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Abstract 
 

The Bluetooth technology is still in an early stage of development. Much 
more research can and will be done before the performance of Bluetooth 
reaches its peak. During the recent years, ideas to integrate Bluetooth 
units in larger networks have arose, with the Bluetooth unit in the role as 
access point to the network. This behavior opens up for new possibilities 
but also increases the requirements on performance. In this thesis the 
main topic is improvement of piconet performance. The piconet, with the 
Master unit as access point, is studied from a teletraffic engineering point 
of view. Different performance attributes and behaviors have been found 
and investigated. With the outcome of these investigations in mind, new 
and more efficient policies and algorithms are proposed for both data and 
voice. A policy increasing the utilization of available bandwidth in a piconet 
is presented. Furthermore, a proposal is presented where multiple 
Bluetooth units are used in an efficient manner to support voice calls. The 
proposed solution does also enable creation of simple teletraffic models to 
be used for dimensioning. 
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1 Introduction 
For each day that passes the number of people using services supported by 
wireless communication increases. Also, the amount of time that people talk 
in mobile phones, transmitting data and accesses multimedia services over 
a wireless network, etc. increases. The possibility to communicate and 
receive information independent on your location is becoming more and 
more important and more often even required. Today there are several 
different technologies, collaborating or competing, providing wireless based 
services for users with mobile terminals. One of these technologies is the 
Bluetooth technology. Bluetooth can be used in many ways, the field of 
applications ranges from being a simple cable replacement to the ability to 
create ad-hoc networks. One role is to function as an access point for 
mobile terminals connecting to a larger network. In this thesis the study of a 
Bluetooth device in this role is the primary objective. 
 The Bluetooth technology is still in a early stage of progress, therefore 
there are great possibilities to discover and propose new solutions that 
improves performance. The goal for this thesis is to find and present 
performance parameters and to give suggestion of how to improve them. 
The thesis will hence not provide any definitive and complete solutions. 
Questions will arise that are not answered but nevertheless is important for 
both the understanding of Bluetooth limitations and for the understanding of 
the proposed solutions and of what that can and needs to be done in order 
to finalize them.  

1.1 Background 
This thesis is written as the final part of the Master of Science degree in 
Electrical Engineering with emphasis on Telecommunication and Signal 
processing at Blekinge Institute of Technology (BTH). The work has been 
done at the Australian Telecommunication Research Institute (ATRI) at 
Curtin University of Technology, Perth, Western Australia. The thesis is also 
a part of a larger project supported by the Australian Telecommunications 
Cooperative Research Center (ATCRC). 

1.2 Document Outline 
The thesis is organized as follows: 
 
 Chapter 1: Introduces the thesis, its background and the outline of the  
  document. 
 
Part A – Fundamentals 
The goal with Part A is to provide necessary knowledge and understanding 
for the following parts. 
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Chapter 2: Describes the concept and structure of the MediaCell network.  
 Much of the content in the thesis is based on the functionality of the  
 MediaCell system. 

    
 Chapter 3: Introduces the concept of wireless networks. 
 
 Chapter 4: Describes the Bluetooth technology from a technical  
  perspective and presents the basic behaviors and main  
  characteristics. 
 
 Chapter 5: Introduces important traffic engineering topics such as traffic  
  characteristics, quality of service, grade of service and teletraffic theory. 
 
 Chapter 6: Describes the simulation tool that has been used for the  
  simulation part of the thesis. 
 
Part B – Traffic Management in a Bluetooth Network 
Part B presents ideas and proposes solutions of how to improve 
performance for a Bluetooth unit in the role of an access point. 
  
 Chapter 7: Introduction to Part B. 
 
 Chapter 8: Presents essential traffic management issues concerning a  
  Bluetooth piconet. Issues that has to be thoroughly considered to  
  improve performance. 
 
 Chapter 9: Exemplifies some ways to utilize multiple Bluetooth units to 
  work together, achieving increased performance at different levels.  
 
 Chapter 10: Proposes algorithms for managing voice calls in a Bluetooth  
  network. The chapter also presents procedures to dimension a Bluetooth  
  voice system. 
 
 Chapter 11: Presents a proposal of a policy that improves performance for  
  transmitting data in a piconet. 
 
 Chapter 12: Presents results from computer simulations of how the 
  performance of a Bluetooth device is affected by two important  
  properties, distance and packet types. 
 
Part C – Summary and Discussion 
Concludes the thesis by discussing and summarizing the most important 
results and proposals from a MediaCell system point of view.  
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Part A 

Fundamentals 
 

2 MediaCell System Overview 
The contents of this thesis is written with regard to the MediaCell network 
and its functionality. The MediaCell network is basically a network of 
Bluetooth Access Points (APs) working together. MediaCell will provide a 
number of services available to users carrying a Bluetooth equipped Mobile 
Terminal (MT).  
 The MediaCell network has a three tier topology (Figure 2.1). The APs 
are located in tier 1, each AP has the ability to support up to seven active 
units [1] or Mobile Terminals. The deployment of the APs is a decision 
based on coverage, accessibility and offered bandwidth. Each AP is 
connected via a cable to a Cluster Controller (CC). A CC is today defined to 
control up to six Access Points. The CC contains the higher protocol layers 
of the Bluetooth protocol stack, while naturally, the lower layers are located 
in the AP. The CC’s task is to establish, monitor and control device 
connections and data flow. The CCs are connected to the Gateway (GW) 
via a backbone. Depending on usage, the backbone can be either wireless 
or wired or a combination of both. Environment, performance and distances 
are some examples of parameters to take into consideration. The GW will 
include management and service functions, it will provide a centralized 
control over the traffic within the network keeping latency at a low level and 
providing high quality to the users. Furthermore, the GW will have the 
functionality to route traffic flowing in and out from external systems (e.g.  
the mobile telephone network). 
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3 Wireless Networks 
In the last decade an enormous progress in wireless communication has 
taken place. More and more people have started to use electronic devices 
such as computers, mobile phones and personal digital assistants in their 
everyday duties. As a consequence of the increasing use of these devices, 
a need of wireless connectivity started to grow. Therefore, during recent 
years, several new wireless technologies have been developed. Wireless 
networks will emerge in all kinds of large area environments such as 
shopping centers, schools, airports, hospitals etc. Already today, many 
corporate offices are equipped with wireless networks as a complement or 
alternative to conventional wired networks. Wireless technologies have 
many advantages compared to wired technologies, where the most 
distinguished perhaps is mobility. But still unwired solutions have to be 
improved in providing high data rates. Both WLANs (Wireless Local Area 
Networks) and WPANs (Wireless Personal Area Networks) have been 
designed to offer wireless connectivity between devices, access points and 
other applications. WLANs provide an attractive networking alternative for 
indoor and close range networks. A common usage is interconnecting 
wireless devices (e.g. a computer) with a backbone local area network. 
WPANs provide even closer range communication than WLANs, for 
instance between mobile handheld devices such as mobile phones, 
headsets and other personal data accessories (PDAs). Also WPANs can be 
used to access backbone local area networks. The only real different 
between WLANs and WPANs is their coverage range.  
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4 Technical Description of the Bluetooth Technology 
4.1 History 

In 1994 Ericsson Mobile Communications AB in Lund, Sweden, initiated a 
study of a new radio communication technology, today known as the 
Bluetooth technology [1]. The technology was from the beginning intended 
to be a low-power and cheap radiointerface between mobile phones and 
mobile accessories. The main idea was to replace cables. As the work 
progressed, the people involved started to realize the true potential of this 
new technology. Not only could it be used as a simple cable replacement, it 
could also, with the ability to connect multiples of units, be used in an ad-hoc 
manner. Ericsson understood that to make something out of this they would 
need help. Therefore, four other companies were invited to cooperate and 
promote the Bluetooth technology. Ericsson together with IBM, Intel, Nokia 
and Toshiba created the Special Interest Group (SIG). These five promoters 
envisioned Bluetooth to be an open, global standard. Later, four more 
promoters joined the SIG, Lucent, 3Com, Motorola and Microsoft. Besides 
the promoters several adopters have signed the SIG adopters agreement. 
Today there are about 2500 adopters/associates. 

4.2 The Protocol Stack 
In Figure 4.1, a simplified model of the Bluetooth protocol stack is 
presented. In this thesis the main objectives will be concentrated on the 
functions in the lower parts of the protocol stack. This section will briefly 
introduce each protocol layer. The protocols can be divided into four 
categories: Core protocols, cable replacement protocol, telephony control 
protocols and adopted protocols. The core protocols are required by most 
devices when the other protocols are more dependent on the application 
they are supporting. On top of the protocols described below, applications 
and higher layer protocols can be applied [1]. 
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Figure 4.1: Bluetooth protocol stack [1]. 

4.2.1 Core Protocols 
Baseband 
The Baseband and Link Control layer enables the physical radio frequency 
link between devices to form a piconet. This layer deals with synchronization 
and transmission of frequency hopping sequence as well as managing the 
data and voice links supported by Bluetooth. 
 
Audio 
Voice connections can be set up between two units after opening a 
synchronous connection-oriented link.  

 
Link Manager Protocol (LMP) 
LMP is responsible for the link setup between Bluetooth devices. Main 
features are: choosing appropriate packet type, choosing power mode, 
controlling power consumption and supporting security issues.  
 
Host Controller Interface (HCI) 
HCI provides a uniform interface for communication between the layers 
above and below the HCI. Some Bluetooth systems will have a design 
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where an interface is needed since the higher layers are run on a host 
device processor and the lower layers on a Bluetooth device. 
  
Logical Link Control and Adaptation Protocol (L2CAP) 
L2CAP provides connection-oriented and connectionless data services to 
the higher layer protocols. The main tasks are: Segmentation and 
reassembly to allow transfer of larger packets than lower layers support, 
multiplexing between different higher layer protocols, Quality of Service 
management for higher layer protocols and group management. 
 
Service Discovery Protocol (SDP) 
The SDP is defined to provide Bluetooth entities with means of finding which 
services are available. It is also possible to determine the characteristics of 
these services. SDP only searches and presents information about the 
services and does not provide any means to change or alter any settings. 

4.2.2 Cable Replacement Protocol 
RFCOMM 
RFCOMM is intended as a cable replacement protocol. It is used in 
applications that otherwise use the serial port of the device in which they 
reside. RFCOMM provides services to higher layers e.g. Point-to-Point 
Protocol (PPP), Object Exchange (OBEX) protocol and AT (ATtention code)  
commands. 

4.2.3 Telephony Control Protocols 
Telephony Control Specification (TCS) - Binary  
TCS defines the signaling for establishment and release of calls between 
Bluetooth units.  
 
Telephony Control AT-commands 
AT-commands make it possible to integrate and control FAX services, 
modems and mobile phones. A number of AT-commands have been defined 
by the Bluetooth SIG to control these services. AT-commands are based on 
ITU-T Recommendation [3]. 

4.2.4 Adopted Protocols 
Three different kinds of higher protocols are defined interfacing RFCOMM 
(Figure 4.1). The Point-to-Point Protocol (PPP) has the task to take IP 
packets to/from a LAN. The TCP/UDP/IP protocols are defined by the 
Internet Engineering Task Force and are used for communication on the 
Internet. The implementation of these protocols in Bluetooth devices makes 
communication with any other device connected to the Internet possible. 
TCP/IP/PPP is used for all Internet Bridge usage scenarios and 
UDP/IP/PPP is available as transport for e.g. Wireless Application Protocols 
(WAP). OBEX can be described as a much lighter version of HTTP and is a 
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session protocol developed by the Infrared Data Association. The main task 
is to exchange objects (browsing, creating, copying etc.) in a simple and 
spontaneous way.  

4.3 The Bluetooth Radio System 

4.3.1 Air Interface 
The Bluetooth Radio operates in the unlicensed Industrial, Scientific, 
Medical (ISM) band [1,4,5]. In most countries free spectrum is available from 
2400 MHz to 2483.5 MHz. One advantage with Bluetooth is that no matter 
where a user is located in the world he or she should be able to use a 
Bluetooth device. Since the radio band is free there is a probability that 
interference may occur from some other radio transmitting units. There are 
several possible external disturbing sources e.g. WLAN access points, 
DECT units, microwave ovens. The nature and extent of the interference 
can vary unpredictably. Besides external sources, interference from other 
Bluetooth devices must be considered. Interference immunity can be 
provided with the frequency hopping technique that is one feature in 
Bluetooth. There are also other ways, presented in coming chapters, to 
ensure that packets are not lost. 

4.3.2 Frequency Hopping and Channel Definition 
Bluetooth uses a Frequency-Hop Spread Spectrum (FHSS) technique, 
which changes the transmission frequency 1600 times per second. Each 
frequency is represented by a time slot and hops are made from one 
frequency to another in a pseudorandom way but at regular basis. 
Spreading is done in the entire frequency band and the repetition interval of 
the algorithm used for hop-selection is usually very long. 
 Bluetooth is based on frequency-hop code-division multiplex access 
(FH-CDMA). By using FH-CDMA the signal can be spread over a large 
frequency range, but only a very small bandwidth is occupied during a short 
time. Thereby most interference is avoided. 79 hop carriers have been 
defined with 1 MHz spacing. Each channel is divided into 625 µs intervals, 
called slots or time slots where one 625 µs interval represents one single 
slot. To achieve full duplex, time-division duplex (TDD) is applied. One unit 
communicating with another unit alternatively transmits data and receives 
data (Figure 4.2). 
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Figure 4.2: FH/TDD channel [6]. 

4.3.3 Packet and Physical Link Definition 
In each time slot transmitted in a channel, a single packet can be sent. The 
stream of information has to be fragmented into packets. A packet has a 
fixed format consisting of three entities: access code, header and payload 
(Figure 4.3).  

Figure 4.3: The format of a Bluetooth packet [6]. 
 
