when neighboring bunches use different channel sets (reuse 2). 
The performance bound for an interference-free system is shown as a dash-dotted line. 
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non-preferred sets, channels are sorted according to the chosen channel search 
method, e.g. random, least-interfered etc. 

Figure 5.4 shows the result of a study where our preferred random (P-Rand) 
channel selection is evaluated for some different bunch sizes. With four bunches 
(2×2), the capacity is 25 % higher compared with the scheme from Figure 5.3 
where every bunch only had access to half of the channels. No additional 
measurements are needed to accomplish this performance increase. The only 
catch with the preferred scheme is that a reuse pattern has to be planned. 
However, this reuse pattern is on a bunch level, which should mean much less 
planning work than for an FCA scheme, which needs a reuse pattern on cell 
level. Since a bunch can consist of several cells, planning bunch reuse patterns 
should not be an impossible task. 

Figure 5.5 shows the distribution of SIR values for P-Rand at the load ϖc = 0.5; 
we see that the large bunches are close to the ideal situation with most of the 
users at 10 dB. For large bunches, the border is small compared with the total 
size of the bunch. Interference caused by reuse violations occurring in the center 
of a large bunch is strongly attenuated when it reaches the neighbor bunch. For 
small bunches, almost the whole bunch should be treated as bunch border and 
therefore, almost all reuse violations are noticeable by the neighbors. 

In many cases, least-interfered channel selection is more robust than random. If 
all information is known perfectly by the central unit (CU), they give 
approximately equal performance but in case of multiple bunches, the CU does 
not know the link gains from RAUs in other bunches to MSs in the current 
bunch. Therefore, we will try channel selection based on interference 
measurements. Figure 5.6 shows the performance of preferred least-total-
interference (P-LTI) channel selection, which is only slightly better than P-Rand. 
With 2×2 bunches, the capacity (before PC) is now 0.52 as compared with 0.5 for 
P-Rand and 0.4 for the case with fixed channel groups for each bunch shown in 
Figure 5.3. Performance is similar to that achieved by the LEI method in Figure 
5.2. With 4×4 bunches, the capacity is now 0.35 compared with approximately 
0.29 for P-Rand. If the power control is allowed to converge, performance will 
be the same as for a single bunch system. 
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Figure 5.4. Performance with P-Rand channel selection for 16, 8, 4 and 2 bunches. 
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Figure 5.5. CDF of SIR for P-Rand channel selection. 
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Figure 5.6. Performance with P-LTI channel selection for 16, 8, 4 and 2 bunches covering 
16x16 blocks. 

5.2 Summary 

The use of multiple bunches in an area with uniform user distribution, decreases 
the capacity when compared with a large single bunch. Therefore we prefer to 
keep bunches as large as possible. However, measurement, signaling, and 
computational complexity as well as delays and synchronization problems 
probably set upper limits to the effective size of a bunch. In Chapter 8, we will 
study some of these issues and propose methods to reduce the complexity. 

In this chapter, we have evaluated the performance for multiple bunch scenarios. 
We have compared some methods to combat the performance reduction caused 
by inter-bunch interference. Least-external-interference (LEI) and preferred 
least-total-interference (P-LTI) channel selection methods are the best one 
studied here. A problem with LEI is that it requires estimates of the bunch-
external interference. These estimates are based both on interference 
measurements and on gain measurements, which makes the method highly 
susceptible to measurement errors. The best method from this point of view is 
P-Rand, which has no special measurement requirements. When we use four 
bunches (32 RAUs per bunch) to cover the service area, P-LTI before PC gives 
about twice the capacity compared with the FCA system from the previous 
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chapter and about 60 % of the capacity reached by a single, large bunch. Even 
better performance is achieved after PC although this was not shown here.  

The preferred channel selection shows great potential for multiple bunch 
systems. In this study, the preferred channel set for each bunch was assigned in 
advance based on a simple reuse-two scheme between bunches. Assigning 
channels to bunches should not be any harder than assigning channels to 
macrocells in current mobile communication systems. For large bunches placed 
on a square grid, it might actually be easier since channels can then be reused in 
every other bunch. A large bunch in this context is a bunch whose radius is much 
larger (at least two times) than the radii of the individual cells. For such a bunch, 
a large part of the generated interference stays within the bunch. In contrast to 
traditional microcells, no planning is needed between the cells that constitute a 
bunch other than for the beacon channels. It is possible that this task could be 
automated. The assignment of preferred channels to bunches might also be 
automated, e.g. by segregation strategies [35]. 
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Chapter 6  

Resource Management with Limited Measurements 

Centralized and locally centralized RRM strategies as the one used in our bunch 
concept can, at least in theory, achieve very high capacity in terms of achievable 
load at a certain quality level. Unfortunately, centralized strategies have often 
been considered non-feasible in practice due to the massive amount of 
measurements and signaling typically required. In this chapter, we will evaluate 
some methods to maintain high performance while reducing the measurement 
and signaling requirements. As before, our DCA algorithm is based on 
measurements of the link gain matrix. 

In previous chapters, we assumed that the central unit (CU) had access to perfect 
estimates of the gain values between all pairs of mobiles and RAUs. Since it is 
not realistic to measure on all RAUs in large bunches, we have studied how 
much the performance degrades when there are missing gain values, i.e. when 
only a small number of RAU beacons (the strongest ones) can be received. To 
receive one beacon means to be able to decode the beacon from the serving 
RAU, since a mobile always connects to the strongest beacon in this study. 
Further, it is not possible for the mobile station (MS) to measure and signal gain 
values every frame since this would steal too much traffic capacity. The CU will 
thus make its decisions based on old and inaccurate values. The gain 
measurements will always contain a measurement error. Therefore, we have 
studied how aged gain values and gain errors affect the performance. 

6.1 Partial Knowledge of the Gain Matrix 

Ideally, we would like each MS to be able to measure the link gain from every 
RAU in the bunch. In reality, a mobile cannot measure on a beacon if the SNR is 
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too low. This means that RAUs far away cannot be identified due to the low 
signal strength. Since they contribute little to the interference, this is not a big 
loss anyway. Another problem is that beacon channels must be reused, 
sometimes even within a bunch, in order not to waste valuable radio resources. 
This limits the number of beacons that the MS can hear since the beacons will 
interfere with each other. Furthermore, in a large bunch it would take to much 
time and effort to measure on a large number of beacons and transmit the 
measurement reports on the radio link to the RAU. In the following section, we 
will describe some methods to maintain a high performance in spite of missing 
gain values, i.e. gaps in the gain matrix. 

In this study, there are two different limits on the number of measurable beacons. 
The first is due to the required beacon SNR and the second is a variable upper 
limit on the number of beacons on which the mobiles can measure. In any case, 
the MSs cannot measure on a beacon if it has an SNR lower than 0 dB. For 
outdoor MSs, this gives the 10th and the 90th percentile of the number of 
reachable beacons as 8 and 15 respectively. It means that even the performance 
when the maximum number of beacons is infinite (shown in the figures as 
“beacons=Inf”) can vary with different channel selection methods, etc, since the 
MSs can only decode about 11 out of 72 beacons on average. This can be 
exploited in sparse matrix calculations in order to lower the computational 
complexity since there are only 15 % nonzero elements in the co-timeslot gain 
matrix (11/72). In Chapter 8, we will show by how much sparse matrices can 
reduce the computational complexity. 

In order to compensate for the missing gain values we will evaluate the following 
different methods: 

Method I Use previously measured and filtered RAU-to-zone values for the 
beacons that cannot be measured. A zone can be whole cell or a 
smaller area depending on the needed resolution and the amount of 
measurements collected. These values can be based on the mean, 
median or some other percentile of previously measured gains.  

Method II Increase the SIR target when performing the feasibility check. 
Later when the MS is admitted, we reduce the SIR to the normal 
target with the power control scheme. 

Method III Use a channel selection method that is more tolerant against 
measurement problems. 
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First, we study the performance when link gains for unreachable beacons are 
simply set to zero and channels are selected randomly. This is our reference 
system and the result is shown in Figure 6.1. The dashed horizontal line is, ν0, the 
2-% assignment failure rate where we measure the capacity. With “beacons=x” 
we mean that each MS can measure on a maximum of x beacons and 
“beacons=Inf” means that the MS can measure on all beacons with an SNR 
exceeding 0 dB. We see that four beacons is enough to get the same performance 
as when all beacons (about 11) can be reached, three beacons give almost as 
good performance, and finally, less than three beacons give much worse 
performance. If the PC is given time to converge, there is no difference in 
performance and the one-beacon case performs as good as when all beacons can 
be reached. 

6.1.1 Method I: Use Filtered RAU-to-Cell Values 

The first method to mitigate the missing link gains is based on previously 
measured and filtered gain values from RAUs to cells. These values are stored in 
the structure matrix, R, shown in Figure 4.2 on page 47. In this section, we 
assume that a zone equals a cell. Now, if MS2 in Figure 4.1 on page 46 cannot 
measure the gain from RAU3 (g23), the CU can use the r2,3 value from the 
structure matrix instead. The r2,3 value is the mean or some percentile of 
previously measured gain values from RAU3 to cell 2. The main motivation for 
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Figure 6.1. Performance for maximum 1,2,3,4 and infinitely many reachable beacons 
when random channel selection is used and unknown link gains are set to zero. 
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this approach is that the large-scale path loss curve flattens out at long distances, 
i.e. the average path loss per meter decreases. Therefore, interference from RAUs 
far away from our cell varies less over our own cell compared with interference 
from our neighbors. As long as we can measure the gain from our neighbors on a 
regular basis, this will work fine. The problem is that we might never be able to 
measure on anything else than our neighbors, which would mean that we do not 
have any values from which to calculate for instance the median. A more 
practical way to find something similar to the median values might be to let the 
RAUs measure on each other (RAU-to-RAU gain). This would mean that in our 
example, r2,3 would contain the link-gain from RAU3 to RAU2. The main 
advantage of using RAU-to-RAU values is that they do not have to be 
transmitted on the radio link. If we do not consider the shadow fading, the RAU-
to-RAU gains will be quite close to the median values, at least for RAUs far 
away from each other. 

To test the method, we have performed a study where we replace the unknown 
values in the gain matrix with the median of the corresponding RAU-to-cell 
values. The result of this is shown in Figure 6.2 where we see that the capacity 
for 1-3 beacons improved slightly compared with the results from Figure 6.1. 
Higher performance might be possible by using other percentiles than the 
median. A disadvantage with the median method is that we can no longer use 
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Figure 6.2. Method I: Random channel selection is used and unknown gain values are 
filled in with the median method. 
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sparse matrix calculations in the RRM algorithms since there are no zeros in the 
gain matrix. Thus, we have a trade-off between capacity and complexity. 

6.1.2 Method II: Increase SIR Target 

The second method to mitigate the missing link gains is perhaps the simplest; if 
some link-gain values are missing then increase the SIR target in the feasibility 
check by some amount that depends on the number of beacons received. One 
drawback with this method is that it can be difficult to find the optimum amount 
to add to the SIR target. We use a rather simple approach that gives us 
reasonably good SIR margins; we first perform a simulation without the SIR 
margins and then look at the SIR value that 99 % of the users exceeded at a load 
of ϖc = 0.5. The margin is then set to the target minus the achieved value, 
rounded up to the next whole dB. We studied which SIR margin in the FC that 
would give the best performance when combined with our reference system. The 
result from a simulation with the optimum margins is shown in Figure 6.3. With 
two beacons, we can now allow twice the load compared with the reference 
system. For the other number of beacons, we get about the same performance as 
with the median method. 
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Figure 6.3. Method II: Different SIR margins are used for different number of reachable 
beacons in the Feasibility Check (FC) and unknown link gains are set to zero. 
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6.1.3 Method III: Use a More Robust Channel Search Algorithm 

Method III uses a different approach than the previous two; instead of 
compensating for missing values, we change the channel search algorithm from 
the default random to a more robust one. If the MS can measure interference on 
all timeslots then the CU can use this info to try to allocate the MS on the least 
interfered channel first. This is least total interference (LTI) channel selection. 
Since the MSs will experience less interference, the risk of making an erroneous 
admission decreases. The drawback is that the MS must be able to measure 
interference on all slots in a frame but this is already done in current systems, e.g. 
DECT. A trade-off here could be to use the least calculated interference instead 
of the least measured. The performance will be slightly worse since the CU 
estimates the interference from the measured gains and the transmitter powers 
but it will be better than random selection and the MS does not have to measure. 