 The access code is used for packet identification, synchronization and 
compensating for frequency offset. The access code uses the first 72 bits of 
a packet. Every packet transmitted in a channel is provided with the same 
access code. A receiving unit of a packet checks the incoming packet 
against the access code, if the two do not match the rest of the packets 
content is ignored. The access code is very resistant against interference. 
 
 A header with the size of 54 bits follows the access code. The header 
contains important link control information. A 3-bit slave address 
(AM_ADDR) specifies what active member the packets belong to. A Master1 
uses the AM_ADDR to distinguish which Slave2 that has sent the packet. 
The type field specifies, among other things, what kind of link the packet is 
transmitted on and for how many time slots the packet will last. The flow 
control bit controls if data can be received or not. Voice packets are 

                                            
1 The Master is the unit that initiates an exchange of data. 
2 The Slave is the unit that responds to the Master. 
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transmitted regardless of the flow bit. The Automatic Retransmission Query 
(ARQ) bit is set if the reception of the previous packet was successful, 
acknowledged (ACK). The bit is cleared if the previous packet reception was 
unsuccessful, non-acknowledged (NACK).  
 The sequence bit makes it possible to distinguish a new transmitted 
packet from a retransmitted packet. An 8-bit Header Error Check (HEC) 
code with Cyclic Redundancy Check (CRC) is used to detect errors in the 
header. 
 
 The Payload field carries data or voice information. The length of the 
payload may vary from 0 to 2745 bits. A special packet has the ability to 
carry both data and voice. The data field has a payload header that among 
other things controls the flow. The payload body is protected from errors 
with a 16-bit CRC code.  
 Multi slot packets have been defined to support higher data rates. In 
Bluetooth a packet can cover one, three or five time slots (Figure 4.5), even 
if the packet is a five-slot packet it is sent on a single hop channel. The 
mechanism incorporated in Bluetooth to choose the appropriate packet size 
is one of the functions of Segmentation and Reassembly (SAR) done at 
L2CAP level.  
 
 Two types of links have been defined in Bluetooth, one that supports 
circuit-switched point-to-point connections e.g. voice services and one that 
supports symmetrical or asymmetrical, packet-switched, point-to-multipoint 
connections e.g. bursty data traffic. The two link types are:  

 
• Synchronous Connection-Oriented (SCO) link 
• Asynchronous Connectionless (ACL) link 

 
SCO links are defined on the channel by reserving duplex time slots 
(forward and return time slot) at regular intervals, the so called SCO 
intervals TSCO. An ACL link may use all the time slots that are not reserved 
by an SCO link, consequently all time slots if there is no SCO channel.  
 To control the ACL connections and to avoid collisions on the channel a 
Master unit uses a traffic scheduling scheme. The Master schedules both 
ACL and SCO traffic. See Figure 4.4 for an example of SCO and ACL traffic 
between a Master and two Slaves. ACL packets can cover either one, three 
or five time time slots (Figure 4.5)  
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Figure 4.4: SCO and ACL traffic between a Master and two Slaves. 

Figure 4.5: Single slot, three-slot and five-slot [6]. 
 
 Eleven different packet types are defined for both ACL and SCO 
channels, four for SCO and seven for ACL. In addition, five control packet 
types, common for both ACL and SCO links, have been defined (Table 4.1). 
SCO packets are never retransmitted and do not include CRC, however, a 
Forward Error Control (FEC) rate of 2/3 or 1/3 can be applied. In the current 
Bluetooth release, three pure SCO packets are defined and one packet with 
a combination of ACL and SCO. ACL packets are retransmitted if the packet 
is lost, for instance if interference occur. CRC is used by five of the defined 
packet types. 
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Link 
type Name Description 

Signal ID 
Carries Device Access Code (DAC) or Inquiry Access Code (IAC).  
Occupies one slot. Used in e.g. paging, inquiry and response routines. 

Signal NULL 
NULL packet has no payload. Used to get link information and flow 
control. Occupies one slot. Not acknowledged. 

Signal POLL 
No payload. Used by the Master to poll the Slaves to know whether they 
are up or not. Occupies one slot. Acknowledged.  

Signal FHS 

A special control packet for revealing Bluetooth device address and the 
clock of the sender. Used in page Master response, inquiry response and 
Frequency Hop Synchronization. Occupies one slot. 2/3 FEC encoded.  

Signal DM1 

To support control messages in any link type. Can also carry regular user 
data. Occupies one slot. Can interrupt SCO traffic. DM stands for Data - 
Medium rate. 

SCO HV1 

Carries 10 information bytes. Typically used for voice transmission. 1/3 
FEC encoded. Occupies one slot. No CRC. Can carry 1.25 ms of speech 
at 64 kbit/s rate. Has to be sent every second time slot. HV stands for 
High-quality Voice. 

SCO HV2 

Carries 20 information bytes. Typically used for voice transmission. 2/3 
FEC encoded. Occupies one slot. Can carry 2.5 ms of speech at 64 kbit/s 
rate. Has to be sent every fourth time slot. 

SCO HV3 

Carries 30 information bytes. Typically used for voice transmission. Not 
FEC encoded. Occupies one slot.  Can carry 3.75 ms of speech at 64 
kbit/s rate. Has to be sent every sixth time slot. 

SCO DV 

Combined data-voice packet. The voice field is not protected by FEC. 
The Data field is 2/3 FEC encoded. Voice field is never retransmitted but 
data field can be. DV stands for Data - Voice. 

ACL DM1 Carries 18 information bytes. 2/3 FEC encoded. Occupies one slot. 

ACL DH1 
Carries 28 information bytes. Not FEC encoded. Occupies one slot. DH 
stands for Data - High rate 

ACL DM3 Carries 123 information bytes. 2/3 FEC encoded. Occupies three slots. 

ACL DH3 Carries 185 information bytes. Not FEC encoded. Occupies three slots. 

ACL DM5 Carries 226 information bytes. 2/3 FEC encoded. Occupies five slots. 

ACL DH5 Carries 341 information bytes. Not FEC encoded. Occupies five slots. 

ACL AUX1 
Carries 30 information bytes. Resembles DH1 but no CRC code. 
Occupies one slot. 

 
Table 4.1: Information about the packet types. 

 
 The SCO links operate at a data rate of 64 kbit/s and it is possible to 
have up to three full-duplex voice links at the same time. In Table 4.2 all 
packet types and maximal achievable data rates for ACL links are 
presented. The raw bit rate available in Bluetooth is 1 Mbit/s, this value 
equals the system rate of 1 Msymbol/s since Gaussian Frequency Shift 
Keying (GFSK) is used in Bluetooth. Although, the highest actual bit rate 
that is obtainable is 723 kbit/s when using DH5 packets.  
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This means that 27 % of the bandwidth is being consumed for frequency 
hopping, acknowledgement and other overhead information.   

 

Type 
Nr of 
slots 

Payload 
(bytes) FEC CRC 

Max symmetric 
data rate 
(kbit/s) 

Assymetric 
data rate 

forward (kbit/s) 

Assymetric 
data rate 

reverse (kbit/s) 

DM1 1 0-17  2/3 yes 108.8 108.8 108.8 

DH1 1 0-27 no yes 172.8 172.8 172.8 

DM3 3 0-121  2/3 yes 258.1 387.2 54.4 

DH3 3 0-183 no yes 390.4 586.5 86.4 

DM5 5 0-224  2/3 yes 286.7 477.8 36.3 

DH5 5 0-339 no yes 433.9 723.2 57.6 
 

Table 4.2: Data rates for ACL packets [6]. 

4.3.4 Connection Establishment 
The procedures inquiry and page are used to establish connections between 
Bluetooth devices.  
 The inquiry procedure’s task is to discover other units within range and 
to get their device address and clock status. If the address is already known 
the inquiry does not necessarily have to be done. The responses are put 
together in a list. If for example the Bluetooth unit has a graphical interface, 
it would be possible to present a list of those units that respond to the 
inquiry. The unit responding to an inquiry enters a discoverable mode. When 
entering this mode, called inquiry scan, it is possible for other units to find it. 
In inquiry scan a unit periodically listens for an inquiry packet containing a 
General or Dedicated Inquiry Access Code. When this packet is received, 
the unit enters inquiry response mode and responds with a packet 
containing device address and clock status. The Generic Access Profile in 
the Bluetooth Specification [1] recommends that inquiries should last 10.24 
s. Furthermore it recommends that a device should only scan for a 10.625 
ms window and devices in discoverable mode should have a maximum time 
of 2.56 s between starting one inquiry scan and starting the next. The total 
time in discoverable mode is recommended to be more than 30.72 s, which 
is three times the recommended inquiry window (Figure 4.6). 
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Figure 4.6: Timings for inquiry and inquiry scan [6]. 
  

 The page procedure establishes the actual connection. The unit paging 
another unit becomes the Master but the Master-Slave roles can later be 
switched. Page is normally performed directly after the inquiry procedure. To 
perform a page the device address must be known. Information of the 
frequency hop sequence does not need to be known but then the 
concequence will be a longer connection time. If the hopping frequency is 
not known, the page procedure will take longer time. A unit can either enter 
page scan mode or page mode. A unit in page scan mode allows other 
devices to connect to it. At certain intervals the unit wakes up and listens for 
its own ID. A unit in page mode connects to other devices by sending their 
Bluetooth address in an ID packet. Paging is started with an HCI command; 
it either finishes when a connection is established or when a Page Timeout 
elapses. There are several paging schemes that can be applied where one 
is mandatory. The mandatory scheme has to be used when units connect 
for the first time. These units can then agree on an optional paging/scanning 
scheme for future connections. When the page procedure has been 
completed, data can be transmitted between the devices.  
 In Figure 4.7, the process of connection is shown. It also shows the 
different low power models described later in this chapter.  
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Figure 4.7: The connection states. 
 
 When a unit initiates a connection, messages are sent between the 
different layers (Figure 4.8). When a device, through user interaction or by 
other means, wants to create a new connection the first message sent is a 
connection request to the L2CAP layer. The L2CAP layer will now try to 
request a connection to the L2CAP in the receiving unit. If no connection 
exists the L2CAP sends a request to a lower layer protocol (either HCI or 
LM) to connect. Once an ACL connection is established across the lower 
layers, L2CAP packets can be transmitted between the units. Although, 
before data can be sent across a connection, it must be configured. The 
parameters which can be configured are: 

 
• Maximum Transmission Unit (MTU): The maximum size in bytes of the 

packet payload a device is willing to accept. 
• Flush Timeout: Represent the amount of time that a device will spend 

trying to transmit an L2CAP packet segment before it gives up. 
• Quality of Service: Sets the level of QoS (see Chapter 8.2) 

 
 When the channel has been created and configured, data can be 
transferred using the message L2CAP_Data.   
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Figure 4.8: Connection messages [6]. 
  
 There are two ways to close down an L2CAP channel. It either can be 
caused by a time out or a higher layer protocol or application can request it 
to be closed. The first case can, for example, occur when a unit comes out 
of range and the baseband link is lost. In the latter case the protocol or 
application using the channel can send a request to disconnect the channel. 
When L2CAP receives the request, it sends a L2CAP_DisconnectReq 
packet to the peer L2CAP at the opposite end of the channel. L2CAP stops 
transmitting and receiving data; the queues for outgoing data are emptied 
and data received is discarded. 

 
 A Bluetooth device can be in either of the four different states: active, 
hold, sniff and park (Figure 4.7). The main reason why these four modes 
have been defined is to reduce power consumption. The low-power modes 
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allow units to keep connections at a certain level but the receiver is switched 
off for certain periods of time.  
 
Active: The unit participates in the piconet by listening for packets 

containing its AM_ADDR (Active Member Address). 
Hold:  When a unit enters hold mode it does not support ACL traffic for a 

specified period of time. Though, SCO packets can still be 
transmitted. By entering the hold mode the device will save power or 
it has the possibility to perform inquiry or page procedures to join 
other piconets. 

Sniff:  When a unit enters sniff mode, it only wakes up periodically in pre-
arranged sniff slots to listen for packets. 

Park:  A device that enters park mode gives up its AM_ADDR and ceases 
to be a member of the piconet. It cannot transmit but remains 
synchronized with the Master. Each unit entering park mode is given 
a PM_ADDR (Parked Member Address) and up to 256 units can be 
given a PM_ADDR. Unparking can be done at certain points of time 
which occur with a constant interval, called a beacon interval. 

4.3.5 Piconet 
A piconet (Figure 4.9) is a collection of Bluetooth units which are physically 
close to each other to be able to communicate. To create a piconet two ore 
more Bluetooth units must share the same FH channel. A piconet can 
contain a maximal number of eight units. One of the units must take the role 
as Master of the piconet to regulate and control the traffic. There can only be 
one Master at the time and by definition, the initiating unit becomes Master. 
Every unit in the Piconet uses the Master identity and clock to track the 
hopping-frequency. In order for a Slave to remain synchronized it readjusts 
the clock-offset value each time a packet arrives from the Master. In order to 
make it possible for the Slaves to remain synchronized, the Master must 
continuously transmit packets even if there is no data to transfer. The 
Master in a piconet allocates capacity for SCO links by reserving slots.  
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Figure 4.9: A single Master-Slave piconet and a piconet with 7 Slaves. 

4.3.6 Intra-Piconet Scheduling 
In a piconet, a policy most be defined to support the Masters management 
of the Slaves [1,6,7]. Each Slave must be given time to receive and transmit 
data. Figure 4.10 shows the basic idea of intra-piconet scheduling. 
Depending on factors as QoS and fairness, a suitable scheduling policy 
must be applied. The Bluetooth specification does not present any specific 
way to implement scheduling, it is up to the implementers of Bluetooth 
devices to choose an appropriate scheduling mechanism. In Chapter 8.3 the 
concept of scheduling is further discussed. One fundamental property of 
Bluetooth is that a Slave can only transmit after being polled by the Master, 
this implies that the scheduling occurs in pairs of time slots. Furthermore the 
Master can only send packets to a Slave in an even time slot and Slaves 
can only send packets to the Master in odd time slots. If the Master has no 
data to transmit to a Slave a POLL packet is used to ensure data being 
transmitted in the Slave to Master direction. The POLL packet does not 
contain any data merely an access code and a packet header. If the Slave 
has no data to send a NULL packet is transmitted.  

 
 
 
 
 
 
 
 
 
 
 

Master Slave 
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Figure 4.10: Piconet buffer and scheduling model. 

4.3.7 Scatternet 
Another property in Bluetooth is the ability for units to establish ad hoc 
connections between themselves. This property is enabled by letting several 
piconets overlap each other (Figure 4.11). In each piconet one or several 
units become members of two piconets. Each piconet has its own hopping 
sequence and multiple piconets share the entire 79 MHz frequency band. 
Such a collection of piconets is called a scatternet. A Bluetooth unit is 
allowed to be both Master and Slave. It can act as Slave in many piconets 
but only as Master in one piconet. Time Division Multiplexing (TDM) enables 
a unit to participate in several piconets. Instantaneously, it can only be 
present on a single channel. This requires a well functioning and careful 
inter-piconet scheduling. 
 Establishing scatternets provides means to interconnect units that are 
more than one hop away from each other. Another advantage with 
scatternet is the possibility to divide up a loaded piconet into several smaller 
piconets, hence overall capacity gain can be obtained. 
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Figure 4.11: A possible scatternet scenario. 

4.3.8 Inter-Piconet Scheduling 
Scheduling in scatternets is not a simple procedure and still a lot of research 
has to be done until a well functioning, fair and effective inter-piconet 
scheduler is presented. When an intra-piconet scheduler polls the Slaves in 
a piconet, it is important that it considers the inter-piconet scheduler [7]. A 
possible scenario exemplifying this is when a Slave is part of two piconets. 
The intra-piconet scheduler in the Master in one of the piconets could 
choose not to poll the Slave in its own piconet since that Slave is active in 
the other piconet. The inter-piconet scheduler, however, might schedule this 
node more often when it once again is active in the piconet. One way to 
perform scheduling in scatternets is to use the power save modes SNIFF or 
HOLD. A unit can then register itself in these less active modes in all 
piconets but the one it is active in. 

4.3.9 Power Classes 
Each Bluetooth device can be classified into three power classes. Power 
class 1,2 or 3 [1]: 
 
Class 1:  Has a maximum output power of 100 mW (20 dBm) and a minimum 

output power of 1 mW (0 dBm). Power class 1 is designed to be 
used for long distance connections (up to ~100 m). 

Class 2: Has a maximum output power of 2.5 mW (4 dBm) and a minimum 
output power of 0.25 mW (-6 dBm). Nominal output power is 1 mW 
(0 dBm). Power class 2 devices are for ordinary range connections 
(~10 m), 

Class 3: Has a maximum output power of 1mW (0 dBm). Power class 3 
devices are for short range connections (up to ~10 m). 

 

Master Slave Master/Slave 
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 For power class 1 devices a power control is required to limit the 
transmitted power over 0 dBm. A class 1 device with a maximum output 
power of 20 dBm must be able to control its transmit power down to 4 dBm 
or less. A device with the capability of power control optimizes the output 
power with LMP commands based on measurements of the RSSI (Received 
Signal Strength Indicator) value.   
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5 Traffic Engineering 
5.1 Introduction 

As a consequence of the recent years growth of personal communication 
systems and services combining lots of technologies and infrastructures, the 
field of teletraffic engineering has been widened and given a new meaning. 
Telecommunication traffic engineering is needed to make it possible to 
combine services, network technologies, traffic types etc. It also functions as 
an instrument needed to decrease congestion, increase throughput3 and 
decrease delay. The term teletraffic engineering can be used in several 
situations. It embraces planning, network establishment, charging, fault 
seeking etc.  
 In this thesis, traffic engineering will be viewed in the light of systems 
providing integrated communications (e.g. voice, video and data) in a 
wireless environment. The main objective in the thesis will be focused on 
Bluetooth networks, though in this chapter traffic engineering will be 
described in a more common fashion. 
 The main objective of teletraffic engineering can be described as:  
 
“Dimensioning of network resources to handle the user’s demand for 
telecommunication services, and hence the induced user information and 
signaling traffic streams” [8].  
 
 Issues addressed in this thesis concerning traffic engineering are:  
 

• Traffic characteristics  
• Traffic demand  
• Deployment strategies  
• Traffic management  
 

 An important part of traffic engineering is to create an analytical traffic 
model of the network. The model, based on traffic estimations, mathematical 
calculations and simulations, builds a ground for the ‘real’ network to build 
upon. Traffic flow and service time and their statistical characteristics must 
be integrated. The earlier quite simple but robust and well-defined traffic-
models will not be applicable to the new kind of indefinite traffic of today and 
in the future. One especially challenging issue of teletraffic modeling is the 
mobility of users. In [9] the role of teletraffic modeling in new communication 
systems is further discussed.  
 Traffic management is also commonly used term when speaking about 
teletraffic engineering, containing issues like Quality of Service (QoS), flow 

                                            
3 In data transmission, throughput is the amount of data moved from one place to another in a 
given time period [10]. 
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of traffic, routing, bandwidth allocation, scheduling and resource 
management. 
 
 Teletraffic theory is another essential part of traffic engineering and can 
be defined as:  
 
“The application of probability theory to the solution of problems concerning 
planning, performance evaluation, operation and maintenance of 
telecommunication systems” [11].  
 
The objectives of teletraffic theory are to make traffic measurable through 
mathematical models and define a relationship between Grade of Service 
(GoS, described in section 5.4) and system capacity. When these 
parameters are known by estimations, calculations and measurements, a 
system can be designed as cost effectively as possible. To find accurate 
values methods are needed for measuring the grade of service, forecasting 
the traffic demand and calculating the capacity of the system.  
 One tool in teletraffic theory is queuing theory, which can be used to 
model systems or parts of a systems. Queuing theory addresses analysis of 
systems that involve accessing for some service. The model usually 
includes one or more server that render the service, a possibly infinite pool 
of customers, and some description of the arrival and service processes. It 
is not always possible to make a model on mathematical basis, especially 
since it is very difficult to generalize multi-service traffic into simple 
algorithms. Therefore a good substitute or complement is to perform 
computer simulations.  

5.2 Traffic Characteristics 

5.2.1 Definition of Traffic  
Traffic is the term used to describe the traffic intensity (traffic per time unit). 
The unit used for traffic intensity is the dimensionless unit Erlang4. Traffic 
can be categorized into three concepts: carried traffic, offered traffic and 
rejected traffic. Carried traffic is the actual traffic transported at a certain 
time interval. The carried traffic Y can never exceed the value 1 for one 
channel. Offered traffic is the theoretical value of the carried traffic if no calls 
were rejected. The offered traffic A is equal to the call intensity λ multiplied 
with the mean service time s. Rejected traffic R is the traffic that cannot be 
served. The carried traffic is given by: 
 
  Y = A – R      (5.1) 
 

                                            
4 One Erlang represents the amount of traffic that occupies one piece of traffic-sensitive 
equipment (a line, trunk or circuit) busy for one hour [16]. In practice, it is used to describe the 
total traffic volume of one hour. 
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 To calculate the utilization ρ of a telephone traffic system the service 
intensity µ or the mean service time s and the arrival intensity λ are needed. 
The utilization, if no loss occurs, is given by:  

  s⋅== λ
µ
λρ     (5.2) 

 To calculate the utilization ρ of a data traffic system the mean arrival rate 
E[R] and the mean service rate E[C] are needed. The following formula is 
applicable: 
 

  [ ]
[ ]C
R

Ε
Ε=ρ   (5.3) 

5.2.2 Traffic Types 
The number of telecommunication services is constantly increasing and so 
is the number of different types of traffic supporting the services. Some 
examples of traffic types are: real time voice, video streaming and data over 
Internet. When looking at the bearers of the traffic (e.g. a wireless LAN) an 
ambition is to effectively support as many traffic types as possible. The 
differences between the types of traffic can be great in respect of bandwidth 
usage, demands on delay etc. and hence some types of traffic suit certain 
systems better than other. For instance, a stream of video is poorly 
supported by the mobile telephone systems of today. Some traffic types are 
of best-effort type and offers no guarantees of delivery, others are real-time 
based and so on. It is difficult to fully categories the traffic types. From a 
traffic-engineering point of view it is essential to consider all conceivable 
types of traffic, especially in a multi-service network environment.  

5.2.3 Traffic Variations 
The traffic generated by user in a system varies depending on several 
parameters. Time, available services and environment can be related to the 
variation of traffic and creates different patterns.  
 

1. Time: During a specific period of time (e.g. 24 hours) a user accesses 
offered services more often at certain times than others. 

2. Available services: The amount and type of services affect the 
variation. A system supporting a large number of different services has 
a completely different pattern of variation than a system with only one 
type of service. 

3. Environment: The traffic variation in an office building alters from the 
traffic variation in a shopping center, for instance. 

  
These factors are very important to take into consideration when the 
network is dimensioned. Especially important are the peak patterns that sets 
the level of what the system must be able to manage. Although, when 
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integrating new services and creating a multi-service network it is very 
difficult to predict how users will utilize the services. For e.g. voice traffic, 
models of traffic variation exist. But looking at network platforms combining 
e.g. voice, data and multimedia traffic, the lack of good traffic variation 
models is considerable. It is however important to understand that, in the 
end, it is the user who decides what services he or she wants to utilize. 

5.2.4 Traffic Demand 
Traffic engineering also deals with the question of users traffic demand. An 
answer to the questions of how often, where and how users will access 
available services must be predicted. It is essential to investigate how 
available services will affect the user behavior. Then, resources and 
capacity can be efficiently allocated. Besides this, another parameter to 
regard is the continuously increasing numbers of people using the offered 
services which consequently gives a growth of traffic demand. As mentioned 
earlier, very little is known about the traffic demand and other traffic 
characteristics of future multi-service networks. 

5.2.5 Deployment Strategies 
Network design from a deployment perspective is certainly an issue that 
needs consideration. A user must have availability to the offered services at 
the greatest extent possible in respect of bandwidth, coverage and 
accessibility. Hence, the placement of network components (e.g. access 
points and base stations) must be given extensive attention. The question of 
where to physically deploy an AP depends, to mention some, on these 
factors and questions: 

 
• User density: If the utilization is high in the same area, several APs 

must be used to provide access to the services.  
• Topology: Do the system operate in an outdoor or indoor environment? 

Walls and ceilings must be taken into consideration because of their 
negative  influence on the signal. 

• Area dependency: Some services will be attached to certain areas. 
• Handover possibility: If the system offers handover then the APs must 

be deployed to provide adequate coverage e.g. so that a voice call can 
be maintained when a user moves between different coverage areas.  

• Power access: The AP must have access to the power grid.  
• Wired backbone access: What are the possibilities to get access to the 

backbone? Some locations might result in difficulties for wiring or if a 
wireless solutions is used instead, there might be problems to get 
sufficient signal strength. 

  
An obvious conclusion is the difficulty of taking the factors, presented in the 
list above, into consideration when predicting and planning deployment. To 
be able to come up with a well-defined and effective deployment strategy, 
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severe investigation of the user behavior is needed. The user behavior must 
of course be viewed with respect to the offered services.  

5.3 Quality of Service 
Quality of Service (QoS) can be defined as:  
 
“The collective effect of service performances which determine the degree of 
satisfaction of a user of the service. The quality of service is characterized 
by the combined aspects of service support performance, service operability 
performance, service integrity and other factors specific to each service” 
[12].  
 
Or in other words, QoS means providing consistent, predictable data 
delivery service. QoS can characterize several basic criteria, e.g. 
throughput, error performance, response time, connection establishment 
time and availability. It is important to point out that QoS cannot be defined 
in a similar way for all different services. Furthermore, the grade of QoS can 
be determined by just one of the characteristic parameters.  
 Different services demand different QoS requirements. Some services 
are considerable different from others, e.g. video-streaming compared to a 
standard data transmission like an e-mail. Some of the most common QoS 
characteristics are [13]:  

 
• Bandwidth: Shows the maximum capacity of a connection. Bandwidth 

enables QoS if it is installed and reflects QoS if it is achieved. QoS 
does not provide high bandwidth but manages the bandwidth 
according to existing conditions. A keyword is consistency. 

• Reliability: Packet Error Rate (PER) shows the rate of which a received 
packet differs from the original packet. Good QoS is signified by low 
PER. Reliability demands can differ between applications. E.g. an e-
mail is more intolerant to errors than an audio-stream. 

• Latency: Delay in a transmission path. Should be minimized. 
• Jitter: Also referred to as delay variance. The distortion of a signal 

often defined as the differences between the minimum and maximum 
delay.  

 
 There are three general ways to characterize the mechanisms to 
guarantee QoS. These are resource reservation, priority mechanisms and 
application control [14]. With resource reservation a certain fraction of the 
network resources are predetermined according to the QoS requested. It is 
though, difficult to know how much resources to pre-allocate. In priority 
mechanism, the traffic is given different priorities, e.g. higher priority gives 
better service. In application control the current network conditions sets the 
sending rate for the transmitter. If congestion appears the data rate will be 
reduced. 
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5.4 Grade of Service 
Grade of Service (GoS) can be defined as: 
 
 “A number of traffic engineering variables used to provide a measure of 
adequacy of resources under specified conditions; these grade of service 
variables may be probability of loss, dial tone delay, etc.” [15].  
 