Figure 6.4 shows that the performance for Method III is much better than for the 
previous methods when only one or two beacons can be decoded. Even with only 
one beacon, we can achieve a capacity of 0.3, which is slightly better than the 
FCA scheme (cluster size three) in Chapter 4. 

6.1.4 Method IV: Combine Method I+II+III 

We have combined all the three previous methods (I-III) to see if the gains are 
additive. The results in Figure 6.5 show that this is true for the cases with one 
and two beacons; with one beacon, the capacity improvement of using the 
combined method is small but with two beacons, the capacity is now 0.6 
compared with 0.5 for Method II. With three beacons, the capacity is slightly 
lower than for Method II. The reason is that the median method is not optimal in 
this case; a lower percentile would give better performance. 

Further, a possible improvement could be to divide every cell into smaller zones 
and use this together with Method I. The cells could be divided in zones 
depending on which beacon is the second strongest. A problem with Method I 
and this method, which is based on Method I is that the gain values from the 
structure matrix are just put into the gain matrix without any range checking. In a 
scenario where the an MS reaches the two strongest beacons, the gain values 
from the structure matrix intended to fill the gaps for the third and fourth beacon 
could actually be higher than the measured value of the first and second beacon. 
This could be solved by storing relative path gains instead of absolute path gains 
in the structure matrix. Another solution could be to scale the values from the 
structure matrix before they are put into the gain matrix. 
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Figure 6.4. Method III: LTI channel selection and unknown link gains are set to zero. 
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Figure 6.5. Performance with all three methods combined: LTI channel selection, median 
method to fill in missing gains, and raised SIR target in the feasibility check. 
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6.2 Aged Gain Values 

If the MS performs the gain measurements then we cannot transmit the gain 
values to the CU immediately since we have to wait for a free uplink slot. 
Furthermore, we cannot measure and signal as often as we would like since this 
would steal too many resources from the MS. For this reason, we will study the 
effect of aged gain values in our RRM decisions. One way could be to try to 
predict the change of the gains by looking at the recent history of gain values but 
this is out of the scope of this thesis. In [36], a neural-fuzzy predictor was trained 
to predict and track the Rayleigh fading. This is not possible in our system since 
it would require a very fast control loop, but it should be possible to track the 
shadow fading. 

Until now, we have assumed that link gains are always up-to-date. In practice, 
downlink gains cannot be updated continuously (every frame). Therefore, we 
have studied how the aging of gain values affects the performance. The gain 
matrix is measured as usual but the users move time Tgain before the allocation is 
made. In Figure 6.6, we see the resulting performance when the aging of the gain 
values is varied between 0 and 1 s. The users are pedestrians with an average 
speed of 3 km/h. When the gain matrix is one multiframe old (Tgain = 0.24 s), the 
performance is almost as good as for zero aging (Tgain = 0 s). When Tgain 
increases further, performance drops rapidly. This tells us how often the gain 
matrix must be updated. The robustness against aged gain values increases 
considerably if we use least-interfered channel selection as shown in Figure 6.7. 
Capacity for Tgain = 0.96 s is here twice as high as for random channel selection, 
a considerable improvement. However, if we want the same capacity as in the 
ideal case, we can still not allow the gain values to be more than 0.24 s old. 

It is likely that we will be able to update the gain from the serving cell more often 
than the gain from neighboring cells. This will lead to better performance. If we 
also increase the SIR margin in the feasibility check, we can improve the 
performance substantially. Figure 6.8 shows the resulting performance using 
these two improvements when the gain matrix is aged 0.96 s. We see that when 
combining increased SIR margin and frequent update of the serving RAU gain, 
there is less than 10 % capacity loss compared with the non-aged cases shown in 
Figure 6.6 and Figure 6.7. A reasonable choice of update frequency for the gain 
values should in our case be somewhere between 0.24 s and 0.96 s, e.g. 0.48 s. 
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Figure 6.6. Performance with aged gain values and random channel selection. 
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Figure 6.7. Performance with aged gain values and least-interfered channel selection. 
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6.3 Gain Measurement Errors 

In the real world, measurement errors will affect the gain values. We have 
studied how this affects the performance both before and after the power control 
is updated. The methods we can use to mitigate the effect of the gain errors are to 
raise the SIR-margin, to filter the gain values over time, and to use channel 
search algorithm that reduces the effect of the gain errors. When mobiles move, 
the filter must be narrow enough to average out the multipath fading, yet wide 
enough to track the shadow fading. Gain measurement errors are assumed to 
follow a lognormal distribution, i.e. the error in dB is has a normal distribution 
with standard deviation Gerr. This assumption is based on studies by Goldsmith et 
al [37]. They also found that the gain measurement errors can be kept to 3 dB or 
lower over a wide range of mobile velocities and shadow fading characteristics. 
We assume that errors are independent between two consecutive measurements 
of a link gain. 

Figure 6.9 shows the performance with gain error 6, 3, and 0 dB both before and 
after power control. As with aged gain values, least-interfered channel selection 
gives much better performance. With 3 dB gain error and LII, performance after 
power control is close to the performance with no gain error. In Figure 6.10, we 
see that gain errors can be decreased by repeating the beacons more often, thus 
giving the mobiles more chances to measure, and filtering the measured values. 
Tgain is the time between measurements and Hgain is the filter history. The filter 
uses a moving average of the gains (in dB) over a history length of Hgain gain 
values. The averaging period is fixed to 0.24 ms (a multiframe), which means 
that the number of beacon repetitions in a multiframe equals the filter history. 
We also see that the least-interfered channel selection (right) gives slightly higher 
SIR values than random (left). The 2 % of the users that have the worst SIR get 
an improvement of about 1-2 dB when compared with random channel selection. 
A problem with increasing the beacon repetition rate is that capacity is stolen 
from the other control channels. Instead of increasing the measurement and 
beacon repetition rate, it is also possible to filter over a longer time period as 
shown in Figure 6.11. Unfortunately, this can in fact degrade performance; when 
the filter history is too long, the rate-of-change of the shadow fading will affect 
the results. The faster the change, the worse the filtering performance gets. Thus, 
the problem will be larger for fast moving users. For both the 3-dB and the 6-dB 
cases, SIR increases when we go from a filter history of 4 (1 multiframe, 0.24 s) 
to a filter history of 16 (0.96 s) but it is actually reduced when we increase the 
filter history to 64 (3.84 s). This means that we cannot increase SIR further by 
filtering over longer time. To solve this, a more advanced filtering algorithm that 
predicts the shadow fading could be used instead of the simple moving average 
used here. 
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Figure 6.8. Three methods are used to mitigate the 0.96-s aging of the link gains: frequent 
update of serving RAU gain (ideal gii), LII channel search, and increased SIR margin, γm. 
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Figure 6.9. Performance for 6, 3, and 0-dB gain errors, before (left) and after (right) 
power control. Both random and least-interfered channel selection are used. 
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Figure 6.10. SIR distribution comparison between random (left) and least-interfered 
(right) when the gain error is 3dB, load=0.5, and the gain filter history (Hgain) is varied 
between 1 and 24. Measurements are assumed reported every 0.24s. 
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Figure 6.11. Performance for 3 and 6 dB gain errors when the filter history is varied 
between 4, 16, and 64 (1, 4 and 16 multiframes respectively). 
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6.4 Summary 

We have seen that for our micro-cellular Manhattan environment, only the gains 
from the three to four strongest beacons have to be measured and signaled by 
each mobile. This is sufficient in order to achieve almost the same capacity as an 
ideal system where all beacons can be measured. 

Aged gain values reduce the capacity of our bunch system, but if the gain for the 
serving cell can be measured more often than the other gains and the SIR margin 
is increased slightly, we can allow four times longer aging without noticeable 
capacity reduction. Measurements on the serving BS gain can be performed on 
the traffic channels, either in the uplink or in the downlink, and is thus not 
dependent on the beacon repetition rate. The results for aged gain values 
presented here are much better than our earlier results [18]. The main reason is 
that we now use a fading model with correlation between signals from different 
BSs to an MS. With such a correlation, a mobile moving towards its base station 
has a higher probability of maintaining or increasing the SIR compared with the 
old model. Interference from base stations beyond the serving one (on a LOS 
path) will likely follow the signal strength from the serving base when the mobile 
moves. 

The accuracy of the gain measurements also influences the performance. We 
have shown that the errors can be reduced by appropriate filtering of the gain 
values. We also reduce the effect of the gain errors by using the least-interfered 
channel selection. When selecting filtering parameters one must consider the 
tracking of shadow fading. If the filter history spans over too long time, 
performance will be reduced due to poor tracking of shadow fading even if 
measurement errors decrease. More advanced filtering techniques could be 
applied to further increase the performance but that is not included in this thesis. 
Anyway, our results indicate that the gain measurements are manageable in the 
studied environment. This is a prerequisite for our RRM scheme. 
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Chapter 7  

Mobile Positioning and its Applications for RRM 

The measurements performed by the MSs and BSs for radio resource 
management (RRM) tasks can be used to determine the mobile station’s location. 
In this chapter, we will propose some simple, yet accurate, methods to position 
mobiles in a cellular system using these measurements. Our methods are shown 
to compare favorably to existing methods in terms of capacity and robustness. 
We briefly discuss the implementation complexity. Further, we discuss and study 
how position information can be used in RRM. The results indicate that position 
information is perhaps not as useful as suggested earlier in the literature but in 
some cases, there is a clear advantage. 

7.1 Mobile Positioning in Personal Communication Systems 

Information regarding the location of a mobile can be used by operators to 
implement location-based call charges and to enhance RRM functions like 
handover and channel selection. It can also be used for commercial purposes like 
fleet management and location aware services. Another important driving force 
for mobile positioning is that, beginning October 2001, the US Federal 
Communications Commission (FCC) requires that all emergency calls from 
cellular phones must be located within 100 m 67 % of the time and within 300 m 
95 % of the time. This is called Enhanced 911 (E-911, [67]). These figures are 
for network-based location methods that do not require modification of the 
handsets; for terminal-based methods, e.g. GPS, the required location radius is 
half of the above. It is expected that European authorities will follow with similar 
requirements. 
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The required accuracy of a location service is strongly dependent on the 
application; for fleet management an error of 1 km could be acceptable while car 
navigation applications in urban areas probably cannot tolerate errors much 
larger than 10 meters. In some applications, the relative position error between 
two mobile units is more interesting than the absolute error. If very high accuracy 
is needed, the satellite based Global Positioning System (GPS) could be a viable 
solution but it has several drawbacks and limitations. Firstly, the time needed to 
get a position from a “cold start” (no knowledge about the current satellite 
constellation) could be on the order of minutes. Secondly, additional equipment 
(GPS antenna, receiver circuitry etc.) is required in the mobile stations, which 
increases the cost. A further disadvantage with GPS is that the received signal 
power is very low; line-of-sight to at least three satellites is required in order to 
get a 2-D position (four satellites are required for 3-D position, i.e. including 
altitude). In urban areas, both outdoors and indoors, it is often impossible to get 
LOS paths to enough satellites, which leads to low position accuracy. 

The disadvantages of traditional GPS can be partly mitigated by using so-called 
assisted GPS (A-GPS [30]). In A-GPS, the wireless network is equipped with 
GPS receivers, which decode the navigation data from the satellites. This 
information is then broadcasted by nearby BSs. Using this information, the cold 
start can be avoided and the time to first position is reduced to seconds or even 
less. The GPS receiver in the MS can be simplified since the MS now only needs 
to be able to measure the timing differences of the satellite signals. No decoding 
is necessary and the calculations can be performed by the network instead of the 
terminal. A further advantage with A-GPS is that measuring the time difference 
of known signals can be done at much worse signal-to-noise ratios than what is 
needed for decoding of the signals. This means that A-GPS will be able to work 
in places where traditional GPS does not, e.g. indoors. Still, even though A-GPS 
requires less extra equipment in the mobile terminals compared with traditional 
GPS, we prefer positioning solutions that can be utilized with the majority of 
existing PCS terminals, i.e. neither GPS nor A-GPS. Therefore, GPS solutions 
will not be considered further here. 

7.1.1 Existing Measurements Usable for Positioning 

Signal strength measurements are needed in cellular systems in order to assist 
handover decisions and sometimes to assist channel selection and power control. 
Commonly, the MSs measure the received signal strength from beacons 
transmitted by neighboring BSs. From signal strength, path gain (inverse path 
loss) can be estimated if transmitter powers are known. Since large-scale path 
gain decreases with distance in a predictable manner, the path gain can be used in 
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position estimations. A problem is that shadowing and multipath fading can 
make the path gain vary several orders of magnitude over short distances. 

When an MS prepares for handover, it needs to measure received signal strength 
from a set of neighboring cell beacons. Since these measurements are often 
performed repeatedly for a certain time, it is useful to track the time difference 
between the received beacon signals from the neighbors and the serving BS; the 
correlation operation needed to find the beacon code and measure signal strength 
is much faster if the approximate time shift is known in advance. The time 
difference is also useful in order to speed up synchronization to a new BS when 
handover is performed. In GSM, it is denoted observed time difference (OTD). If 
the BSs are synchronized, the OTD values directly give an estimate of the 
relative distance to the neighbor BSs compared with the distance to the serving 
BS. If the BSs are not synchronized, we could use Location Measurement Units 
(LMUs) at known positions (for instance at the BSs) in order to estimate the 
synchronization error or relative time difference (RTD) of the BS transmitters. 
By subtracting the RTDs from the OTDs, we would get the propagation delay 
differences. This is the basis for the enhanced observed time difference (E-OTD 
[1]) scheme intended for GSM systems. 

In slotted transmission systems where the MS-BS propagation delay is not 
negligible compared with a time slot, it is common that the BS instructs the MS 
to transmit earlier by an amount of time equal to the propagation delay. This is 
done in order to avoid time slot overlap in the receiving BS. In GSM and some 
other systems, this is known as timing advance (TA). The TA value gives an 
estimate of the MS-BS distance since the speed of the radio waves is known. By 
combining TA and the OTD information, we get estimates of the absolute 
distance to all neighbor BSs. Another way of getting absolute distance estimates 
is to force an MS to handover between a few different BSs and record the 
respective TA values [65]. The time based methods estimating distances using 
propagation delays can give a higher level of accuracy than the path-gain based 
methods since the fading does not affect the propagation delays as much as the 
path gain. However, in order to utilize this advantage, more accurate 
measurements than available in, for instance, today’s GSM system are required. 
The resolution of the TA value in GSM is one half of a symbol, which 
corresponds to 550 m. Higher accuracy would be possible by using the training 
sequences, but this would require changes to existing handsets. Anyway, new 
systems such as UTRA will be able to give higher accuracy thanks to the high 
chip rate. Advanced filtering techniques based on a series of measurements could 
also be used to improve the position accuracy. 
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7.1.2 Existing Positioning Methods for Comparison 

Several methods for MS positioning exist in the literature. The basis for these 
methods could be time measurements [65], [66], signal-strength measurements 
[34], [64], and angle-of-arrival detection [25]. Here, we will discuss a few 
existing methods and compare them with our own proposed methods. 

Of the existing methods, the first and simplest is the Cell ID (CID) method where 
the position estimate is simply the coordinate of the serving BS (usually the 
strongest one). The second method is described in [24] where the MS position is 
calculated as the centroid of the positions of all N BSs whose beacons the MS 
can decode. We call it unweighted centroid (UWC) since if a unit mass is placed 
at each of the N BS positions, the MS position is the center of gravity for these 
masses. The CID method can be regarded as a special case of UWC with N = 1. 
The third benchmark method uses circular trilateration of absolute propagation 
delays or, if more than three delays are available, circular multilateration. This 
method is often known as time-of-arrival (TOA) [25], [65]. Other common 
methods in the literature are hyperbolic multilateration of propagation delay 
differences (time-difference-of-arrival, TDOA [25]) and triangulation using 
direction information from antenna arrays or sector antennas (angle-of-arrival, 
AOA [25]), but these methods are not studied here. 

In our implementation of TOA, positions are calculated from the absolute MS-
BSi propagation delays using a linear least-squares technique from [33]. Equal 
weights are used for the equations. Multilateration methods require precise 
timing measurements on at least three Base Stations (BSs) in order to get a 
position. In some cases, only one or two delays can be measured. In the case of 
only two delays, the solution is ambiguous since two locations are possible. For 
TOA, we then select the centroid of those two positions in order to minimize the 
error. When only one delay can be measured, we revert to the CID method. If we 
had access to some kind of direction information, like for instance from sector 
antennas, a better estimate would be possible but this is not the case here since no 
sectoring is used. 

A big problem with mobile positioning in urban areas is that the MS is often not 
on a line-of-sight (LOS) path from the BS. This means that measurements of BS-
MS distance will be biased, resulting in position estimation errors. Due to these 
errors, timing-based location methods are not as accurate as they can be in e.g. 
rural areas. Some researchers have tried to mitigate the error due to non-line-of-
sight [70] but this is quite complex and requires a series of measurements while 
the MS is moving. For comparison, we include a hypothetical TOA scheme with 
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perfect NLOS-mitigation, i.e. all measured delays correspond to the Euclidean 
distance between MS and BS. This scheme is called TOA-Euclid. 

7.2 Proposed Positioning Methods 

We propose three methods to estimate the position of an MS. All three can be 
seen as extensions of the UWC method in section 7.1.2. The first, PGWC, is 
based on signal strength, the second, TWC, is based on time, and the third, 
PGWC+TA, is a hybrid between time and signal-strength methods. We will 
investigate the accuracy of these methods and compare with the existing ones 
presented in section 7.1.2. 

7.2.1 Path-Gain Weighted Centroid 

We propose an improvement upon UWC, by using a weighting factor wi for each 
BS position. This is called path-gain weighted centroid (PGWC) since the 
weights are a function of the path gain between BS and MS. For PGWC, the MS 
position estimate is given as 
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where the weights are 

 α
1

ii gw = . (7.2) 

and gi is the path gain from BSi to the MS. A starting point for the choice of 
weights can be found by looking at the simple case when N = 2 and an MS is 
located somewhere on a straight line between BS1 and BS2. In this case it is 
easily shown that the optimal weight wi is the inverse of the MS-BSi distance. 
Assuming that path loss is proportional to the 4th power of the distance, we can 
use α = 4. Other values of α might give better results since the MS is not always 
located on a line between the BSs. It would of course be possible to use different 
α for different MS-BSi links but this is not discussed further here. A 
disadvantage with PGWC is that a BS can only pull an MS location estimate 
closer to itself, not push it away. Thus, we get poor accuracy near the edge of the 
coverage area since estimates are biased toward the center of the whole area. 
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7.2.2 Time Weighted Centroid 

If propagation delays are available for more than one MS-BS link, we can use 
these delays to form the weights instead of the path gains as in PGWC. Setting 

 ( ) β−∆⋅= ii tcw 0 , (7.3) 

in equation (7.1), where c0 is the speed of light and ∆ti is the propagation delay 
between the MS and BSi, gives us the time weighted centroid (TWC) method. 
TWC requires fewer calculations compared with TOA and does not need any 
special cases when the number of measured time-delays is less than three. With 
only one delay available, it automatically reverts to CID and when delays to two 
BSs are available, the position estimate will be somewhere along the line 
between the two BSs. However, TWC has the same disadvantage as PGWC 
when an MS is near the edge of the coverage area. 

7.2.3 Path-Gain Weighted Centroid + Timing Advance 

If the only available propagation delay is the timing advance value (∆t1), we can 
construct a hybrid method that we call path-gain weighted centroid + timing 
advance (PGWC+TA). Assuming that (x1, y1) is the coordinate of the serving BS, 
we first use PGWC to get an initial position estimate (x´, y´). We then calculate 
the estimated MS-BS1 direction angle θ 
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Finally, we use the TA value, ∆t1, as an estimate of the MS-BS1 absolute 
distance: 
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As long as the time measurement error is much smaller than the cell radius, this 
method should give higher accuracy than PGWC. However, when the time 
measurement error increases, the accuracy decreases and can get worse than for 
PGWC. The main advantage with PGWC+TA over TWC is that only one time 
measurement is required while TWC requires two or more time delays in order to 
beat CID. This time delay is the TA value, which is already measured in many 
cellular systems using a time-slot structure, e.g. GSM and UTRA TDD. 
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7.3 Models and Performance Measures 

The user distribution is uniform over the 12 by 12 Manhattan blocks except for a 
variable border µ, where no mobiles are placed. This variable border is used 
when evaluating edge effects on the accuracy of the positioning methods. MSs 
are placed in the center 12⋅(1 - 2µ) by 12⋅(1 - 2µ) blocks. For instance, µ = 0/12 
means that the whole area is populated while µ = 4/12 means that the center 4 by 
4 blocks are populated. Within the populated area, the uniform user distribution 
yields approximately 25 % outdoor users and 75 % indoor users. 

Our performance measure for position accuracy is the cumulative probability 
distribution function (CDF) of the absolute position error in meters. The path loss 
measurement error for a mobile is assumed to follow a normal distribution and 
have a standard deviation of 3 dB. In most cases, timing values are assumed to be 
accurate to within one half TD/CDMA chip [42], i.e. a uniform random time 
error of ± 130 ns. This corresponds to a maximum distance error of about ± 39 m. 
In some cases, we use a time error of ± 520 ns (± 2 chips). The latter corresponds 
to the resolution of the TA value in UTRA TDD [2]. Thus, the time errors are 
modeled as limited time. Time measurement errors due to, for instance, multipath 
delay spread are not modeled here. Another source of error in our studies is the 
signal paths in the Manhattan environment; the radio distance can be much larger 
than the Euclidean distance for NLOS signal paths. 

Unless otherwise noted, the maximum number of decodable beacons, Nmax, is set 
to six in our simulations. There is also an SNR limit, which means that beacons 
cannot be decoded and used if their SNR is too low. This mainly affects some of 
the indoor users. We assume that the locations of all the base stations are 
perfectly known through the use of, for instance, differential GPS. In the 
following results, the parameter α used in equation (7.2) is set to 4 unless 
otherwise stated. This gives better performance in the center of the area while a 
setting of α = 2 gives better performance near the border. 

7.4 Position Accuracy Results 

We start by evaluating PGWC for 0 and 8-dB standard deviation of path-gain 
measurement error. The measurement error is modeled as a Gaussian random 
number with zero mean. For comparison, the position errors for CID and UWC 
are also included. The result is shown in Figure 7.1 and we see that even with 8-
dB standard deviation of the measurement error, PGWC is superior to UWC and 
CID. Here, PGWC can manage FCC’s requirement of within 100 m 67 % of the 
time, and 300 m 95 % of the time.  



94 CHAPTER 7 · MOBILE POSITIONING AND ITS APPLICATIONS FOR RRM 

Our time based method TWC and the hybrid method PGWC+TA are compared 
against the TOA method in Figure 7.2. Time measurement error is modeled as a 
uniform random variable. The hypothetical TOA-Euclid performs best and TWC 
is second, followed by PGWC+TA and TOA. The main advantage of TWC is 
that the tail of its error distribution is very short compared with PGWC+TA and 
TOA. The next result is Figure 7.3, which shows what happens if the time error 
is four times larger. We see that the position error of TOA-Euclid has increased 
dramatically and now performs similar to PGWC+TA. The best method here is 
TWC. The results show that our proposed methods are less sensitive to 
measurement errors than the TOA and TOA-Euclid methods.  