GoS can represent the percentage of the offered traffic that is blocked or 
delayed [16]. GoS handles both the ability to set up a connection and the 
rapidity of the connection establishment. The GoS does not necessarily 
have to be equal in both directions. When comparing GoS and QoS one way 
to describe the difference is to describe GoS as the level of performance 
that the network provider claims he or she will provide. QoS on the other 
hand is the user’s perception of what the network operator actually provided.  

5.5 Teletraffic Theory 

5.5.1 Introduction 
When choosing traffic model, several traffic models must be considered 
before the most suitable is selected. As an example, web-like traffic 
generates bursty transmissions, which requires a more complex model then 
ordinary voice in a telephone system. The incoming traffic is not always 
arriving at constant intervals, it can also arrive with a more stochastic 
behavior. This is where the concept of queuing theory comes in. A basic 
queuing system is shown in Figure 5.1 [16].  

Figure 5.1: A basic queuing system. 
 
The simplest queuing system consists of two components, the queue and 
the server and two attributes, the inter-arrival time (Figure 5.2.) and the 
service time.  
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Figure 5.2: Inter-arrival time. 
 

When a mathematical queuing model has been derived the next step is to 
analyze the queuing system in various ways e.g. through simulations or 
theoretical studies.   
The queuing process can be divided into to three categories [16]: the arrival 
process (A), the service time (B) and the number of servers (C). These 
characteristics are commonly used to describe queuing models with the 
notation A/B/C.  An example of a queuing process notation is: M/M/1, which 
represents a model with exponentially distributed arrivals, exponentially 
distributed service times, and one server.  
 In this thesis most concentration regarding modeling is put on voice 
traffic. An important tool in teletraffic modeling of voice is the Erlang blocking 
probability formula (Erlang’s first formula). This formula will be used in 
Chapter 10 to exemplify how Bluetooth units supporting voice can be 
dimensioned. In the subsections below the Erlang loss system is further 
introduced.  

5.5.2 The Poisson Arrival Process 
The Poisson distribution is a suitable alternative for modeling voice over a 
network. It is commonly used when modeling telephone networks. By using 
the Poisson distribution for the number of calls in a fixed time interval 
together with the constant exponential inter-arrival time distribution, a 
suitable, well-developed and analytically simple model is defined. Poisson is 
not a good choice for modeling web-like traffic, FTP and Telnet [17] since 
packet arrivals are not exponentially distributed and the traffic is irregular 
and bursty.  

5.5.3 The Erlang Loss System 
In an Erlang system, a call arrives to a telephone system with a constant 
intensity of λ calls/hour and follows a Poisson process [16]. Each call is 
served with a constant intensity of µ calls/hour and the holding time per call 
follows an exponential distribution with a mean of 1/µ. Furthermore, the 
system has m lines serving the calls and they are served in order of arrival. 
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If a call arrives and finds all lines busy, the call is blocked. The server 
refuses the call and it is treated as at it never occurred. These mentioned 
specifications are all characteristics of an Erlang system.  
 The notation of an Erlang loss system with m number of lines/servers is 
M/M/m* and the queuing model is shown in Figure 5.3.  
 In respect of the examined traffic in a Bluetooth piconet, one Bluetooth 
unit has the ability to serve up to three simultaneously voice calls. Hence, 
the notation in a queuing model for one Bluetooth unit is M/M/3*, the 
corresponding model is shown in Figure 5.4. 

Figure 5.3: M/M/m* queuing model. 

Figure 5.4: M/M/3* queuing model. 
 
To show the probability distribution for a M/M/m* system, the following 
formula can be used to calculate the probability that a certain number k of 
calls are served by the system:  
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When all lines are busy, i.e. when k=m, the system cannot serve any more 
calls; A new call is blocked. This is represented by the state probability 
distribution pm: 
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The carried traffic i.e. the load, is given by this formula: 
 
Carried traffic:  [ ])(1 ρmAY Ε−=  (5.6) 
 
The following example gives some further understanding of Erlang’s first 
formula: 
 
Calculate the blocking probability of a M/M/3* system where calls arrive with 
the constant rate of λ = 24 calls/h  and a call has the mean service time of s 
= 5 min (s =5/60 h). 
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The calculated probability of a call being rejected is approximately 21%. 
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6 Simulation Tool 
6.1 Introduction 

Since mathematical analysis of management algorithms and models often 
are unsufficient, a simulation tool is needed to provide a more profound 
analyze. Furthermore, in the cases where mathematical formulas is used, a 
simulation tool can be used to verify, compare and evaluate the results.  
 It is important that a well-considered choice of simulation tool is done. 
Therefore several alternatives have been investigated for the simulation part 
of this thesis. The tool that was found to suit the predefined demands best 
was the open-sourced event-driven simulator Network Simulator version 2 
(NS-2) [18] together with the Bluetooth extension BlueHoc [19].  
 NS-2 together with BlueHoc have been used with the intention to include 
a part of the thesis with a more practical approach. The goal was to use NS-
2/BlueHoc to create some simple simulation models. 

6.2 Network Simulator 
The Network Simulator has been constructed with the intention to be an 
effective and stable tool when performing networking research and 
development. NS-2 provides considerable support for simulation of e.g. 
TCP, routing and multicast protocols over wired and wireless networks.  
 The Network Simulator consists several components (programs, 
programming languages, folders). The most important components, which 
have been used in this project, are listed below followed by a short 
description. 
 
TCL/TK 
TCL stands for Tool Command Language and is an open-source, cross-
platform scripting language. TCL can easily be integrated into different 
applications. TK stands for ToolKit and is used to create graphical 
interfaces. TK suits well with TCL but can be used by other languages as 
well. 
 
OTCL 
Object TCL is an extension to TCL/TK for object-oriented programming. 
 
TCLCL 
TCLCL provides a connection between C++ objects and OTCL. 
 
NS-2 
NS-2 is the chosen version (NS-2.1b7a) of NS. This is the core of the 
network simulator. 
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BlueHoc 
BlueHoc is an extension to the Network Simulator, it allows users to 
evaluate Bluetooth performance under various networking scenarios. It is 
based on C++ with OTCL interface for configurations and uses Network 
Animator (NAM) for displaying the simulations graphically. BlueHoc can 
simulate a piconet with a Master and seven Slaves. BlueHoc closely 
approximates the lower layer Bluetooth protocols. The intention with 
BlueHoc is to provide a platform to evaluate performance of proposed 
improvements to the technology.  
 When a simulation is started, traces are printed on the standard output 
that shows the occurrence of the most important events. These dumps can 
be used to calculate essential results, e.g. throughput or delay times at 
different levels and stages.  
 
The key issues addressed by the BlueHoc simulator are: 

• Device Discovery performance of Bluetooth.  
• Connection Establishment and QoS negotiation.  
• Medium access control scheduling schemes.  
• Radio characteristics of Bluetooth system. 
• Statistical modeling of the indoor wireless channel. 
• Performance of TCP/IP based applications over Bluetooth. 

 
The following Bluetooth layers have been simulated: 

• Bluetooth radio. 
• Bluetooth baseband.  
• Link Manager Protocol. 
• Logical Link Control and Adaptation Protocol (L2CAP). 

 
Figure 6.1 shows the Master node and the connection between the objects. 
The C++ objects are: 
 
Baseband:   

• Frequency Hopping Kernel (79 hop) 
• Error Model 
• Inquiry and Paging procedures 
• Transmission and reception of baseband packets 

 
BT_DRRScheduler: 

• Deficit Round Robin (DRR) scheduling 
 
LinkController: 

• Implements stop and wait ARQ 
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LBF: 
• The Leaky Bucket Filter is used at the Master for shaping the traffic 

received from an application  
 
LMP: 

• Simulates LMP signaling related to connection establishment and QoS 
negotiation    

• Implements those HCI commands which require LMP exchanges 
 
L2CAP: 

• Simulates the L2CAP SAR, protocol multiplexing and signaling 
functions. Signaling is limited to sending and receiving connection 
request and response 

 
BTHost: 

• Request inquiry from the baseband 
• Requests paging for the received Bluetooth addresses from the   

Baseband 
• Looks up the flow specifications for the application which intends to 

use an ACL connection to request QoS from Link Manager  
• On QoS being accepted calls sendL2CA_ConnectRequest to initiate 

L2CAP connection establishment  
• After L2CAP connection is established, it starts the application  
• Calls dataWrite primitive provided by L2CAP with the proper 

connection handle for every packet received from the application 
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Figure 6.1: Structure of a BlueHoc Bluetooth node. 
 
The following Bluetooth packet types are supported: 
BT_NULL, BT_ID, BT_POLL, BT_FHS 
BT_DM1, BT_DH1, BT_HV1, BT_AUX1, BT_HV2 
BT_DM3, BT_DH3, BT_HV3, BT_DV 
BT_DM5, BT_DH5 
 
BlueScat 
BlueScat is a more recent version of BlueHoc and enables scatternet 
simulations. The main functionality is the capability for a Slave to switch 
between piconets. BlueScat also considers inter-piconet interference. 
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6.3 Usage of NS-2/Bluehoc 
The main reason of including a simulation part in the thesis was to study 
some simple performance characteristics in a Bluetooth piconet. Another 
reason was to study how a simulation tool can be used as an instrument to 
improve management factors and to as accurately as possible simulate the 
performance improving changes and present results. BlueHoc provides a 
platform that offers the fundamental parts of the Bluetooth functionality. On 
top of this platform it is possible to implement and include functions to test 
proposals increasing the performance of Bluetooth, which then can be 
analyzed and compared with each other.   
 Providing QoS service is one important management issue that can be 
studied with the tool, for example, it would be possible to implement and test 
other more efficient and fair scheduling mechanism than the offered Deficit 
Round Robin scheduler. Another topic can be to study the buffers at 
different levels and see how much influence they have on performance.  
 NS provides support for higher layer applications like Telnet and FTP. 
Some traffic generators are also included, such as exponential, Constant Bit 
Rate (CBR) and Pareto distributed traffic. With some implementation 
modifications these can be used in Bluehoc as well. NS-2/BlueHoc also 
supports different transport layers such as UDP and TCP. All of these 
mentioned traffic-generating parameters provide means to study how 
different kinds of traffic behaves and can be managed within a Bluetooth 
network.   

6.4 Limitations 
In this thesis, the goal with the simulation part merely was to embrace some 
simple test cases. However, a number of difficulties and limitations were 
found during the work with the simulator. Especially with BlueHoc many 
problems were encountered. Since BlueHoc is an open-source project, it 
does not provide a perfectly stable environment. Many functions still have to 
be implemented to provide a more reality based functionality. Bluehoc does 
not provide support for SCO channels. Data can only be transmitted in one 
direction, in the other only ACKs are transmitted. Some other lacks, errors 
and functionalities not supported have been discovered limiting the 
possibilities of what can be simulated without making time demanding 
debugging and additions in the code. Coming versions of BlueHoc or own-
made improvements of the current version would have made it possible to 
perform more extensive and advanced studies through computer 
simulations. This was however, not within the defined scope and goal for 
this thesis. 
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Part B 

Traffic Management in a Bluetooth Network 
 

7 Introduction 
Part B, Traffic Management in a Bluetooth Network, will present and discuss 
important traffic management issues for Bluetooth units in the role of access 
points to a larger networks. Part B will mainly embrace the Bluetooth piconet 
and the goal is to present, examine and propose improvements for 
characteristics affecting throughput, bandwidth utilization, fairness, QoS and 
other performance attributes. Also, limitations within Bluetooth at piconet 
level and different factors affecting performance that have to be considered 
are discussed. The result from the chapter discussing these characteristics, 
mechanisms and limitations is used to propose solutions and improvements 
of how to handle Bluetooth units as access points in a MediaCell 
environment. This is done by presenting models of Bluetooth units working 
with solely data or voice or a combination of them. 
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8 Piconet Traffic Management 

8.1 Introduction 
There exist many issues that are important for piconet traffic management. 
This chapter will introduce some of the behaviors and mechanisms that 
affects the units in a piconet. QoS is initially discussed and is an important 
factor in the hunt for efficiency and maintenance of a high level of quality. 
Several examples of how the Masters scheduling of the Slaves can be done 
and improved is presented as well as improved SAR procedures. The 
chapter ends with discussing factors that have effect on throughput and 
performance in the piconet.  

8.2 Quality of Service 

8.2.1 Introduction 
In Bluetooth, QoS mechanisms can be located at several levels. In this 
thesis QoS above L2CAP will not be discussed. The main QoS features and 
set-ups are located and done at L2CAP and LM level. A review of the QoS 
parameters and procedures will be presented in this section.  

8.2.2 QoS Parameters 
Bandwidth 
Two main parameters affect the actual air-interface bandwidth [20], the 
scheduling policy managed by the Master and the baseband packet type 
selected by the LM for transmission. Furthermore, the air-interface should 
include sufficient application-based re-transmission bandwidth due to 
interference and other capacity reductions on the wireless link. 
 
Latency 
In Bluetooth there are several sources of delay. Reasons for delay could be: 
insufficient amount of available bandwidth, retransmissions, flow control 
causes delay when data is not processed fast enough, possible inter-piconet 
multiplexing, connection establishment procedures, priority issues (SCO 
traffic may delay ACL traffic because of the higher priority of the SCO 
traffic). Signaling and user data share the same ACL link and signaling has 
higher priority than user data. If multi-slot packets are used, the LM may 
have to await more incoming data before sending the multi-slot packet 
hence delay is generated. Keeping the right order of packets is another 
important issue. Bluetooth preserves the order of data packets at the 
baseband level. 
 
Reliability 
Reliability increases the required bandwidth and increases the delay, 
causing a trade-off situation between reliability and bandwidth/delay. 
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Depending on the application a suitable choice must be made. Not all 
applications are conserned about reliability, for example, real-time 
applications are instead delay sensitive. Bluetooth supports two major 
reliability factors: FEC, where bits are added to detect bit errors and possible 
correct them and ARQ, where a packet is retransmitted if no 
acknowledgement is received.  