We have also studied the edge effects for some of our methods. As stated earlier, 
PGWC (and TWC) should have poor accuracy close to the edge of the simulation 
area. We have performed a set of simulations in order to test this assumption. As 
mentioned earlier, the parameter µ can be seen as the size of a border where there 
are no MSs. The results in Figure 7.4 are for the case where the border is zero, 
i.e. results over the whole area. Comparisons with the previous figures show that 
the position error is larger when the users near the border are included. As 
expected, TWC and PGWC suffer more from this than TOA. Now, TOA and 
TWC perform almost equally, which means that TWC is better near the center of 
the area and TOA is better near the border. This means that a hybrid TOA/TWC 
could give even better performance. Such a scheme could work as follows: 

1. Use TOA to find a first position estimate. 
2. If the MS is surrounded by BSs on all sides (according to the TOA estimate), 

it is not at the border. Use TWC to find the new estimate. Stop. 
3. Otherwise, it is at the border of the coverage area. Use the TOA estimate. 
 
Evaluation of the above hybrid scheme is an item for future study and not 
included in this thesis. Another possibility to enhance position accuracy, which 
we try in some of our studies is to take the average position from two different 
positioning methods, e.g. the average position of TOA and TWC would be 
denoted as “mean(TOA, TWC)”. In some cases, such combinations works very 
well. Filtering of a series of measurement values is another technique that can 
improve the position accuracy when measurement errors is the main problem. 
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Figure 7.1. Position error for PGWC (0 and 8-dB error), UWC, and CID methods. 
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Figure 7.2. Position error for time-based methods when time error is ±130ns. 
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Figure 7.3. Position error for time-based methods when time error is ±520 ns. 
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Figure 7.4. Position error for time-based methods when border effects are included. 
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7.5 Position Assisted RRM 

We will investigate if location information can be used to improve a PCS, as has 
been claimed earlier in the literature [10], [52], [57]. Examples of possible uses 
are for system design, handover decisions, filling gaps in the gain matrix, channel 
selection, etc. In most cases, this will require a high accuracy in the position 
estimates but at the same time, the positioning algorithm must not be too 
complex and time consuming. 

7.5.1 Position Usage for Hotspot Detection 

Mobile positioning can be used to find hotspots in user distribution. In [29], the 
mobiles were located by comparing measured field strengths with predicted field 
strengths from a radio-network planning tool. The traffic distribution was found 
by counting the number of mobiles at each position on a grid. With knowledge 
about the traffic distribution, an operator can more efficiently control and 
prioritize radio resources or even add new BSs. For instance, in a building where 
there are often a large number of users, it is more efficient to add an indoor 
picocell instead of covering the building from outside microcells. Placing a low-
power BS close to the users will reduce the total interference and increase the 
system capacity. With help of mobile positioning, this task becomes easier. There 
is probably no need to have the traffic distribution for the whole coverage area; 
having the locations of any existing hotspots might be enough. Here we propose 
a simple algorithm that gives the location of the hotspots: 

1. Estimate positions of all MSs in an area. 
2. Calculate distances between all possible MS pairs. 
3. For each MS, calculate the number of neighbors within a radius Rhs. 
4. If any MS has Khs times more neighbors than the average, a hotspot is found. 
5. If a hotspot is found, the center of the hotspot is set to the position of the MS 

with the largest number of neighbors. 
 
The only parameters to tune are the hotspot radius Rhs and the detection threshold 
Khs. If we for instance want to find a place to install a picocell, Rhs could be 
chosen as the picocell’s coverage radius. The detection threshold depends on 
how much higher user density we need to call an area a hotspot. To find more 
hotspots, exclude all members of the current hotspot and repeat the algorithm 
from step 3 but do not recalculate the average number of neighbors within Rhs. If 
the number of users is large, it is probably more computationally efficient to use 
the grid-based approach from [29]. 
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In Figure 7.5, we see an example of a scenario with a user-density hotspot in the 
middle building block. The hotspot is located both with the true MS positions, 
and with three different position estimation methods. In Figure 7.6, we compare 
the accuracy of the different methods over 20 trials. For each trial, a square 100 
by 100 m hotspot is placed on a random position within the 200 by 200 m 
building block. TOA, which normally is one of the best methods regarding 
position accuracy, seems to have a large spread of the location errors here. When 
combined with PGWC, the spread is reduced but a slight eastward bias remains. 
The best method here seems to be PGWC+TA but all of the tested methods give 
quite good results. 

7.5.2 Position Usage in Channel Selection 

For channel selection, position information can be used in different ways: either 
directly as in reuse partitioning schemes [43] or indirectly based on speed or 
moving direction [57]. We will study the performance for two position-assisted 
channel selection schemes. 

7.5.2.1 Bunch Reuse Partitioning 
One type of channel selection algorithm where the mobile position can be used is 
the reuse partitioning (RP) scheme [43]. In this scheme, the allowed channels for 
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Figure 7.5. A hotspot scenario. 
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an MS depend on its position in the cell. An MS in the center of a cell can use 
channels from a pool with short reuse distance, while an MS near the cell border 
have to use channels from a pool with longer reuse distance. With normal near-
circular (hexagonal) cells, only the BS-MS distance (or path loss) is needed to 
partition the cells for this purpose but in other scenarios like our Manhattan 
scenario, both direction and distance might be needed in order to achieve a good 
reuse pattern. A simple example of an RP scheme for a rectangular layout with 
four cells can be found in the left half of Figure 7.7. The cells are surrounded by 
solid lines. Every cell consists of an inner and an outer zone, separated by a 
dashed line in the figure. In the outer zone, the cells either use channel set B or C 
as shown, i.e. a reuse factor of 2. This ensures that adjacent cells do not interfere 
with each other. In the inner zone, every cell can use channel set A, i.e. a reuse 
factor of 1. Optionally, the inner zone can borrow unused channels from the outer 
zone if set A is exhausted (shown within parentheses). 

Since our feasibility check already achieves a similar result for the cells within a 
bunch, we apply a variation of the RP scheme on the bunch level in order to 
control the inter-bunch interference. We call this scheme bunch reuse 
partitioning (BRP). The idea is to try to avoid that MSs on the border between 
neighboring bunches use the same channels. Within a bunch, we can use our 
normal channel search methods (random, ordered etc.). The main principle is 
shown in the right part of Figure 7.7 where the mirrored letters mean that these 
sets are searched in the reverse order compared with sets denoted with normal 
letters. Within the inner zone of a bunch, BRP works exactly as the preferred 
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Figure 7.6. Relative hotspot location error. 
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scheme from section 5.1.3. The upper left and lower right bunches (odd 
numbered) first try to search channel set D (their preferred set). If no feasible 
channel is found, set E is searched. Thus, all channels are available in the inner 
zone of a bunch. In the outer zones of the same bunches, only set D is searched. 
For the other two bunches (even numbered), the opposite holds; in the outer 
zones only set E is searched and in the inner zones the search order is E first and 
then D. In other words, neighboring bunches use different channel sets on the 
borders. Further, when BRP is combined with ordered channel search within the 
bunches (BRP-Ord), the last channel tried in the inner zone of a bunch is the first 
channel tried in the outer zone of the neighbor bunches. This is because channel 
searches in the outer zones are performed in reverse order compared with in the 
inner zones (shown as mirrored letters in the figure). This should further lower 
the destructive inter-bunch interference. 

For the BRP scheme to work, we need a method to detect whether an MS is on 
the bunch border or not. This can be done by traditional positioning methods but 
the problem is that we do not know exactly which shape the border has. The 
border can be described as the area where neighboring bunches interfere with 
each other. We therefore propose the following simple bunch border detection 
scheme: 

Assume that the link gain from the serving RAU is gs and that the link gain from 
the strongest RAU that does not belong to the bunch is go. We calculate 
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Figure 7.7. Difference between channel set usage in a normal two-level RP scheme (left) 
and our Bunch-RP scheme (right) for a rectangular system layout. Mirrored letters mean 
that the corresponding channel sets are searched backwards. 
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which is the relative strength between the two RAU beacons, and if this quotient 
is smaller than a certain threshold, we say that the MS is on the bunch border: 
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where qT = 4 is suitable for the TD/CDMA mode thanks to the spreading. A 
larger threshold, e.g. 10-20, is needed for the TDMA. 

We evaluate the performance for the BRP scheme and compare it against the best 
multiple-bunch scheme from Chapter 5, preferred-random (P-Rand). The result 
is shown in Figure 7.8 where we see that BRP-Ord gives approximately 10 % 
higher capacity than P-Rand while BRP-Rand gives the same capacity as P-
Rand, i.e. no improvement. The fading correlation model “SFcorr=exp” is used 
here, which explains why the result for P-Rand is somewhat better than in 
Chapter 5. If we look at the SIR distribution shown in Figure 7.9 for a load of 
0.6, we see that with P-Rand, 1 % of the users have a SIR level below 6 dB, 
while with BRP-Rand and BRP-Ord the 1 % of users have SIR below 8 and 9 dB 
respectively. The higher SIR values for BRP compared with P-Rand, shows that 
the BRP scheme actually reduces the inter-bunch interference. Since BRP-Ord 
does not give higher capacity than P-Rand, this must mean that the blocking 
(lack of channels) is increased as much as the outage (bad channel quality) is 
reduced. The users at the border can only use half of the total number of 
channels, which means that if the border increases, blocking will also increase. It 
is possible that fine-tuning of the border threshold parameter in (7.7) could give a 
slight performance increase for both BRP-Rand and BRP-Ord. Finally, a possible 
disadvantage with BRP-Ord is that it will be less robust to aging of the 
allocations compared with BRP-Rand, since ordered channel search makes the 
interference less uniform over the different channels. 
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Figure 7.8. The bunch reuse-partitioning (BRP) scheme is compared with preferred-
random (P-Rand) from Chapter 5 when four bunches cover the service area. Path- and 
location-dependent shadow fading model is used. 
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Figure 7.9. CDF of SIR for P-Rand, BRP-Rand, and BRP-Ord. 



7.5 POSITION ASSISTED RRM 103  

7.5.2.2 Moving-Direction Channel Allocation 
In [57], the moving direction (MD) strategy was proposed for one-dimensional 
microcellular systems. The basic idea is that channels should be assigned 
according to the moving direction of the MS. If the MSs travel with 
approximately the same speed, the distance between locations where a certain 
channel is used will not change much over time. Thus, we expect resource 
allocations to be valid longer. According to the results in [57], the number of 
forced call-terminations and channel changes are reduced. It is stated that the 
scheme should also be efficient for a two-dimensional system as long as MSs do 
not change direction during a call but unfortunately, no information is given 
regarding how to generalize the idea to work in two dimensions.  

In our implementation of the MD scheme, we divide the MSs in four groups 
depending on their traveling direction: east, north, west, and south. Each group 
has a preferred non-overlapping set of channels; the first group prefers the first 
quarter of the total number of channels and so on. Channels are picked randomly 
from the preferred set. If there are no feasible channels in the preferred set, 
another is tried in order to avoid trunking loss. In Figure 7.10, we see that the 
MD scheme performs worse than random and least-interfered channel selection 
when the allocation is aged 5 seconds. The users are pedestrians, which means 
that they move about 5 meters during this time. For such short movements, 
fading is the dominating cause for path gain changes. This means that moving 
direction is not very useful here. Instead of prolonging the allocation lifetime, it 
shortens it, since channel usage is not as uniform as with the other channel 
selection methods. In a scenario with less shadow fading it might work better. 

7.5.3 Position Usage in Handover Decisions 

For handover decisions, position information can be used both to reduce the 
number of unnecessary handovers and indirectly, via speed estimation, to decide 
in which layer to put an MS in a hierarchical cellular system. We will investigate 
possible advantages of such usage of the position information. 

7.5.3.1 Using the Nearest Instead of the Strongest RAU 
By assigning MSs to the nearest RAU instead of the strongest one, it is possible 
to reduce the amount of unnecessary handovers. To see how this affects the 
performance, we performed a study where MSs get assigned to the nearest RAU 
if its signal strength is within the margin HOmarg from the strongest RAU, and 
assigned to the strongest RAU otherwise. The results in Figure 7.11 show that the 
margin cannot be much larger than 3 dB before the performance starts to drop.  
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Figure 7.10. Performance comparison between random, least-interfered (LII), and 
moving-direction (MD) channel selection when the allocation is aged 5 seconds. 
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Figure 7.11. Performance when selecting the nearest RAU if the signal strength is within a 
margin HOmarg from the strongest RAU, and selecting the strongest RAU otherwise. 
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The fact that the performance is so sensitive regarding the choice of RAU means 
that it would be difficult to reduce the unnecessary handovers. Any scheme 
deviating from choosing the strongest RAU will probably be inferior. 

7.5.3.2 Using Speed Estimates for Interlayer Handover 
Fast moving vehicles would generate too many handovers in a dense 
microcellular system as the one studied in this thesis. It is common to try to 
assign fast vehicles to the macrocell layer instead of the microcell layer [59]. 
This requires some means to detect the MS velocity; known methods in the 
literature include counting the number of branch switches in a selection diversity 
system, measuring the time spent in a microcell, and measuring the Doppler shift. 
Here we will try to find the speed by using our position estimates. We start by 
estimating the MS position at time t0. This estimate is ( )00 , yx ′′ . At time t1 = t0+∆t, 
the new estimate is ( )11 , yx ′′ . The speed estimate thus becomes 

 ( ) ( )2
01

2
01

1 yyxx
t

v ′−′+′−′
∆

=′  (7.8) 

Due to the measurement errors, this simple speed estimate is quite inaccurate. 
Better estimates of both position and velocity are possible using more than two 
position estimates and advanced filtering techniques, e.g. Kalman filtering [46], 
but this is beyond the scope of our study. Fortunately, the exact speed is not so 
important. In our case, it would be enough to determine if an MS is slow 
(pedestrian) or fast (vehicular). To study the performance for such a 
classification, we have a scenario with 50 % pedestrian and 50 % vehicular users. 
The pedestrian speed is on average 3 km/h with a standard deviation of 0.3 km/h 
while the vehicular speed is 50 km/h with a standard deviation of 5 km/h (normal 
distribution). The estimate from (7.8) is then used together with a speed threshold 
vt as follows: If v´ < vt, the MS is pedestrian, otherwise the MS is vehicular. The 
speed threshold is chosen as the arithmetic mean of the pedestrian and vehicular 
speeds, i.e. ( ) hkmvt /262/503 ≈+= . The results of this classification can be 
seen in Figure 7.12 and Figure 7.13 where the decision error probability is shown 
as a function of ∆t, the time difference between the two position estimates. If the 
time measurement error is within 130 ns, the average of the TOA and TWC 
positions, mean(TOA,TWC) is almost as good as the hypothetical TOA-Euclid 
scheme. MSs can be classified with 10 % error using only two measurements, 
separated in time by about 8 s and with 5 % error after 12 s. When the time 
measurement errors increase to 520 ns, mean(TOA,TWC)  and TWC are the best 
ones. They seem to be much more robust to measurement errors than the other 
methods.  
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Figure 7.12. MS speed classification with 130 ns measurement error. 
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Figure 7.13. MS speed classification with 520 ns measurement error. 
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7.6 Summary 

We have proposed and studied three simple methods to position mobile stations 
using measurements normally available for RRM functions. The proposed 
methods have small position errors compared with existing methods. Further, the 
computational complexity is very low, which makes it feasible to let the network 
perform the position calculations instead of the mobile terminals. This means that 
the positioning methods can be used to find the location of existing mobile 
terminals. If the MS does the calculations, new or upgraded terminals will be 
necessary in existing wireless systems. 

Position information can be useful for several purposes in wireless system 
management. Possible areas include but are not limited to system planning, 
channel selection, and handover. Regarding system planning, we have showed 
that position information can be used to find hotspots in the user distribution over 
the area. This could be important for an operator planning to install indoor 
picocells in areas with many active users. Position information could also be used 
to classify MS speed, which is important in hierarchical cellular systems in order 
to assign MSs to the correct layer: fast moving vehicles usually go to the 
macrocell layer and slowly moving vehicles go to the microcell layer. 

The moving direction (MD) channel selection scheme should be able to reduce 
the number of call droppings and channel changes but it did not work well in the 
studied scenario and actually performed worse than our standard algorithms, 
including random channel selection. The bunch reuse-partitioning scheme 
utilizes a form of position information in channel selection in order to improve 
the performance for multiple bunches covering an area. When combined with 
ordered channel search, 10 % capacity improvement was found for a scenario 
with four bunches covering the service area. 
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Chapter 8  

Complexity Issues 

Centralized RRM schemes show potential for very good performance. Our 
implementation of the bunch concept is an evidence of that. The biggest 
obstacles to reach that performance are the high amount of measurements and 
signaling and the high computational complexity traditionally associated with 
centralized schemes. This makes it difficult to centralize systems with many 
users and base stations. The bunch concept can be a remedy here since it is only 
centralized in a local area. We will study the complexity issues in order to see if 
it is realistic to implement our ideas. 

8.1 Computational Complexity 

The computational complexity in a centralized DCA system can be rather high. 
For instance, solving the feasibility check equation for M cochannel users 
requires )( 3MO  floating point operations (flops) if Gaussian Elimination (GE) is 
used. That means that a tenfold increase in the number of cochannel users needs 
a thousand times increase of computing power. Even if the development of 
computer speeds continues with the current pace (double speed every 18-24 
months), the number of users that can be handled within a centralized system will 
always be a limited. In order to keep the complexity down, a large area can be 
covered by several small bunches instead of one large. Still, we would like to be 
able to make bunches large in order to get high capacity. In [17], we therefore 
proposed an iterative method to solve the feasibility check equation. This method 
typically converges fast and needs )( 2MO  flops. In some rare cases, it can detect 
non-feasibility with only )(MO  flops. We also present a simplified version of 
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the iterative algorithm. It uses only one row and one column of the gain matrix 
when performing a feasibility check, resulting in a complexity of )(MO . 

8.1.1 Gaussian Elimination versus Iterative Feasibility Check Solution 

The iterative scheme presented in section 4.3 performs as good as GE when there 
is no minimum power requirement and better than the GE otherwise. In Figure 
8.1 we se the difference in computational complexity between GE and our 
iterative algorithm for a TDMA system. The number of floating point operations 
(flops) is counted in the simulation program. GE needs on average 9⋅103 flops per 
mobile to allocate from an empty system up to a load of 0.5 while the iterative 
algorithm does the same job with only 3⋅103 flops i.e. a factor three reduction. In 
our earlier studies [18], the complexity of GE was too high due to a programming 
mistake. However, GE is still not practical since it cannot handle the case when 
Pmin > 0. This could of course be solved by linear programming techniques (e.g. 
the Simplex Method) but they generally require more computations than GE. It is 
possible to further reduce the computational complexity somewhat by using more 
decentralized algorithms but this will lead to reduced capacity. 

The worst case regarding computational complexity is if allocations only last one 
TDMA frame. For the system studied here (64 RUs, 72 RAUs, 100 frames per 
second) this would mean 64⋅72⋅100 or approximately half a million RU requests 
per second for ϖc = 1. Dealing with a load of 0.5 would in this extreme case need 
3⋅103⋅0.5⋅0.46⋅106 flop/s (0.7 Gflop/s) which is, at least theoretically, achievable 
today (2002) with a single microprocessor. 

The arithmetic involved in the RRM calculations are mainly matrix-vector 
operations, more specifically an M×M-matrix multiplied with an M-vector, which 
means )( 2MO  operations on MM +2  floating-point numbers. This task is 
easily parallelized, i.e. it can be divided into several small subtasks that can be 
solved by simple microprocessors. For a TDMA system, M is never greater than 
the number of RAUs. Therefore, we could give M microprocessors one row each 
of the matrix and then let each processor perform a scalar product between the 
vector and their matrix row. In this way, each of the 72 processors would only 
have to manage 10 Mflops/s (6.9⋅109 / 72). Today’s microprocessors used in 
personal computers can handle far more than that, which allows us to use cheaper 
processors, fewer processors, or use the spare capacity for other purposes. 

When using the hybrid TDMA/CDMA mode (TD/CDMA) instead of TDMA, 
complexity gets much higher as shown in Figure 8.2 since the number of possible 
cochannel users increases by the number of used codes in a time slot. 
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Figure 8.1. Computational complexity comparison between Gaussian Elimination and 
iterative solution of the feasibility check (FC) algorithm for a TDMA system with 64 RUs. 

 

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9
103

104

105

106

107

108

Fl
op

s 
pe

r R
U

TD/CDMA,Rand BDCA,PCdr=50dB,

ϖc

Gaussian Elim FC
 Iterative FC

 

Figure 8.2. Computational complexity comparison between GE and the iterative algorithm 
for the TD/CDMA system. 
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The higher number of cochannel users in TD/CDMA compared with TDMA 
means that a system allowing 8 users in one slot will have 82 = 64 times higher 
computational complexity than a corresponding TDMA system with an equal 
amount of RUs. On the other hand, there will be fewer resources to try for 
feasibility since all RUs on the same time slot can be considered equally 
interfered. The results for the TD/CDMA mode are shown in Figure 8.2. 
Anyway, for the same load as in our previous example, we would need 30 
Gflop/s, which is far too much for a single microprocessor today. Although it is 
quite unlikely that all allocations will last only one frame, it is clear that we have 
to find some way to reduce the computational complexity further. The bunch size 
is probably more limited for a TD/CDMA system than for a pure TDMA system. 

8.1.2 Sparse Matrix Calculations 

The next step in order to reduce the complexity is to utilize the fact that not all 
beacons can be measured in a large bunch. This means that the signaling 
complexity will be reduced since there are fewer measurement reports to transmit 
and the larger the bunch, the sparser the gain matrix. It would thus be possible to 
do sparse matrix calculations to reduce the computational complexity. For our 
iterative feasibility check algorithm, equation (4.1) is consuming the majority of 
flops. If G were sparse, we could severely reduce the number of multiplications 
and additions needed there. In Figure 8.3, we see the results of such an attempt. 
The upper curve is for full matrix calculations. There is no limit on the number of 
reachable beacons other than the beacon SNR, which must exceed 0 dB. The 
0-dB limit means in this case that, on average, 11 beacons are reachable 
throughout the bunch. The middle curve is for the same case but with sparse 
matrix calculations enabled. Finally, the lower curve shows the complexity when 
only the four strongest beacons can be reached and sparse matrix calculations are 
used. It should be noted that the assignment failure rate is slightly higher for the 
4-beacon case than for the other cases. 

8.1.3 Bunch Splitting 

Another way to reduce the complexity is to split large bunches in several smaller 
ones. This will of course reduce the capacity since there will be more borders 
where the interference is hard to control. Some performance figures regarding 
this can be found in Chapter 5. Figure 8.4 shows the computational complexity 
for different number of bunches covering the service area. This comparison is not 
completely fair since the larger bunches perform better (lower νu) at a given load 
than the smaller ones, at least before the measurement based power control has 
converged. Still, it gives a rough estimate of the achievable complexity. 
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Figure 8.3. Computational complexity of non-sparse and sparse calculations for our 
TD/CDMA system. 
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Figure 8.4. Computational complexity for 1, 9, and 72 bunches covering the area. Both 
sparse and non-sparse calculations are used and max 4 beacons can be received. 
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Anyway, we see that the gain from sparse matrices diminishes as bunches get 
smaller. The reason that we still have a gain, albeit small, for the 72-bunch case 
(one RAU per bunch) is that the calculations in the simulation program are not 
optimized for the special case of perfectly orthogonal intracell codes. TD/CDMA 
gives us up to eight co-timeslot users in a cell but with zero cross-correlation 
between codes. Thus, only the elements on the main diagonal will be non-zero, 
which could be exploited even without sparse matrix calculations. 