8.2.3 QoS at LM Level 
The Link Managers perform QoS negotiation on a peer-to-peer basis to 
ensure coordination. The main tasks for the LM, from a QoS perspective, 
are to choose appropriate packet size, setting polling intervals, allocating 
buffers, allocating bandwidth etc. [1,20]. LMP signaling messages are not to 
be delayed by L2CAP packets. LMP signaling messages can though be 
delayed by retransmitted baseband packets. The two Protocol Data Units 
(PDU) used for QoS setup are LMP_quality_of_service (the Master informs 
the Slave about the settings, non negotiable) and 
LMP_quality_of_service_req (the Slave requests for new QoS settings, 
either accepted or rejected by the Master). Both these messages include a 
poll interval parameter and a maximum number of repetitions of broadcast 
packets. 

Figure 8.1: QoS messaging [6]. 
 
 The PDUs LMP_max_slot and LMP_max_slot_req are used by the LM 
to control the slot sizes (1,3 or 5 slots). A Slave must make a request from 
the Master to use multi-slot packets but it is always the Master who decides 
whether or not to use multislots. A remote LM can receive and/or request 
information about the LM features with the PDUs LMP_features_req and 
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LMP_features_res. The messages can contain information of which slot-
size, mode etc. the LM supports. 
 
 When the level of QoS is being negotiated between a Master and a 
Slave the QoS_Setup command is essential. The QoS_Setup command 
makes the service type, traffic and QoS parameters available to the 
underlying baseband layer. The command parameters of the QoS_Setup 
command is listed in Figure 8.1 and further explained below in the QoS 
parameters subsection. 
 The QoS_Setup command triggers an LMP_quality_of_service_req 
(Slave to Master request) to ask if the required QoS can be supported. The 
response from the baseband to a QoS_Setup command is given by the 
event QoS_Setup_Complete, the event indicates if the QoS negotiation has 
been successful or not. 

8.2.4 QoS at L2CAP Level 
QoS at L2CAP level is based on end-to-end communication meaning that 
each peer asks its LM to perform a QoS request. In systems where the HCI 
is implemented, this communication is done through HCI commands and 
events. L2CAP provides service for both SCO and ACL connections. For 
connectionless services [1] L2CAP only needs to support ‘Best effort’5 
service type. Support for any other service type e.g. ‘Guaranteed’6 service is 
optional. If some QoS guarantee are required then a QoS configuration 
request must be sent. For connection-oriented traffic, QoS is defined 
through resource reservation, the reservation of time slots in the baseband 
is used to provide reliability (see subsection 4.3.3). In Figure 8.2 is the 
messaging for QoS setup presented. 

                                            
5 Nodes will make their best effort to deliver a transmission but will drop packets indiscriminately 
in the event of congestion managing the bandwidth or assigning priority to delay-sensitive 
packets [10] 
6 A service level that attempts to guarantee a minimal delay for traffic delivery [10] 
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Figure 8.2: QoS messaging [6]. 

8.2.5 QoS Parameters 
Service Type 
The Service Type can be ‘No Traffic’, ‘Best Effort’ or ‘Guaranteed’ where 
‘Best Effort’ is the default type. The Bluetooth Specification [1] states that 
L2CAP implementations are only required to support ‘Best Effort’. 
 
Token Rate 
The Token Rate indicates the rate that the LM should remove data from the 
transmission buffer. The polling interval must be frequent enough to support 
this rate. Depending on the service type, i.e. ‘Best Effort’ or ‘Guaranteed’, 
the right measures must be done. 
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Token Bucket Size 
L2CAP must make sure that the size of the buffer meets the requested size. 
Token Bucket Size represents the maximum burst size. If the buffer is full 
and the service type is ‘Guaranteed’, the request should be rejected. If no 
appropriately sized buffer is available and the service type is ‘Best Effort’, 
the largest available buffer should be allocated. Token Bucket Size is not 
included in the QoS_Setup. 
 
Peak Bandwidth 
Represents the maximum transmission rate of the source. The Peak 
Bandwidth is managed by the L2CAP. 
  
Latency 
The LM should ensure a minimum delay between packet generation and 
start of packet transmission on the air-interface. The polling interval must be 
at least this value. A smaller interval must be used if the value cannot be 
met.  
 
Delay Variation 
Can be used to determine the buffer size at the receiver. The LM manages 
delay variation. 
 
Flush Timeout 
The LM uses the Flush Timeout to specify the maximum time period whitin 
which the baseband attempts to retransmit baseband packets before the 
L2CAP packet is flushed.  

8.2.6 Conclusions 
It is essential to point out that Bluetooth QoS will and must undergo 
enhancement and improvement in coming years; see [20] for improvement 
proposals. It is however absolutely clear that QoS is of highest importance 
to provide a reliable system were the users get what they want. 

8.3 Traffic Scheduling  

8.3.1 Introduction 
Bluetooth is a Master driven Time Division Duplex (TDD) system. A Slave 
can only transmit a packet after the Master polls the Slave or transmits a 
packet to the Slave. The Master transmits packets to a Slave in even slots 
and the Slave transmits packets to the Master in odd slots. If a Master 
transmits to a Slave, the next time slot is reserved for the Slave regardless 
of whether the Slave has packets to send or not. This is why an efficient 
polling algorithm could increase performance thoroughly. A more developed 
scheduling policy than a cyclic polling policy where the Master polls each 
Slave one by one and letting them send whatever type of packet they want, 
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could depend on e.g. the factors listed below. The main goal is to use 
available time slots as efficiently as possible. 

 
• The state of the queues at the Master and Slave, how much packets 

do they contain? 
• The traffic arrival process, at what rate are packets arriving? 
• Prioritized traffic, perhaps one type of traffic requires a certain level of 

QoS and hence must be scheduled more frequently? 
• Packet length distribution, the variable size of the baseband packets 

has to be considered. If SCO channels are included they will also 
affect the scheduling. 

• Fairness, the Slaves should get the same fraction of their fair share of 
the available bandwidth or negotiated QoS requirements. 

 
 It should be noted that fairness and high throughput does not go hand in 
hand, especially if there are unsymmetric traffic volumes. Throughput might 
have to be sacrificed for fairness and vice-versa.  
 Below, a number of different scheduling policies are briefly presented. 
Also note that the scheduling dealt with in this chapter only regards ACL 
traffic. Scheduling of SCO traffic is simply done by reserving slots at regular 
intervals, e.g. every third pair of time slots (HV3 packets). 

8.3.2 Pure Round Robin (PRR) 
In PRR the Master polls the Slaves in cyclic manner where the polls are 
equally divided between the Slaves, hence if there are seven active Slaves 
in a Piconet each Slave gets one seventh of the polls. The PRR scheduler 
does not consider the number of polls that is needed by a Slave. Pure 
Round Robin constitutes the basis for most of the discussed Bluetooth 
schedulers presented in this chapter [21].  

8.3.3 Deficit Round Robin (DRR) 
The DRR scheduler is an extension of the round robin scheduler and 
achieves almost perfect fairness in regard of throughput. The 
implementation of the scheduler is quite simple. The basic concept of the 
DRR scheduler is that the Master chooses the appropriate baseband packet 
to be used depending on the packet size incoming from a higher layer. In 
DRR the capacity not used in the round is preserved to be used in the next 
round if the packet is too large to be served in the current round. Deficit 
Round Robin is probably the mechanism of choice for many vendors in the 
first generation of Bluetooth products. 

8.3.4 Exhaustive Round Robin (ERR) 
Similar to PRR, a cyclic fixed order is defined. The difference is that the 
Master does not shift to the next Slave until both the Master and Slave 
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queues are empty. The cycle length might vary much without any bound 
[21]. 

8.3.5 Limited Round Robin (LRR) 
The LRR scheme works like ERR but with a limitation of the number of 
transmissions per cycle. The limitation can be set to any value, if the 
limitation is equal to 1 it will function exactly as PRR [21]. 

8.3.6 Limited and Weighted Round Robin (LWRR) 
In LWRR each Slave is assigned a weight, this weight is initially set to 
Maximum Priority (MP). When a Slave is polled and does not have any data 
to transmit, the weight of the Slave is reduced one step. When there is data 
to transmit the weight of the Slave is increased to MP. The weight of a Slave 
cannot have a value below 1, if the weight is equal to 1 the Slave has to wait 
a maximum of MP-1 cycles to get a chance to transmit [21]. 

8.3.7 Fair Exhaustive Polling (FEP) 
The FEP divides the Slaves into two groups, one with active nodes and the 
other with inactive nodes. To measure if a Slave is active or not the poller in 
the Master keeps track of the number of useless polls (when the Slave does 
not have any data to transmit). If a Slave is not active enough, it is put in the 
inactive group. The Slaves in the inactive group are not polled as often as 
the others but the Master regularly polls the inactive group to see if a Slave 
has become active. A maximum inter-poll interval can be set to control when 
the Slaves in the inactive should be polled [22]. 

8.3.8 Predictive Fair Polling (PFP) 
The PFP considers two factors, availability of data and fairness. These two 
factors are used to decide which Slave to poll. The PFP can be used to poll 
both ‘Best Effort’ and QoS traffic. For ‘Best Effort’ traffic, the Traffic Demand 
Estimator makes an estimation of the average inter-arrival time. The Data 
Availability Predictor calculates the probability of a Slave having a baseband 
packet to transmit to the Master. One way to do this is to look at the last sent 
packet, if that packet contains user data it is likely that another packet is 
waiting at the Slave. The Fair Share Determinator makes sure that available 
polls are equally divided among the Slaves that have a baseband packet 
waiting. The Decision Maker makes the decision of which one of the Slaves 
to poll based on both probability of data (availability) and on fair share. The 
PFP can also be extended to support QoS traffic where the Master polls the 
Slaves as a result of an negotiating procedure [22]. 

8.3.9 Priority Policy (PP) 
With the Priority Policy polling the highest priority is given to the connections 
where both Master and Slave (1-1) have data to transmit. The situation 
where the Master has data to transmit and not the Slave (1-0) or vice versa 
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(0-1), are treated with the same priority. If neither have data to send (0-0) no 
scheduling is done. A parameter decides how much more priority the 
situation where both Master and Slave have data to transmit should have 
over the situation when only one of them have data to transmit [23]. 

8.3.10 K-Fairness Policy (KFP) 
KFP is a improved version of PP where fairness is included. Round Robin 
scheduling is performed in the 1-1, 1-0 and 0-1 states. 1-0 or a 0-1 
connection will sacrifice its connection to a 1-1 case if the difference 
between the service received does not exceed K slots. KFP keeps order of 
the length for each pair of queues. Two threshold values exist, a maximum 
value (Master-Slave pair that have received maximum excess service) and a 
minimum value (Master-Slave pair that have sacrificed maximum service to 
other connections). If the difference between the maximum and minimum 
value exceeds the number K no more service is given to that pair and the 
connection is given to another pair. If there are several 1-1 connections they 
are served in a RR manner. If the K value is set to 0 the scheduling policy 
works as a PRR scheduler [23]. 

8.3.11 Head-of-the-Line Priority Policy (HOL-PP) 
In the HOL-PP the different pairs (Master-Slave connections) are divided in 
classes that have different priorities. These priorities are based on the size 
of the HOL packets at the Master and Slaves queues (e.g. a 3-1 Master-
Slave pair has a size three HOL packet at the Master queue and a size one 
HOL packet at the Slave queue). A HOL packet is either a 1, 3 or 5 time slot 
ACL packet. All pairs in a class have the same priority. The highest priority 
is given to the first class (P1), the next highest is given to the second class 
(P2) and so on. The scheduler first serves the pairs in the first class that 
have data to transmit in a RR manner. Each connection has a priority 
according to what class it belongs to, e.g. if P1 then the connection is served 
P1 times. If the connection changes class while in service, the service is 
taken over by a connection belonging to another class one connection 
[23,24]. 

8.3.12 Head-of-the-Line K-Fairness Policy (HOL-KFP) 
HOL-KFP is a combination of the earlier described policies KFP and HOL-
PP. The Master-Slaves pairs are divided into priority classes as in HOL-PP. 
If a class two pair tries to sacrifice its service to a class one pair it is only 
allowed to do so if:  
 Maximum value (Master-Slave pair that have received maximum excess 
service) – Minimum value (Master-Slave pair that have sacrificed maximum 
service to other connections)  <  K.  
 If there is no class one service, the service is given to a service within 
the same class [23,24]. 
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8.3.13 Adaptive Flow-based Polling (AFP) 
In AFP a polling interval is defined, the interval is changed based on the 
traffic rate in the channel (indicated by the variable flow). The polling interval 
is defined as the maximum time limit before the Master must serve a Slave. 
If flow = 1 the flow rate is high and therefore its polling interval is reduced so 
it can be served more often. If flow = 0 no change is done to the polling 
interval. 
 There are two variants similar to AFP, they are called Sticky and Sticky-
AFP. A parameter called num_sticky is added to decide how many packets 
that should be transmitted for a certain queue [25]. 

8.3.14 Conclusions 
To answer which one of these policies that would perform best is difficult. 
The question is rather dependent on in which environment you apply the 
policy to. As long as the Bluetooth specification [1] is followed any of these 
policies will likely improve performance compared to the PRR scheduling. 
However, if simplicity is aimed for and the bandwidth utilization requirements 
are not that high, a simple round robin scheduler would be enough. In a 
situation where the requirements on bandwidth are high and every time slot 
has to be used, a scheduling policy that is as adapted as possible to the 
environment where it is used could improve performance considerable. 