8.1.4 Simplified Feasibility Check 

One way of simplifying the feasibility check calculation for a new user (number 
M) is to use only row M and column M in the gain matrix. First, we calculate the 
interference I = (Ii) that cochannel user i would receive from our base with help 
of one column of G, and the interference that we would receive from the others 
with help of one row of G, 
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SIR for mobile i is now given by 

 .
ii

iii
i NI

gp
+

=γ  (8.2) 

We then iterate in the same way as in section 4.3 to find the power levels and to 
check for feasibility. The only difference is that γi is updated according to 
equation (8.2) instead of (4.1). Finally, if the new user is accepted, we add Ii to 
the stored receiver noise Ni for all the mobiles. A disadvantage with this method 
is that we have to change the noise values after a while when the mobiles move 
and when transmissions stop. One way of doing this is to update the noise values 
based on measurements. The noise values could then be updated for instance as 

 iii
NN ηµµ ⋅−+⋅= −+ )1( , (8.3) 

where µ is a tunable filter parameter and ηi is the interference. The interference is 
estimated from the measured SIR and signal strength of the serving cell. A 
disadvantage with the approach of storing the interference values as noise is that 
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the system cannot react as quickly as with the standard feasibility check to 
changes in the interference caused by, for instance, short bursty traffic sessions. 

The initial capacity of the simplified feasibility check is reduced when compared 
with our reference (single bunch with ideal measurements), but the complexity of 
one allocation is linear in the number of cochannel mobiles, i.e. )(MO . Figure 
8.5 shows that we get a capacity of 0.7 at the 2 % level when channels are sorted 
according to least-interfered. This is about 82 % of our best performing single-
bunch system. Figure 8.6 shows the computational complexity, which is now on 
the same level as the TDMA system in Figure 8.1. With sparse calculations, 
SBDCA has approximately the same computational complexity as the 9-bunch 
system shown in Figure 8.4. The advantage with SBDCA is that it performs 
better than bunch splitting. 

The simplified algorithm can be viewed as a subset of our normal feasibility 
check. It would be possible for the central unit to mix the simplified and the 
normal feasibility check. For instance, if there are several requests with early 
deadlines, we could use the simplified version to be able to perform a quick 
allocation. Later we could switch back to the normal version to pack the 
spectrum better. 

8.2 Impact of Reallocation Frequency 

When users move, the path loss from the BSs to the mobiles will change. If the 
change is big enough, the allocation might become invalid; Even with frequent 
power control updates, we will come to a point in time when it is no longer 
possible to maintain the quality for the mobile users. When the serving RAU for 
an MS is more than approximately 6 dB weaker than the strongest RAU for the 
same MS, performance starts to deteriorate. The only viable solution to this 
problem is to reallocate some or all of the mobiles. How often this has to be done 
depends on several factors such as mobile speed, gain margins, rate-of-change 
for the shadow fading, etc. These reallocations will need on-air signaling 
between the BSs and MSs. If this signaling steals too much of the capacity 
available for traffic, nothing is gained by using advanced RRM schemes such as 
the bunch concept. In order to verify how much signaling that is actually 
required, we must first try to estimate the reallocation period. 



116 CHAPTER 8 · COMPLEXITY ISSUES 

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9
10-3

10-2

10-1

100
TD/CDMA,FCmargin=2dB,zero

ϖc

νu

Rand SBDCA,beacons=4,sparse
LTI SBDCA,beacons=4,sparse
LTI SBDCA,beacons=Inf

 

Figure 8.5. Simplified bunch DCA (SBDCA) performance. 
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Figure 8.6. Simplified Bunch DCA (SBDCA) complexity 
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We study the performance of aged allocation by first allocating all users, moving 
the mobiles for Tage seconds while updating the power control, and then 
measuring the performance. To start with, we look at the pessimistic case when 
we use the fading model with the least correlation, “SFcorr=non”. This model has 
no inter-BS correlation and the decorrelation distance of approximately 5 m 
stems from the interpolation used to find fading values between grid points. The 
result is shown in Figure 8.7 where we see that performance starts to degrade 
when the allocation is older than 0.5 s, i.e. when the pedestrians have moved on 
average about 0.8 m. These results are probably too pessimistic due to the lack of 
inter-BS correlation in the tested model. If we instead use the purely location-
dependent correlation model, “SFcorr=loc” (decorrelation distance of 10 meters, 
100 % inter-BS correlation) we see in Figure 8.8 that we can allow ten times 
longer aging of the allocations. This shows that the choice of correlation model 
has a big influence on the results. These two models are probably extreme; a 
realistic result should be somewhere in between. The disadvantage with this 
fading model is that it does not take into account signal-path dependent fading. In 
a Manhattan environment, the signal path between BS and MS can change 
drastically when the MS moves only a short distance. This change of signal path 
will also change the fading, effectively decreasing the correlation. Therefore, the 
location-dependent correlation model will give a too optimistic result. 

In reality, the result aging allocations should probably be somewhere between the 
results for the previous two models. To verify this, we perform the same study 
with our proposed correlation model, “SFcorr=exp”, where the fading consists of 
both a location-dependent and a path-dependent part. In Figure 8.9, we see that 
this allows an allocation aging time between 1 and 2 s. As expected, this number 
falls between the two previous ones. We also study how the channel selection 
algorithm affects the sensitivity to aging. The result of using least-interfered 
channel selection is shown in Figure 8.9 where we see that the performances for 
the longer aging times are dramatically improved compared with random channel 
selection. As usual, least-interfered channel selection makes the system more 
robust. 

It should be noted that with fast moving vehicles, the allowed allocation aging 
would be at least an order of magnitude lower than the ones found here. While 
such frequent reallocations might be possible regarding the computational 
complexity, they will probably need too much signaling to be worth the effort. 
There is a huge risk that the increased amount of signaling will be larger than the 
capacity gain from using the bunch concept. However, the problem with fast 
moving vehicles is not unique to the bunch concept and one solution is to assign 
the fast vehicles to macrocells instead of the Manhattan microcells. 
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Figure 8.7. Performance of aged allocation with the “SFcorr=non” shadow fading model 
(5-m decorrelation distance, no inter-BS correlation) and random channel selection. 
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Figure 8.8. Performance of aged allocation with the “SFcorr=loc” shadow fading model 
(10-m decorrelation distance, 100 % inter-BS correlation) and random channel selection. 
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Figure 8.9. Performance of aged allocation with the “SFcorr=exp” shadow fading model 
(varying decorrelation distance and inter-BS correlation) and random channel selection. 
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Figure 8.10. Performance of aged allocation with the “SFcorr=exp” shadow fading model 
(varying decorrelation distance and inter-BS correlation) and least-interfered channel 
selection. 
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8.3 Measurement and Signaling 

The most expensive signaling in the bunch is the on-air signaling, i.e. the 
signaling between a mobile and its RAU, since this steals valuable radio 
resources. Information transmitted between the RAUs and the CU is almost 
"free" and instantaneous since they are connected with high-speed links. The 
most important items to signal are the Power Up/Down commands for the power 
control and the signal strengths together with the IDs from the RAUs in the 
bunch. The actual amount of information to transmit depends on several factors 
such as the averaging intervals and the required precision (resolution). Table 8.1 
shows some of the uplink signals and MS measurements that are needed. The 
given numbers should merely be seen as examples since they should be 
adjustable by the system operator. For a description of multiframes, frames, and 
bursts, see section 3.1.1 

As can be seen, we have different update rates for the beacon measurements from 
the RAUs close to the mobile compared to the more distant ones. This saves a lot 
of signaling in large bunches and will only marginally affect the performance 
since the signals from the more distant RAUs are weak and do not change much 
when the mobile moves within a cell. Many of the link gains will not even be 
possible to measure since their received beacon signals will be far below the 
receiver noise floor. By measuring some of the link gain values in the uplink, we 
could reduce the signaling even more. This is possible since the system is 
operating in TDD mode, which means that the up- and downlink gains are 
essentially the same. 

Since time slot 0 will probably be dedicated to beacons in UTRA TDD, control 
channels will already use up more than 6 % of the available resources, 
independent of the RRM concept. The beacons needed for gain matrix 
measurements in the bunch concept are the same as those needed for handover 
measurements in any system. The main difference is that the mobile terminals in 
a bunch need to report the measurement values on a regular basis, instead of 
occasionally on demand, as is the case with handover measurements in a 
traditional system. The choice between fast and slow power control is based on 
mobile speed etc. Equation (3.17) states, for instance, that the theoretical time 
between two fading notches is 90 ms (nine frames) for pedestrians and 5.7 ms 
(less than one frame) for vehicles moving at 50 km/h. Therefore, fast power 
control will be used for pedestrians in order to track the multipath fading. For 
cars and other fast moving vehicles, we have to use slow power control based on 
average SIR, since not even the fast power control is fast enough. 
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8.3.1 Estimate of Gain Signaling Overhead 

In order to estimate the overhead imposed by gain signaling, we assume that each 
mobile can measure signal strength on up to eight RAUs simultaneously. We 
denote this as the measurement set, SM. The size of the set is denoted LSM. As was 
shown in Chapter 6, four beacons (LSM = 4) were sufficient in the Manhattan 
outdoor environment but more beacons might be necessary in other 
environments, e.g. indoors. 

It is highly likely that SM does not change very often, although the relative 
strengths of the members in SM may vary over several orders of magnitude. A 

Quantity Purpose Measurement 
Interval 

Signaling 
Interval 

Beacon SS and ID 
from serving RAU 

Intra-bunch RRM 
(link gain matrix) 

Every BCCH  
(DL) / Traffic 
burst (UL+DL) 

Tbcs = 240 ms 
(1 multiframe)

Beacon SS and ID 
from neighbor RAUs 

Intra-bunch RRM 
(link gain matrix) 

Every BCCH Tbcn = 480 ms 
 

Beacon SS and ID 
from other RAUs 

Intra-bunch RRM 
(link gain matrix), 
Inter-bunch RRM 

When possible Low rate 
(e.g. when 
changing cell) 

Beacon SS and ID 
from cells in other 
bunches 

Inter-bunch handover Low rate / on 
request 

Low rate / on 
request 

SS on some slots not 
used by the MS 

Assist inter-bunch 
RRM (estimate 
interference) 

Low rate / on 
request 

Low rate / on 
request 

SIR PC Every traffic 
burst intended 
for the MS 

On request 
(if slow PC is 
used) 

Power Up/Down 
command 

Fast PC (Not measured – 
based on SIR) 

Tfpc = 10 ms 
(frame) 

BLER Adjust SIR target Interleaving 
period 

Averaged over 
y multiframes 

BER Adjust SIR target Interleaving 
period 

Averaged over 
z multiframes 

Table 8.1. MS measurement and uplink signaling parameters. BCCH = Broadcast Control 
Channel, SS = Signal Strength, ID = Identity, BLER=Block Erasure Rate, BER=Bit Error 
Rate. 
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large change in SM is most likely to happen when the MS approaches a street 
corner. For a pedestrian, this will happen in intervals of a few minutes and for 
cars (50 km/h) the interval will be on the order of ten seconds. The relatively 
constant nature of SM allows us to reduce the number of bits needed for RAU 
identity. We could for instance give shorthand aliases to the set members, e.g. 0-
7, and encode the identity with three bits per RAU, bRAU  = 3. When the set 
changes, new shorthand numbers are assigned. To see if our assumption about SM 
is valid, we performed a simulation where a pedestrian moved from the center of 
its cell to the cell border, a distance of 460 meters. The MS position and beacon 
signal strengths were updated every 0.24 s and we found that on average 0.44 set 
members were exchanged at every update. Only in about 2.5 % of the updates, 
more than one set member was exchanged compared with the previous update. 

Each gain value could be encoded either with the full value, which is rather 
resource consuming or with a differential method where only the change from 
the previous measurement is transmitted. Quantization steps could be on the 
order of one dB, depending on measurement accuracy. The interesting range of 
gain values is probably less than 80 dB (estimated from the noise floor, beacon 
transmit power of 30 dBm and Figure 3.4). Using bg bits to encode the gain 
values gives us an information amount of LSM⋅(bRAU + bg) bits to transmit every 
Tbcn time period (see Table 8.1). A traffic burst in UTRA TDD can carry up to 
138 information symbols which corresponds to the same number of bits when 
using QPSK (2 bits/symbol) and channel code rate, Rc = 0.5. If LS takes its 
maximum value of eight, and seven bits are used to represent each gain value 
then 80 bits are needed. Alternatively, we might use differential coding, with 4-5 
bits, to reduce the number of information bits to 56-64. The rest of the burst 
capacity can be used for other purposes. 

If each MS needs one uplink burst per multiframe to transmit the gain values, this 
corresponds to a resource usage of 1/(8 codes x 15 slots x 24 frames) or 3.5⋅10-4. 
This means, for instance, that in a cell with a single carrier and 100 active users, 
3.5 % of the total capacity is needed for gain signaling. Since it is normally 
sufficient with half a burst for the gain reports, they could be piggybacked to 
normal uplink traffic bursts. It should be mentioned that these figures are rather 
rough estimates. In many cases, the MSs will not be able to reach as many as 
eight beacons and thus there will be less information to transmit. Further, the 
overhead is dependent on the number of active users and will thus be reduced 
when there are high bit-rate sessions involving only a few users. In most cases, 
the overhead due to the gain signaling will probably be lower than 2 %. This can 
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be compared with the already existing 7 % overhead for the downlink control 
channels (slot 0) in UTRA-TDD. 

8.3.2 Estimate of Reallocation Signaling Overhead 

A disadvantage with high-capacity systems reusing the same channels in almost 
every cell is that the allocation lifetime is considerably shorter compared with 
simple FCA schemes. Even small movements of the MSs can, due to fading, 
result in large increases in interference. If the interference changes too much, the 
power control might not be able to maintain the required signal quality, and thus 
a reallocation is necessary. The actual lifetime of an allocation depends on 
several factors such as radio environment, RRM strategies, and MS speed. For 
bursty packet traffic, this is not a big problem since the traffic bursts are often 
shorter than the allocation lifetime but for circuit switched traffic, e.g. voice and 
streaming audio/video, reallocations mean an increased signaling overhead. If 
this signaling overhead steals all of the capacity gained by using advanced RRM, 
we could as well go back to FCA since no capacity is gained. 

When the CU wants to change the radio resource allocations, it must signal the 
changes to the MSs. This is normally done on a dedicated control channel for 
each MS. In order to change an allocation, we have to signal at least the new 
RAU, RU, power level, and transmission mode to the MS. 

As mentioned in the previous section, the new RAU should already be in the 
measurement set and its identity can be represented with bRAU = 3 bits. The RU is 
a frequency, slot, and code combination. Assuming a maximum of 16 
frequencies, 15 time slots and 16 codes for TD/CDMA, we need bRU = 12 bits (4 
+ 4 + 4) to identify an RU. An additional bit is needed to specify if an RU should 
be used for uplink or downlink (bdir = 1). The power control dynamic ranges in 
UTRA TDD are 30 and 80 dB for the downlink and uplink respectively. With a 
step size of 1 dB, we thus need bPC = 7 bits to set a new power level. Further, the 
transmission mode could contain choice of channel coding, modulation, burst 
type and possibly Timing Advance (TA). We estimate that bTM = 20 bits is 
enough for this purpose. The worst case regarding total amount of signaling is 
when all MSs have one RU each. Reallocating an MSs would then need at least 
brealloc = bRAU + bRU + bdir + bPC + bTM bits. With the assumptions above, brealloc = 
43 bits. In a cell with 100 active users, this amounts to 4300 information bits for 
the reallocation command message. With a channel coding rate of 0.5 and using 
QPSK modulation, we can transmit 138 information bits per traffic burst. Thus, 
the amount of signaling corresponds to 4300/138 = 32 traffic bursts. From 
section 8.2, we have that the allocation lifetime (reallocation period) is at least a 
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couple of seconds. Even if we reallocate all users every second (100 frames), the 
downlink signaling needed is only 32/(8 codes x 15 slots x 100 frames) or about 
0.3 % of the total capacity. In reality, the MSs would have to send an 
acknowledgement of the reallocation command but this could be done by 
piggybacking on the uplink channels. In the unlikely situation that no uplink 
traffic exists, RACH bursts could be used. 

8.4 Implementation Aspects 

Previously we have primarily considered a bunch to be a collection of cells, but 
in some cases, there are advantages with seeing the bunch as a single cell. If the 
bunch is a single cell, then all the RAUs in the bunch will transmit the same ID 
and thus the mobile cannot tell which RAU it is listening to. This means that we 
cannot create the gain matrix by letting the mobile measure on the beacons. The 
main advantage with the single cell approach is that we can implement an 
adaptive antenna selection (AAS) strategy [23],[51] where a mobile can perform 
handover between RAUs without actually noticing it. 

With AAS, the CU in the bunch can switch the mobile’s traffic transparently 
from one RAU to another if the used channels are available and feasible in the 
new RAU. If the channels are not available in the new RAU then we must of 
course reallocate the MS to some other channels. The AAS type of handover 
could be made very fast and safe since it does not rely on uplink signaling which 
means that the dropping probability will be low. Another advantage is that 
macro-diversity is easy to implement; we can both have several RAUs 
transmitting the same data and several RAUs receiving the data from one MS. 
The case with several RAUs transmitting is of course limited to pico- and 
microcells where the receiver's equalizer can resolve the different paths and 
combine them to one stronger signal. 

As stated earlier, the disadvantage with the single cell approach is that we can no 
longer measure the gain matrix in the downlink. The reason is that there is no 
way for the MS to identify which beacon belongs to a certain RAU. Therefore, 
we have to measure all the gain values in the uplink. This could be difficult to 
perform regularly if the MS does not have so much uplink traffic but all mobiles 
need at least some uplink control channel for quality measurements, 
acknowledgements, etc. Furthermore, we can estimate the gain for the serving 
link by measuring signal strength on the downlink traffic channels as long as 
macrodiversity is not used. Future studies will show if the advantages of the 
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single cell approach will outweigh the difficulties concerning the gain matrix 
measurements. 

One interesting possibility could be to implement a hybrid between our standard 
approach and AAS. A set of RUs could be reserved in every RAU throughout the 
whole bunch and used with the AAS approach while the rest of the RUs would 
be used with our standard approach. Fast vehicular users requiring frequent 
handovers could then be connected with AAS essentially creating a form of 
virtual macrocell within the bunch. The performance of such a scheme is an item 
for future study. 

8.5 Summary 

Large centralized systems have long been considered infeasible due to the 
computational and signaling complexity associated with such schemes. For 
instance, solving a feasibility equation for M cochannel users requires )( 3MO  
floating-point operations (flops) with traditional methods. This has to be repeated 
for every new allocation. Especially for CDMA schemes, where there can be 
many cochannel users, this is a big problem. In this chapter, we have shown that 
the computational complexity of a large bunch can be strongly reduced without 
loosing any significant capacity. The reduction is performed by utilizing sparse 
matrix calculations and our iterative feasibility check algorithm instead of 
Gaussian elimination. The iterative algorithm performs a feasibility check with 

)( 2MO  flops, which is a dramatic improvement. The sparse matrix calculations 
reduce M by ignoring the zero entries in the gain matrix resulting from 
insufficient gain measurements. 

We have also studied two methods to further reduce the complexity: bunch 
splitting and a simplified version of the feasibility check. The simplified 
feasibility check looks only at one row and one column in the gain matrix when 
an allocation is performed. Both methods reduce the complexity at the cost of 
reduced capacity before the power control has converged. The simplified FC 
seems very promising since it gives higher capacity than bunch splitting and has 
a complexity of only )(MO  for an allocation. However, the resource allocation 
code does not contain only floating-point operations; Memory transfers, sorting, 
and indexing operations are probably as frequent and with today’s 
microprocessors maybe more of a bottleneck than the floating-point operations. 
This means that it might be better to compare execution times on a common 
microprocessor instead of comparing the number of floating-point operations. 
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Still, the number of flops needed is useful since it can serve as a warning that a 
certain system is too complex. 

The signaling requirements have been discussed and we do not believe that they 
will be a large problem. Most of the measurements and signaling needed are 
similar to the ones in current second-generation mobile systems like GSM 
although the rates might differ. The impact of the link-gain signaling was studied 
and found to be about 2 % of the total system capacity while the reallocation 
signaling was found to be only about 0.3 %. The reallocation signaling is based 
on an estimate of the necessary reallocation period. Our studies show that the 
lifetime of an allocation depends heavily on the choice of shadow fading 
correlation model. We have therefore been conservative in this sense and 
assumed rather short reallocation periods. Anyway, the required signaling 
amount seems small and we believe that the high capacity gain achieved by using 
the bunch concept definitely justifies this signaling overhead. 
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Chapter 9  

Conclusions 

We have proposed and described the bunch concept, a novel concept for RRM in 
future wireless systems. We have also proposed and evaluated a basic set of 
algorithms with respect to capacity, robustness, and complexity. The results are 
promising and show that the performance is very good compared with 
conventional methods (e.g. FCA), although we have used quite simple 
algorithms. This validates our claim that the bunch is a promising concept for 
RRM in future personal communication systems. The studies have shown that 
high performance, high robustness, and moderate complexity can indeed be 
achieved but often, optimizing one of these properties means that one of the 
others will sacrifice. For instance, advanced algorithms to increase the capacity 
usually means increased complexity, both in terms of signaling and 
measurements. Furthermore, high resource utilization often means that 
reallocations have to be performed frequently. 
 

9.1 Discussion 

We believe that further optimization of the RRM algorithms will give even 
higher and more robust performance than what have been presented here. It is 
important to remember that there are other important issues than capacity; it must 
not be too complicated to implement the system, and performance must not 
degrade too much when measurements and signaling are subject to errors. 
Therefore, we have studied computational complexity, insufficient signaling and 
measurement errors. 

We have also studied MS positioning and its use for assisting radio resource 
management. Further, we have proposed and used a correlated shadow-fading 
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model and added studies of outdoor-to-indoor performance to complement the 
previous outdoor-only studies. A summary of the main contributions in the thesis 
follows: 

• Development of the bunch concept, which is a promising candidate for future 
wireless personal communication systems. Centralized dynamic RRM is used 
within a bunch for high capacity while interference averaging is used between 
bunches for decreased complexity. 

• A basic set of RRM algorithms is proposed for the bunch concept. 
Performances of the bunch algorithms are studied in a Manhattan-like 
microcellular environment and are shown very good when compared with 
conventional schemes like FCA. For single bunch systems with uniform user 
density, the performance is not far from the upper bound for interference-free 
systems. 

• We have analyzed the effects of limited gain measurements and measurement 
errors. We show that in the outdoor environment, only a few beacons (3-4) 
have to be measured upon frequently. For the rest of the gain values, we can 
use some kind of semistatic, filtered cell-to-cell value. Measurement errors 
and aged measurement values can be handled by increased SIR margins and 
filtered gain values. 