8.4 Segmentation and Reassembly 

8.4.1 Introduction 
In Bluetooth the SAR mechanism creates Medium Access Control (MAC) 
packets that can have the length of either 1,3 or 5 time slots and are 
transmitted as baseband packets between Master and Slaves. The SAR 
mechanism is located in L2CAP. Note that only ACL traffic has varying 
packet sizes. The specification [1] do not specify how to choose packet size, 
instead it is up to the vendors to propose a packet choice mechanism. One 
important input parameter is that it is always the Master who has control 
over which type of packet that is used over each individual link in a piconet.  
 There can be several parameters deciding which size and type of packet 
to use, some of the factors are: 

 
• Quality of the link: If the BER is high it is more likely that small packets 

will arrive without errors. Moreover, DM packets are better protected 
and can therefore be a better alternative in environments where errors 
are likely to occur. 

• Size of arriving packets: If the size of the packets arriving from a higher 
layer are small, it would be more bandwidth efficient to use small 
baseband packets. 

• Application: E.g. if a MediaCell user would use an MT for web-
browsing more data would be transmitted in the Master-Slave direction 
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than in the opposite way. A bandwidth-efficient solution would then be 
to send DH5 packets in Master-Slave direction and DH1 packets in 
Slave-Master direction. 

• SCO channels: If one SCO channel are included only 1 and 3 time slot 
packets can be used. If two SCO channels is included only 1 time slot 
packets can be used.  

 
 In this chapter a few SAR mechanisms will be presented. Besides these 
more sophisticated solutions it should be noted that there will probably be 
many situations where only one packet size, most likely one time slot sized 
packets, will be supported. In addition to the SAR mechanisms presented 
below the Random-SAR policy is introduced, mainly to be able to evaluate 
and investigate the other policies. In Random-SAR the length (1,3 or 5 time 
slots) changes randomly is are chosen from a uniform distribution.  

8.4.2 Intelligent SAR (ISAR) 
The ISAR policy takes into consideration what data rate (or traffic 
distribution) the incoming traffic has to either Master or Slave from higher 
layers. There can be different cases with different traffic distributions. 

• High data rates from Master-Slave and Slave-Master. The MAC packet 
sizes should be the same for both ends so that they are served at 
equal rate. 

• High data rate at one end and low at the other.  For the high data rate 
side, large packets and consequently small packets for the other side 
should be used. 

• Varying data rates at both sides. The SAR unit needs to know the 
arrival rate of packets on the other end. To do this a bit is reserved in 
the data packet for signaling purposes, this bit is set to zero if the 
arrival rate is low and to one if it is high [23,24]. 

8.4.3 Partial Reordering SAR (PRSAR) 
PRSAR uses the HOL packet and the SHOL (Second Head-Of-the-Line) 
packet in the queue. By using a random packet size distribution, 
performance can be improved. In PRSAR the Master uses its knowledge 
about the size of the HOL packet at the opposite side. Due to slot 
restrictions it may, when the HOL packet is too large to be transmitted, be 
impossible for the Master to schedule the HOL packet, if instead the SHOL 
packet has an appropriate size it instead can be sent.  
 The procedure has two steps. First the Master chooses to schedule the 
HOL packet or the SHOL packet, depending on the HOL size at the Slave 
queue. The Slave queue chooses to schedule the HOL or the SHOL packet 
depending on the size of the packet transmitted by the Master. If a 
restriction is made, because of reserved SCO time slots, so that at most one 
packet can be reordered it is possible to have only one additional bit in the 
packet headers to indicate the order of the packets. Since packet reordering 
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is made and Bluetooth does not support reordering, the protocol must be 
improved [23,24]. 

8.4.4 Best Fit (BF) 
The BF policy segments higher layer packets to an adequate 1,3 or 5 slot 
packet depending on the size of the higher layer packet. The following steps 
describe the BF procedure: 

1. If the maximum number of available slots = 5, the incoming L2CAP 
packet is divided into an integral number of 5 slot baseband packets. 

2. If the maximum number of slots ≥ 3, the remaining bytes are divided 
into an integral number of 3 slot baseband packets, 

3. The remaining bytes are divided into an integral number of 1-slot 
baseband packets [25]. 

8.4.5 Optimum Slot Utilization (OSU) 
OSU is an extension of BF and maximizes transmitted data by sending 
multi-slot packets. The number of steps needed to fragmentize a packet is 
reduced. The following steps describes the behavior of OSU: 

1. If the maximum number of slots = 5, the incoming L2CAP packet is 
divided into an integral number of 5 slot baseband packets. 

2. If the remaining size is larger than that of a 3-slot packet it, should be 
sent as a 5-slot packet. 

3. If the maximum number of slots ≥ 3, the remaining bytes are divided 
into an integral number of 3 slot baseband packets, 

4. If the remaining size is larger than that of a 1-slot packet, it should be 
sent as a 3-slot packet. 

5. The remaining bytes are divided into an integral number of one-slot 
baseband packets [25]. 

8.4.6 Conclusions 
Defining a policy that covers all the parameters mentioned in the beginning 
of this section is difficult since they interfere and overlap each other in some 
senses.  As with the scheduling policy, also a SAR policy has to be chosen 
with respect to the environment it is supposed to work in. It is clear that a 
choice of packet type has to be made since it considerably increases the 
capacity of transmitting user data. It should be mentioned that the 
scheduling policy and the SAR policy often go hand in hand and are 
participants in the same mechanism. 

8.5 Factors Affecting Throughput and Performance 

8.5.1 Connection Establishment Signaling 
In an environment consisting of a Master (AP) and up to seven Slaves 
(MTs), some bandwidth will be lost due to connection establishment 
signaling. There are four connection establishment modes that, when they 
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are performed, steal bandwidth from already existing channels. The modes 
inquiry, inquiry scan, page and page scan are often performed in a cyclic 
manner (per mode), and they do not always render in a connection. Hence, 
they are merely taking bandwidth from existing channels. The question of 
how much bandwidth and time that should be used for connection 
establishment depends on, for instance, the following questions: How easy 
should it be to find another unit? When does the decrease of bandwidth for 
existing connections get too pronounced? An MT is battery driven, how 
much time can the MT spend in e.g. inquiry scan mode without draining the 
batteries too much? Proposals of how to solve these matters are discussed 
in chapter 9. Another event that may decrease performance is when the MT 
has to enter a connection establishment procedure of its own. This can be 
the case when a user of an MT is carrying some other Bluetooth equipped 
devices creating a personal piconet. If some of the connection establishment 
procedures in the AP and in the MT occur at different times, even more 
bandwidth will be lost.  

8.5.2 Influence of SCO Traffic on ACL Channels 
As presented in Chapter 4.3, an SCO channel reserves time slots at regular 
intervals. This behavior has a tremendous impact on other matters, e.g. on 
connection establishment performance and on the throughput for coexisting 
ACL channels. To give an understanding of the reduced performance, an 
example is presented here where one SCO channel is being introduced.  In 
this case the time to find new units (mean inquiry response time) would be 
increased with 154 %, from 2.27 s to 5.78 s [26]. The maximum available 
bandwidth for the remaining channels in the piconet would be decreased by 
almost 43 %. This number is calculated assuming that before introducing 
one SCO channel, DH5 packets are used in one direction and DH1 packets 
in the return direction and after including one SCO channel, DH3 packets 
are used in one direction and DH1 packet in return direction. If DH1 packets 
are used in both direction before and after including one SCO channel, then 
the available bandwidth is reduced with 33 %.  
 If two SCO connections are introduced, the abilities are further reduced. 
Now it only possible to use DH1/DM1 packets and therefore the available 
bandwidth might be reduced with as much as 85 %. The average time to 
find a new unit would be as much as 17.18 s (mean inquiry response time) 
 Finally, if there are three SCO connections in a Piconet, no ACL 
connections is allowed and the Piconet Master cannot be discovered. The 
only non SCO traffic transmitted in the Piconet would in this case be Link 
Management control packets, which are needed to shut down SCO links 
when all time slots are occupied by SCO traffic. 

8.5.3 Interference Between Bluetooth Units 
If several piconets operate in the same area, packet collisions might occur. It 
is impossible for two piconets to unconsciously have the same hopping 
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frequency since the hopping frequency depends on the Master BD_ADDR 
(Bluetooth Device Address).  Though, occasionally the hopping frequency of 
two piconets will jump onto the same frequency and an error will occur. The 
more piconets that co-exists in the same area, the more likely it is that 
transmission is slowed down due to the interference. There is an common 
estimation that if 10 piconets are operating independently in the same area, 
the combined rate will stay above 6 Mbit/s. Another study [27] shows among 
other things, that a link throughput of e.g. 100 kbit/s can be maintained for 
90 % of all links up to a load of around 80 continuously transmitting 
piconets, if multi-slot packets are used and the Masters are uniformly 
distributed in a room of 10 m ∗ 20 m size.  

8.5.4 Interference from other Sources 
Since Bluetooth operates in the unlicensed ISM band, it is likely that 
interference may occur. Other radio technologies operating in the ISM band 
might be one source, machines in an industrial environment or microwave 
ovens are examples of other possible interferers.  
 In [28], the throughput reduction caused by frequency overlap of WLAN 
and Bluetooth has been studied. The WLAN system investigated is IEEE 
802.11b providing a data rate of 11 Mbit/s. The study shows that for ACL 
traffic at an operating distance of 10 m, the throughput reduction of more 
than 10 % occurs with 24 % probability. For an SCO connection at the 
distance of 10 m, the probability of disturbance is 8 %. As a consequence of 
the limited frequency overlap of the WLAN and Bluetooth systems, the 
throughput reduction in the Bluetooth system can never exceed 22 %. 

8.6 Conclusions 
This chapter has shown that there are several issues that have a negative 
influence on performance. These issues have to be considered when 
designing and dimensioning a Bluetooth system. Since Bluetooth devices 
are relatively cheap, one relatively simple solution to avoid getting an under-
dimensioned system is to add several Bluetooth devices or chips on top of 
each other. This is further discussed in Chapter 9 and Chapter 10. This 
chapter has also presented some mechanism that, if properly utilized, can 
improve the situation and ease the impact caused by the presented 
limitations and provide a higher QoS.  
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9 Introduction to Traffic Models 
9.1 Introduction  

This chapter will introduce and discuss a number of ideas and proposals of 
how to improve performance for Bluetooth units in the role of an access 
point to a larger network. The network that is studied and from which the 
proposals are constituted of is foremost based on parameters and concepts 
from the MediaCell system (Chapter 2). Though, some issues are not 
MediaCell related, rather based on own assumptions, thoughts and ideas. 
The discussion in this chapter embraces both SCO and ACL traffic with 
slightly more concentration on SCO and voice calls.  The content of this 
chapter makes foundation for Chapter 10 and Chapter 11. 
 In the sections below some new concepts will be presented. An AP will 
be considered as a unit residing one Bluetooth unit, an MAP (Multi AP) will 
be considered as a unit residing two or more Bluetooth units. In a MediaCell 
network, the Bluetooth protocol stack is divided in two entities where the 
layers above the HCI are located at a CC and the layers below the HCI are 
located in the AP. In this chapter the CC and the AP will be looked upon as 
if they were the same unit and be addressed as an AP or as an MAP. The 
discussion below will also embrace the usage of a Central Unit (CU). The 
CU has a functionality similar of the GW in the MediaCell network. It should 
also be noted that many of the areas discussed in this chapter are on the 
very edge of the Bluetooth technology research, therefore many of the 
solutions and ideas are based on own thoughts and ideas and have not 
been applied, implemented or tested. 

9.2 Presumptions  
The impact that SCO channels have in a piconet with regard to bandwidth 
usage is crucial. If one of the Master-Slave connections is used for SCO 
traffic available bandwidth decreases for the ACL connections. The ability to 
find new potential units to communicate with also decreases, both in the 
inquiry and page procedures and hence, also the ability to be discovered by 
a scanning unit. Subsection 8.5.3 presented this influence more thoroughly.  
  In a multi service scenario where voice is one supported application and 
a certain level of QoS has to be maintained, the need to control SCO traffic 
is essential. There are several ways of introducing such control, some ideas 
and proposals are presented in the sections below. 
 One major future property of the MediaCell concept is to support 
handover between APs. Since handover possibility in Bluetooth is rather 
uninvestigated, the discussion will assume non-handover functionality. 
However, some suggested approaches will have similar functionalities to 
handover. It should also be noted that if handover was to be supported, 
meaning that a user can pass several APs and maintain a voice call, other 
ways of modeling would be applicable.  
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 The discussion and proposals below are mainly concentrated on traffic 
streaming from MTs into the network. 

9.3 Single AP 
Assume that there only exist one Bluetooth unit in the AP. To reduce the 
decrease of bandwidth usage as a cause of including an SCO link, a 
maximum number of SCO channels can be introduced. If for example the 
limit is set to one SCO channel and another SCO establishment is 
requested, the request would be denied.  
 If a CU is presumed to exist (perhaps included in the GW or CC), it could 
decide whether or not an SCO channel should be admitted. The CU must 
have knowledge of the ongoing traffic to and from the AP in question. Then 
the CU then have the ability to decide if a sufficient level of QoS can be 
provided to the ongoing traffic when an SCO channel is introduced in the 
piconet. 
 To fully utilize a single AP only SCO traffic should be allowed. This is the 
case treated in the models in Chapter 10 where only SCO is studied.  

9.4 Multi AP 
A more costly solution would be to provide more bandwidth in the same 
area. This could be achieved by placing two or more APs (can also be 
addressed as Bluetooth units) in the same coverage area, preferably on the 
same spot and under the same cover (Figure 9.1). This would also simplify 
and keep the cost for the backbone connection at a low level, since only one 
backbone interface, would be needed.  
 To continue in this direction, the next step would be to give the Bluetooth 
units in the MAP different tasks. To start with, two groups could be defined 
where one takes care of solely SCO traffic and the other works with ACL 
traffic.  
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Figure 9.1: Example of an MAP topology. 
 