• We have analyzed the computational and signaling complexity for several 
algorithms and proposed how to reduce the complexity. The simplified 
BDCA seems promising regarding the computational complexity, especially 
when combined with sparse matrix calculations. Most of the signaling in the 
bunch concept is needed for any type of system, except for the frequent 
reports of measured link gains. The overhead imposed by the gain value 
signaling seems to be small (less than 2 %) when compared with the total 
amount of signaling (about 10 %). 

• We have shown that measurements normally used for RRM can be used to 
determine the MS position with a reasonable accuracy. The position 
information can be used for geographically differentiated call charges, 
position aware services (e.g. Yellow Pages), emergency location etc. 

• We have studied if and how mobile position information can improve RRM 
functions. In the studied scenario, position information is of limited use for 
this purpose. When using a form of Reuse Partitioning scheme on the bunch 
level, we get a capacity improvement of about 10 % for a multiple bunch 
scenario compared with the best inter-bunch schemes from Chapter 5. 

 
Performance for a single bunch covering a hotspot is not far from the upper 
bound for an interference free system as shown in Chapter 4. A decentralized 
system performs about as well as the bunch for low SIR targets when power 
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control has converged. There is no noticeable difference in performance between 
the different channel selection schemes studied for the single bunch case unless 
we raise the SIR target by several dB. The power control gives a capacity gain of 
150 % when going from 0-dB to 20-dB range but above 20 dB, there is no 
significant gain. The main reason for the high performance in the studied 
environment is the effective screening of non line-of-sight signals by the 
buildings. From an interference point of view, the Manhattan environment has 
many similarities with one-dimensional systems. This allows very high capacity, 
both for decentralized schemes and for our bunch. However, the bunch performs 
much better than decentralized schemes on initial allocations, before the 
measurement based power control has converged. For constant-rate traffic, this it 
not so important but for bursty packet sessions with short duration it becomes 
more important in order to keep the retransmission rate low. 

When multiple bunches are used to cover an area as in Chapter 5, the 
performance of initial allocations is worse compared with a single bunch but still 
superior to FCA solutions. If TD/CDMA is used and the power control is given 
time to converge, the small bunches perform as good as the large ones. This is 
because our Manhattan scenario is not interference limited when both 
TD/CDMA and SIR-based power control is used. The method giving the highest 
performance with multiple bunches is the preferred channel selection combined 
with least-interfered sorting. At low loads, this method looks like fixed channel 
allocation between bunches, but at high loads, bunches are starting to use 
channels belonging to their neighbors. Thereby the channel reuse is violated. 
Most of the violations will occur within the inner part of a bunch since the 
controlled interference is higher there, leading to a lack of channels. Near the 
bunch border, the intra-bunch interference is lower which allows most of the 
mobiles in this area to use the preferred set of channels. The method works best 
for large bunches where the bunch radius is much larger than the radii of the 
individual cells. 

In Chapter 6, we studied the implications of limited signaling and measurement 
errors. In the studied outdoor environment, it is sufficient to measure and signal 
the three to four strongest link gains in order to achieve the same capacity as a 
system where all link gains are known. The lack of correlation between different 
BS-MS links means that the performance figures are probably pessimistic but 
this is an item for further study. Aged gain values are handled by increased SIR 
margins and performance is improved for a given aging if least-interfered 
channel selection is used instead of random. Measurement errors can be 
decreased through filtering of several measurement values. A problem with 
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filtering is that if the filter history is to long, we can no longer track the shadow 
fading, which leads to decreased performance. 

The methods for mobile positioning proposed in Chapter 7 are very simple and 
definitely comparable with existing methods such as TOA regarding location 
accuracy. In the studied environment, our methods fulfill the current Enhanced 
911 (E911) requirements on location error for network-based equipment. The 
measurements used are the same measurements normally needed for RRM 
functions. We also study if position information can assist or improve the RRM 
functions as is often suggested in the literature. However, in the studied scenario, 
position information is of limited use. Assigning channels or BSs to mobiles 
according to moving direction gave worse performance than our standard 
algorithms when the allocations aged. A performance improvement of about 
10 % could be seen when using a form of Reuse Partitioning on the bunch level 
in order to mitigate the intra-bunch interference. Position information can also be 
useful to classify the speed of an MS. This information can be used in 
hierarchical cellular systems in order to assign fast MSs to the macrocell layer 
and slow MSs (pedestrians) to the microcell layer. 

Finally, in Chapter 8 we study the computational complexity for allocation of a 
user and show that it is )( 2MO  where M is the number of cochannel users. M 
can be reduced by utilizing the fact that the gain matrix is sparse since the 
mobiles cannot measure all gains. A simplified feasibility check algorithm is also 
proposed, giving about 80 % of the bunch performance. This simplified 
algorithm needs only )(MO  calculations in order to process the allocation 
request. From our results, we draw the conclusion that the computational 
complexity is indeed manageable. We also study the signaling complexity and 
find that the additional signaling overhead imposed by the bunch RRM schemes 
is on the order of a few percent. This is mainly for the frequent link gain 
measurement reports from the MSs to the CU. The high capacity that can be 
achieved more than justifies this small overhead. 

9.2  Future Work 

A drawback with packing the spectrum too good is that reallocations of the radio 
resources have to be performed frequently but that is the price we pay for high 
capacity. Since our results are based on snapshot analysis, we only get a rough 
estimate of the reallocation problem. Further studies could include dynamic 
simulations with various traffic models. This will give us better knowledge, both 
of the reallocation frequency and of the measurement frequency. Dynamic 
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simulations will also be better if we want to study advanced algorithms like 
combined base station and transmitter power selection [44], [71]. 

An interesting area for further studies is to find new ways to utilize position 
information in radio resource management. Some of the studied schemes did not 
work very well in our Manhattan scenario. Further, multipath fading (Rayleigh, 
Rice) was not modeled in the thesis in order to keep the simulation time down. 
The impact of such fading on measurement accuracy is also possible item for 
future studies. 
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Appendix A  

Lower Bound on Assignment Failure 

Here we will develop a lower bound for the assignment failure rate. The bound is 
the assignment failure rate when outage is not included. It is denoted primitive 
assignment failure rate, νp, and would be reached in an interference-free scenario 
or if the SIR-target were -∞ dB. 

In our simulations, we have a constant number of active users 

 cCBU ϖ⋅⋅=  (A.1) 

in the service area, where B is the number of base stations or RAUs in the area, C 
is the total number of available channels, and ϖc is the relative traffic load. 
Mobiles are assigned to cells with Bernoulli probability pc = B -1. The distribution 
of the number of users in each cell is then Binomial, i.e. 
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The assignment failure rates can be seen as independent between different cells 
when the number of cells is large and SIR is not taken into account. Since the 
expected value of νp is the same for all cells, we only have to calculate the 
assignment failure rate in one cell in our large system. We get assignment failure 
when there are more requests than available channels in a base station. If there 
are C + 2 requests in a cell we get an assignment failure rate of 2/(C + 2), i.e. 2 
out of C + 2 users did not get a channel. If we now take the expectation of all the 
possible assignment failures, we get 
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which is the lower bound, i.e. the primitive assignment failure rate νp. The bound 
is valid when assignment of mobiles to cells is fixed and performed before 
channel selection. It is not valid if cell breathing algorithms are used, i.e. if cell 
selection is based on the interference level or the current traffic distribution. 
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Appendix B   

Solving the Feasibility Check Equation 

Here, we show how to solve the feasibility check from Chapter 4 with ordinary 
matrix algebra and Gaussian Elimination. As mentioned in (4.1), the SIR for 
mobile i is given by 

 
i

M

ij
j

ijijj

iii
i

Ngp

gp

+
=

∑
≠
=1

θ
γ , (B.1) 

where pi is the power transmitted by mobile i’s base station, gij is the link gain 
from mobile j’s base to mobile i, θij is the cross-correlation between the signals to 
mobile i and j, and finally Ni is thermal noise in the receiver plus any measured 
inter-bunch interference. 

 Equation (B.1) can be rewritten as 
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where the M×M matrix A is defined by 
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and finally, 
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From (B.2) we get 
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Now solving for the power vector P, we get an equation on matrix form: 

 ηAλP ⋅−= −1)(  (B.6) 

where the M×M matrix λ  is defined by 
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Equation (B.6) can be solved directly with Gaussian Elimination in order to get 
the power levels. The allocation is feasible if all of them are positive and below 
the maximum power limit. Things get a bit more complicated when the dynamic 
range of the power levels is limited. In this case we cannot be sure that the 
allocation is feasible unless 

 iPpP i ∀<< ,maxmin . (B.8) 

If the minimum power Pmin is strictly greater than zero (finite dynamic range of 
the power control), Gaussian Elimination is not suitable. In that case, we would 
have to resort to linear programming techniques such as the Simplex Method 
[61]. However, this would further increase the computational complexity and 
therefore, we developed the iterative method described in section 4.3. 
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Abbreviations and Acronyms 
3GPP 3rd Generation Partnership Program 
A-GPS Assisted GPS 
AC Admission Control 
ACTS Advanced Communication Technologies and Services 
AMPS Advance Mobile Phone System 
ALP Active Link Protection 
AOA Angle-of-Arrival (triangulation technique) 
ARP Autonomous Reuse Partitioning 
BCCH Broadcast Control Channel 
BDCA Bunch DCA 
BER Bit Error Rate 
BLER Block Erasure Rate 
BS Base Station 
BSC Base Station Controller 
CDMA Code Division Multiple Access 
CID Cell Identity 
CIR Carrier-to-Interference Ratio 
CU Central Unit 
D-AMPS Digital AMPS 
DCA Dynamic Channel Allocation 
DDCA Distributed DCA 
DCPC Distributed Constrained Power Control 
DECT Digital Enhanced Cordless Telephone 
DL Downlink 
E-911 Enhanced 911 
E-OTD Enhanced OTD 
ETSI European Telecommunications Standards Institute 
FC Feasibility Check 
FCA Fixed Channel Allocation 
FCFS First-Come First-Served 
FDD Frequency Division Duplex 
FDMA Frequency Division Multiple Access 
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FH Frequency Hopping 
FMA1 FRAMES Multiple Access Mode 1 
FRAMES Future Radio Wideband Multiple Access Systems 
GE Gaussian Elimination 
GPS Global Positioning System 
GSM Global System for Mobile Communications 
HO Handover 
IRM Intra-Bunch Resource Manager 
IS-95 Interim Standard 95 (CDMA mobile phone system) 
LEI Least External Interference 
LII Least Internal Interference (calculated from link-gain matrix) 
LTI Least Total Interference (estimated from measurements) 
LMU Location Measurement Unit 
LOS Line-Of-Sight 
MS Mobile Station 
NLOS Non Line-Of-Sight 
NMT Nordic Mobile Telephone 
NRT Non-Real-Time (traffic) 
OHG Operator Harmonization Group 
OTD Observed Time Difference 
PC Power Control 
PCH Paging Channel 
PCS Personal Communication Systems/Services 
PGWC Path-Gain Weighted Centroid 
QPSK Quadrature Phase Shift Keying 
RACH Random Access Channel 
RAU Remote Antenna Unit 
RF Radio Frequency 
RNC Radio Network Controller 
RRM Radio Resource Management 
RT Real-Time (traffic) 
RTD Relative Time Difference 
RU Resource Unit 
SAS Soft-And-Safe Admission Control 
SBDCA Simplified BDCA 
SCH Synchronization Channel 
SDMA Space Division Multiple Access 
SIR Signal-to-Interference Ratio 
SNR Signal-to-Noise Ratio 
SMG Special Mobile Group (within ETSI) 
TA Timing Advance (half the MS-BS propagation delay) 
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TDD Time Division Duplex 
TDMA Time Division Multiple Access 
TDOA Time-Difference-of-Arrival (hyperbolic multilateration) 
TH Time Hopping 
TOA Time-of-Arrival (circular multilateration) 
TWC Time Weighted Centroid 
UL Uplink 
UMTS Universal Mobile Telecommunications System 
UWC Unweighted Centroid 
UTRA UMTS Terrestrial Radio Access 
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