In the situation where a user initiates communication between the MT and 
the MAP, the Bluetooth device in the MT can either already be a part of a 
established piconet or not. In the latter case, the MT is required to perform 
inquiry and then page. During inquiry, information from the answering 
devices is listed in the MT’s Bluetooth device. To avoid getting answers from 
every Bluetooth unit in the area, it is possible to use a filter and only get 
responses from wanted Bluetooth devices. This filter can be instructed to 
only report a device with a certain Bluetooth device address or to report only 
devices with a specific class [1,6]. The HCI command HCI_Set_Event_Filter 
sets the criteria of the filter.  
 This presents a way to direct a connection to a certain kind of Bluetooth 
unit in the MAP. As a consequence, the connection time will be reduced. 
Keeping delay time as low as possible is of highest importance, especially in 
the case of voice traffic.  
 It should be mentioned that whether a filter is used or not, an MT does 
not initiate communication with one of the answering units stochastically. 
Either the user will, after an inquiry has been done, choose which unit to 
connect to, or an application in the MT chooses which Bluetooth unit to 
establish the connection with. The latter case seems preferable since the 
user is unlikely to care which of the units in the MAP a connection is 
established with. Therefore, an application in the MT is needed to control 
and direct the requested service.  
 We now have a solution where a user easily can initiate a voice call and 
if there are any SCO channels available, a call can be processed. This 
solution does, however, put some demands on the MT, e.g. an mechanism 
in an application to direct the traffic has to be incorporated at some stage.  
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 When looking at this solution from a voice call perspective, several 
Bluetooth units stacked on each other would provide a higher ability to serve 
more voice calls. One Bluetooth unit can serve up to three calls 
simultaneously, but if we add more of the relatively cheap Bluetooth chips it 
easily is possible to improve the performance. As an example six Bluetooth 
devices in one MAP would be able to serve 18 simultaneous voice calls. In 
Chapter 11 a solution and a model is presented that investigates the usage 
of SCOs for this purpose. 
 
 Another MAP solution arises when combining Bluetooth units that are 
supporting different output levels. This would give entirely new possibilities, 
but also add more complexity and more demanding deployment planning. It 
would be possible to define some Bluetooth units in an MAP to work with 
more output power, which would enable support for services requiring a 
larger coverage area. Figure 9.2 shows a possible scenario where this 
property is included. The Figure shows three MAPs where two of them 
supports connections with power class 1. It is also possible according to the 
Bluetooth specification [1] that a device (Master) should be able to change 
output power level per connection. This would result in more flexibility when 
handling different connections.  

Figure 9.2: Example of combining two power classes. 
 
 A change of output level either for the entire Bluetooth unit or per 
connection should however be applied with some consideration. For 
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example, the probability for interference between piconets would be 
enhanced (Chapter 8.5).  
 Even though this ability is almost not discussed any further in this thesis, 
the perspectives and possibilities should be kept in mind to understand the 
potential of other issues described in the thesis. 

9.5 Multi AP With a Separate Signaling Unit 
To reduce the time one or more Bluetooth device inside an MAP needs to 
scan for other Bluetooth units or getting discovered by others, a separate 
Bluetooth unit may be introduced. The main task for this unit would be to 
handle connection establishment signaling. The signaling unit, not having to 
send any user data, would have the ability to spend more time in 
discoverable and scanning mode. Especially, the ability to do inquiry 
increases with a separate signaling unit, since the long time recommended 
in the specification (10.24 s) [1] would not decrease the available bandwidth 
for already established ACL connections in other Bluetooth units. 
  Presume the existence of a CU. When an MT makes an inquiry, the 
signaling unit will answer the inquiry and it will also send information 
received from the MT (BD_ADDR and clock offset) to the CU. The signaling 
unit will also inquire information about what service the MT wishes to use. 
When the signaling unit has received this information, it can find a suitable 
Bluetooth unit in the MAP. This unit will then take over the connection. 
Figure 9.3 shows a very simplified message sequence for how the 
establishment of an SCO voice call could be done.  
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Figure 9.3: Message sequence chart. 
 
 The need for a separate signaling Bluetooth unit will probably be smaller 
in situations where a low traffic demand is predicted. The solution with a 
separate signaling unit, described above, requires less from the MTs, but 
adds more complexity to the system. In an SCO perspective, it will take 
some more time to get access to an SCO channel since the control unit 
must hand over information from one Bluetooth unit to another within the 
MAP.  
 The signaling unit could also be used to perform other tasks that are not 
directly related to connection establishment. One imaginable task would be 
to support a positioning mechanism to locate units that are members of the 
infrastructure network.  
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9.6 Multi AP with Service Dependent Redirection 
Yet another solution would be to have a system where several Bluetooth 
units co-exist within one MAP, some handling SCO traffic and some ACL 
traffic. In this case no separate signaling unit is present. When an MT enters 
the coverage area of the MAP and wants to initiate communication, it finds 
ACL Bluetooth units and initiates communication with one of them. The 
Bluetooth specification [1] specifies that an ACL connection must always 
have to be established before an SCO connection can be created. If the 
user wants to initiate a voice call, the CU redirects the connection to an SCO 
Bluetooth unit in the MAP. Hence, the SCO units do not need to enter 
discoverable mode or get discovered. Such a solution would make it 
possible to utilize three SCO links per SCO unit and simplify the connection 
establishment procedure.  

9.7 Conclusions 
It is difficult to point out one of the discussed ideas to be better than any of 
the other. Many issues have to be accounted for such as: complexity, 
performance, simplicity, cost etc. Moreover, to propose a solution some 
technical functionalities must be mastered, for example: If an MT is required 
to support an application dealing with connection establishment, then this 
application must be downloaded in the MT from somewhere at some time. 
The CU must be able to manage a traffic handover from one Bluetooth unit 
to another in the MAP. Alternatively, the CC could be used to manage the 
handover. If a mechanism for handover between APs exist then handover 
between Bluetooth units within an MAP can work in a similar way.   
 The discussion above also has to be weighted against the cost of the 
system. Several Bluetooth units integrated in the same MAP will naturally 
cost more than only supporting one Bluetooth unit. To get better coverage it 
would be possible to spread out the same amount of Bluetooth units residing 
in the MAP as single APs. This would however be more costly and a trade-
off situation occur between cost and performance. Another trade-off 
situation is associated to power consumption in the MTs. A device frequently 
entering scan mode or discoverable mode, consumes more power. It is 
efficient to enter these modes as seldom as possible, preferably on 
instruction from the user. From a user point of view the battery consumption 
should, of course, be kept as low as possible.  
 To fully utilize the system, each MAP should be configured to support 
those services that are most likely to be accessed where the MAP is 
located. One Bluetooth unit within an MAP can be configured to support 
voice calls, another can be configured to mainly support a push-service and 
a third to support web browsing. Each configuration can then be designed to 
handle a certain packet type, a certain scheduling policy, a certain QoS 
mechanism etc., all depending on the type of service they are supporting 
and hence provide as high throughput and QoS as possible. It would also be 
possible to configure Bluetooth units in the MAP to support power class 1, 
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hereby increasing the coverage area for applications and services requiring 
that. The use of directional antennas may also contribute to a more area 
dependent coverage and also avoids the occurrence of unnecessary 
interference between piconets, unless that behavior is wanted for e.g. hand 
over functionality. 
 Another question to be answered is whether or not to support SCO 
channels at all. One alternative solution would be to support Voice over IP, 
this solution is being investigated more and more thoroughly. However it will 
not be discussed further in this thesis, but certainly is a topic of high interest.  
 Perhaps there is no need or benefit at all to include voice applications 
within this kind of network. The already existing and future mobile networks 
may be enough to fill the need of getting access to mobile voice services.  
 The modeling chapters below intend to exemplify some performance 
attributes taking the discussion in the sections above to a more practical 
level. 
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10 Voice (SCO) Model 
10.1 Introduction 

This chapter presents models of how Bluetooth units can be used to support 
voice calls. An interesting aspect of voice calls in a multi-service network is 
the possibility to route a call to phones outside the network. A gateway to 
e.g. the public network is necessary. This chapter will solely concentrate on 
SCO traffic and mainly consider situations where a user, equipped with an 
MT within the MediaCell network initiates a voice call. The intention with the 
chapter is to suggest solutions of how Bluetooth units within an MAP can be 
put together to serve as many calls as possible with as short connecting 
time as possible. The goal is to investigate what possibilities Bluetooth 
provides of serving voice calls with as good GoS as possible. 
 The chapter will start by presenting three algorithms that can be 
modeled as Erlang loss systems. In section 10.3 the blocking probability is 
calculated for different number of Bluetooth units to show how the level of 
service can be increased. An example of how to dimension an AP given a 
certain GoS is presented. 

10.2 SCO Algorithms 

10.2.1 System Description 
The basic concept with the three algorithms presented below is that in an 
MAP, there should be at least one Bluetooth unit scanning for MTs. The 
system that is studied only regards SCO traffic, and therefore, a mechanism 
to direct SCO traffic to SCO Bluetooth units in the MAP is assumed to exist 
already (see discussion in Chapter 9). The system also requires a 
mechanism/process in the CU that has knowledge of how many calls (0, 1, 2 
or 3) that are being served in each Bluetooth unit. The CU must always have 
full control over the Bluetooth units so that there always is one unit in 
available mode.  
 In all the presented alternatives a Bluetooth unit can be in either of four 
groups depending on how many voice calls it is currently handling. Besides 
the four groups, there is one mode denoted as SCAN MODE where always 
at least one unit resides, unless the system is full. SCAN MODE is the mode 
where a unit is put to perform inquiry scan. A process is controlling when 
and which unit shall enter SCAN MODE. A unit with all three channels 
available is in IDLE 3 group. A unit processing one voice call is in IDLE 2 
group. A unit processing two voice calls is in IDLE 1 group. A unit 
processing three voice calls is in FULL group.  
 The following described alternatives address the situation when a 
Bluetooth unit in an MAP scans for MTs. The case when an MAP performs 
an inquiry is briefly discussed at the end of this section.   
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10.2.2 Alternative 1 

Figure 10.1: State diagram for SCO alternative 1. 
 
IDLE 3:  Units having all three SCO channels idle are in this group. From 

this group the CU picks one unit from a queue that enters available 
mode (SCAN MODE) and hereby can be found by MTs (1). This 
unit stays in this mode until all three channels have been occupied 
and then moves to the FULL group (2). This procedure will go on 
until there are no more units in the IDLE 3 group. When this 
happens, a unit from IDLE 2 group is picked. If that group also is 
empty, the CU looks in IDLE 1 group, and if that group is empty, the 
system is blocked.  

FULL:  Units having no idle SCO channel are located in this group. When a 
call is finished, the unit is moved into the IDLE 1 group (3). If all 
units are in the FULL group all new calls are blocked 

IDLE 1: Units having one idle channel are located in this group. When a call 
handled by an IDLE 1 unit ends, the unit is moved to the IDLE 2 
group (4). If there are no units in the IDLE 3 or IDLE 2 group, then a 
unit from the IDLE1 group is put in SCAN MODE (5). The unit stays 
in SCAN MODE until all channels are occupied and is then moved 
into the FULL group (2). 

IDLE 2:  Units having two channels idle are located in this group. If a call 
ends then the unit is moved (6) to the IDLE 3 group. If no units are 
in the IDLE 3 group, then a unit from this group is picked (7) to 
become available. The unit stays in SCAN MODE until all channels 
are occupied and then it is moved into the FULL group (2). 

 
Comment: 
In this alternative a Bluetooth unit is kept in SCAN MODE until all channels 
have been occupied. This behavior has the advantage that quite little 
signaling is required between the unit and the CU, since involvement from 
the CU only is required when all channels have been occupied and a new 
unit shall be activated. A drawback is the fact that the time a unit can spend 
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scanning for MTs is increasingly reduced when one or especially when two 
connections have been set up. 
 In Figure 10.2, a state model showing the behavior of units entering 
SCAN MODE is presented. The picture shows how Bluetooth units 
continuously initiates (calls arrive) and ends (calls depart) connections with 
MTs. The figure shows how up to m number of Bluetooth units cooperates. It 
also shows how the first Bluetooth unit fills up its three channels and how 
thereafter the second Bluetooth unit takes over and so on. At each 
transition, a renumbering of the units takes place so that the state model can 
be used to also model calls being ended. The model can than be used to 
describe an Erlang system. This connection to the more general queuing 
model can be seen in Figure 5.3, Chapter 5.5, which can be used to 
calculate characteristics such as the blocking probability.  

Figure 10.2: State model for units in SCAN MODE for alternative 1. 

10.2.3 Alternative 2 
This alternative is similar to the first alternative, but it also regards the fact 
that the connection establishment performance is severely reduced if one or 
two SCO channels already are active. Therefore, in this alternative, a 
Bluetooth unit does not stay in SCAN MODE until all three channels have 
been occupied. Instead the CU picks units from the group residing as many 
free channels as possible, which initially is the IDLE 3 group. When a 
connection is initiated, the unit is moved from SCAN MODE and another unit 
from the group residing as many free channels as possible is put in SCAN 
MODE. 
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Figure 10.3: State diagram for SCO alternative 2. 
 
IDLE 3: Units having all three SCO channels idle are in this group. From 

this group, the CU picks one unit from a queue that enters available 
mode (SCAN MODE) and hereby can find MTs or be found by MTs 
(1). At the same instant that a connection is initiated the Bluetooth 
unit is transferred to the IDLE 2 group (2), and a new Bluetooth unit 
is picked to become available (SCAN MODE) (1). 

IDLE 2: Units having two channels idle are in this group. If no units are left 
in the IDLE 1 group, then a unit from the IDLE 2 group is picked to 
enter SCAN MODE (3). When this unit initiates communication with 
an MT, it is put into the IDLE 1 group (4). If a call is finished, the 
unit is transferred into the IDLE 3 group (5). 

IDLE 1: Units having one channel idle are in this group. If no units are left in 
the IDLE 3 group or in the IDLE 2 group, a unit from the IDLE 1 
group is picked to become available (6). When this unit initiates 
communication with an MT it is put in the FULL group (7). If a call is 
ended, the unit is transferred into the IDLE 2 group (8). 

FULL: Units having no idle channels are in this group. When all Bluetooth 
units in the AP reside in this group, new calls are blocked. If a call is 
ended, the unit is transferred into the IDLE 1 group (9). 

 
Comment: 
Since this alternative also considers the reduced available time to scan for 
MTs when one or two SCO channels already are active, it seems to be more 
suitable than alternative 1. Especially when only a few channels have been 
occupied in the system, the mean time to connect will be shorter compared 
to when the same amount of channels are occupied in alternative 1.  
 Figure 10.4 shows a state model for units in SCAN MODE. The same 
reasoning as for Figure 10.2 is applied for this picture, but here the process 
picks a new Bluetooth each time a connection is initiated. Also this model 
can be fitted to the functionality in Figure 5.3, Chapter 5.5. 

 
 

SCAN MODE 

IDLE 3 IDLE 2 IDLE 1 FULL 9 

1 

2 3 4 

5 

6 

7 

8 



Voice (SCO) Model Part B Anders Dahlberg 

71 

Figure 10.4: State model for units in SCAN MODE for alternative 2. 

10.2.4 Alternative 3  
This alternative is similar to alternative 2 but with the difference that more 
than one Bluetooth unit is in SCAN MODE at the same time. Preferably, the 
CU makes sure that there always are (at least as long as possible) a certain 
number of Bluetooth units in SCAN MODE. With this solution, the number of 
Bluetooth units in SCAN MODE may differ as new calls are initiated. If 
several channels are occupied, the CU may have to pick units with free 
channels from e.g. both IDLE 2 and IDLE 1. Introducing this solution, the 
time to find a new MT would be reduced since more than one Bluetooth unit 
simultaneously scans for MTs. Which of the units that gets the connection 
does not matter for the functionality of the system. Figure 10.3 is applicable 
for this alternative. 
 
IDLE 3: Units having all three SCO channels idle are in this group. From 

this mode the CU picks an adequate number of units to enter SCAN 
MODE (1). At the instant that a connection is initiated, the 
corresponding unit is transferred into the IDLE 2 group (2). 
Instantaneously, another unit is picked to become available so that 
the correct number of Bluetooth units is maintained in SCAN 
MODE. The CU will pick this new unit dependent on the status of 
the other units (1,3,6).  

IDLE 2: Units having two channels idle are in this group. When the specified 
number of free channels are not filled up by IDLE 3 units, the CU 
can pick units from this group to become available (3). When this 
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unit starts to communicate with an MT, it is put into the IDLE 1 
group (4). If a call is ended the unit is transferred into the IDLE 3 
group (5). The next unit to be picked will either be a unit from the 
IDLE 2 or IDLE 1 group (3,6). 

IDLE 1: Units having one channel idle are in this group. When the specified 
number of free channels are not filled up by IDLE 3 and IDLE 2 
units the CU picks units from this group to become available (6). 
When one of these units starts to communicate with an MT it is put 
into the FULL group (7). If a call is ended, the unit is transferred into 
the IDLE 2 group (8). The next unit that will be picked must also be 
from the IDLE 1 group (6). The system will be blocked if no 
channels are left. 

FULL: The units that have no idle channel are in this group. When all 
Bluetooth units in the AP are in this group, new calls are blocked. If 
a call is ended, then the corresponding unit is transferred into the 
IDLE 1 group (9). 

 
Comment: 
The biggest advantage with alternative 3 is that more than one unit 
simultaneously scans for MTs. This results in a higher probability for an MT 
to get a rapid connection time. The cycle of frequencies that each Bluetooth 
unit in SCAN MODE scans over are unsynchronized to each other and 
therefore, the MT will find one of the units before the others. This causes the 
reduction of connection time. This solution will not introduce a higher risk for 
baseband packet collisions in the air since the units are only scanning. 
Though, if several Bluetooth units in an MAP at the same time would 
perform inquiry, the occurrence of interference would be more likely and 
more important to consider. 
 To give some further understanding of the third alternative, the following 
example illustrates the functionality. Figure 10.5 shows an MAP containing 
six Bluetooth units. This number of Bluetooth units results in a capacity to 
handle 18 simultaneous voice calls. The figure shows a situation where the 
system serves 9 ongoing calls at the moment. Moreover the system has 
been defined to keep, as long as possible, at least three Bluetooth units in 
SCAN MODE. In the moment of observation, three Bluetooth units are in 
IDLE 1 group and consequently each has one channel unoccupied, one of 
these units is also in SCAN MODE. Three units are in IDLE 2 group.  
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Figure 10.5: Example of alternative 3 with 6 SCO Bluetooth units in the 
system – Stage 1. 

 
Figure 10.6 shows a possible scenario for the same MAP some minutes 
later. During the elapsed time, no calls have ended and five new voice calls 
have started. Now two Bluetooth units are full and cannot accept any further 
calls. Three of the other four units, are in SCAN MODE. Unless no calls are 
ended, the system will be able to accept another four calls until further 
attempts to initiate a call will be rejected.  

  Figure 10.6: Example of alternative 3 with 6 SCO Bluetooth units in the 
system – Stage 2. 

 
CU Requirements for Alternative 3 
The CU must be able to control the Bluetooth units in the MAP. This can 
quite easily be accomplished with a few HCI commands and a process 
running in the CU.  
The most important tasks for the CU are: 

• Keep track of the number of calls being processed by each Bluetooth 
unit in the MAP. 

• Make sure that a correct number of Bluetooth units are in SCAN 
MODE 

• Decide which Bluetooth units shall enter SCAN MODE. 
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FULL group 

IDLE 1 group 
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• Give instructions of when a Bluetooth unit shall enter inquiry scan 
mode and when it shall leave. 

 
Some of the most useful HCI-commands needed by the CU to control the 
Bluetooth units are:  
 
HCI_Write_Scan_Enable  
Controls whether or not a unit will periodically scan for MTs attempting to 
perform page or inquiry. If the parameter Inquiry_Scan is enabled the unit 
will enter Inquiry Scan mode according to the values of the parameter 
Inquiry_Scan_Interval and Inquiry_Scan_Window. If Page_Scan is enabled 
the unit will enter page scan mode according to the values of the parameters 
Page_Scan_Interval and Page_Scan_Window.  
 The CU instructs a certain Bluetooth unit to enable scan mode in the 
same way irrespective of whether the unit is in IDLE 3, IDLE 2 or IDLE 1 
mode. The Bluetooth unit will automatically ensure that the time slots 
reserved for ongoing SCO traffic on a channel will not be affected and 
disturbed. A unit leaves SCAN MODE when the HCI_Write_Scan_Enable is 
sent with the command parameter No Scans enabled. 
 
HCI_Write_Inquiry_Scan_Activity 
This command will write the values for Inquiry_Scan_Interval and 
Inquiry_Scan_Window. Inquiry_Scan_Interval defines the amount of time 
between consecutive inquiry scans. Inquiry_Scan_Window defines the 
amount of time for the duration of the inquiry scan. To get a continuous 
scan, Inquiry_Scan_Interval and Inquiry_Scan_Window should be set to the 
same value.  
 
HCI_Write_Page_Scan_Activity 
Has the same functionality as HCI_Write_Inquiry_Scan_Activity and should 
also be configured in the same way. It should be noted that the page 
procedure is to be performed automatically after the inquiry procedure. 
 
HCI_Switch_Role 
This command is used to switch Master/Slave role between the ends of a 
connection. This chapter has concentrated on a situation where the MT 
initiates communication and does inquiry, and hereby becomes Master. 
Since the MAP is the device attached to the network and has control over 
other MTs, it also must be the Master, therefore a switch of roles must take 
place at a early stage of the connection establishment. 
 
HCI_Add_SCO_Connection 
This command will cause the LM to create an SCO connection using the 
existing ACL connection. 
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HCI_Disconnect 
The HCI_Disconnect command is used to terminate an existing connection.   

10.2.5 Conclusions 
The presented algorithms in this section show that quite simple processes 
can control and enable multiple usage of Bluetooth units in an AP, hereby 
providing a system where several voice calls can be served simultaneously. 
Of the presented solutions, the best overall alternative seems to be the third 
one, mainly since it reduces the mean time for an MT to get a free channel. 
The waiting time factor is crucial in a mobile phone system. As discussed in 
Chapter 8.5, a Bluetooth unit looses around 60 % of the scanning time when 
one SCO connection exist and over 90 % when two SCO connections exist. 
Unfortunately, since little research has been done in this specific area and 
no simulations or other deeper analysis has been possible to perform in this 
thesis it is very difficult to do more than speculate of which solution that 
would perform best. These are issues for further work and studies. Apart 
from the alternatives discussed in this chapter, the more resource 
demanding solution with a separate signaling unit (Chapter 9.5) should also 
be considered and evaluated.  
 Incoming calls are calls that are routed through the network via the MAP 
to a receiving MT. This situation puts entirely new demands and tasks on 
the MAP. The greatest challenge would be to handle the long time a 
Bluetooth unit must be in inquiry mode to be able to find an MT. The 
Bluetooth specification [1] recommends that inquiries should last longer than 
10.24 s. This means that the time to find an MT would be severely increased 
when a unit at the same time is serving one ore two SCO voice calls. To 
avoid a severe decrease of performance with respect to waiting time, a 
separate signaling unit, having time slots of its own, as discussed in Chapter 
9.5, could be more appropriate in the incoming call case. 

10.3 Performance and Dimensioning of Multi APs 

10.3.1 Introduction 
One important task in traffic management is to make sure that a high level of 
service is provided to the user. To guarantee that a user get access to 
services smoothly and fast, effort must be put on planning and dimensioning 
of the system. In the perspective of a system providing the possibility to 
make mobile voice calls, it is important to have traffic models that can be 
used to plan, characterize and dimension the system. This chapter will show 
and present how teletraffic models can be used to facilitate this 
dimensioning issue. 
 Erlang’s blocking probability formula, described in Chapter 5.5, is used 
to calculate the blocking probability for different number of Bluetooth units in 
an MAP. Another scope of this section will serve to exemplify dimensioning 
of MAPs when the system is constraint to provide a certain level of GoS. In 
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other words, the required number of channels given a maximum blocking 
probability, is studied.  

10.3.2 Blocking Probability for Voice Calls   
It is most important in a voice call system to keep the number of rejected 
calls as low as possible. It is rather impossible to provide zero rejected calls 
in all imaginable situations. The capacity of such a system would have to be 
tremendous, so would the costs. Instead, a system must be dimensioned to 
keep the number of rejected calls at a level that is acceptable to the user. 
Erlang’s first formula (5.5) can be used to calculate the probability that an 
attempted call is rejected. The focus in this section will not be on different 
behaviors of the traffic, e.g. peak times, arrival intensities and mean length 
of calls. Instead, the primary goal is to show both the performance and the 
capacity of one or more Bluetooth units to handle calls. 
 In Figure 10.7, the Erlang loss formula has been plotted against the 
offered traffic (A) in Erlangs. The curves represent different numbers of 
channels, starting at the left with 1 channel. The next curve is plotted for 3 
channels representing one Bluetooth unit and the last one is plotted for 18 
channels representing 6 Bluetooth units.  

Figure 10.7: Erlang’s first formula plotted against offered traffic A in 
Erlangs for different number of channels. 

 
 The only parameter needed to find the blocking probability in a situation 
where m channels exists is the offered traffic A, which is given by the 
average calling rate (= arrival intensity) ∗ average duration of a call 
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(=holding time). Table 10.1 presents the blocking probability for different 
number of channels, different arrival intensities and average holding times. 
 

Arrival 
Intensity 
(calls/h) 

Average 
Holding 

Time 
(min) 

Offered 
Traffic 

(Erlang) 1 channel 
1 AP =      

3 channels
3 AP =      

9 channels
6 AP =       

18 channels 

10 1 0.167 0.143 0.001 ~0.000 ~0.000 

100 1 1.667 0.625 0.160 ~0.000 ~0.000 

1000 1 16.667 0.943 0.831 0.510 0.130 

10 3 0.5 0.333 0.013 ~0.000 ~0.000 

100 3 5 0.833 0.530 0.037 ~0.000 

1000 3 50 0.980 0.941 0.842 0.650 

 
Table 10.1: Blocking probability for different number of channels and 

different amounts of offered traffic. 
 
From the table, the difference between different number of channels clearly 
can be noted. For instance, comparing 3 channels and 18 channels when 
the arrival intensity is 1000 calls/h and the service time is 1 minute, the 
blocking probability drops from 83 % to 13 %. An arrival intensity of 1000 
calls/h is probably a bit unrealistic, at least for a Bluetooth cell radius of 10 m 
(output power class 3). But this exaggerated value indicates that the use of 
6 cooperating APs (18 channels) can handle quite a lot of calls and still 
maintain a low blocking probability. 
 
 An interesting aspect to study is the improvement in performance when 
several MAPs are added together, each of them consisting of six Bluetooth 
units. In Figure 10.8, the decrease of rejected calls for one to five MAPs can 
be observed. If for instance the one MAP case is compared to the five MAPs 
case given a offered traffic of 75 Erlang, the blocking probability is 76 % for 
one MAP and 1 % for 5 MAPs. 
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Figure 10.8: Erlang’s first formula plotted against offered traffic A in 
Erlangs for different number of MAPs. 

10.3.3 Dimensioning Requirements and Approximations 
When designing a mobile phone system, it is necessary to find the number 
of channels needed for a given offered traffic and a specific Grade of 
Service. A common used level of GoS is 0.01, i.e. Pblock = Pm = 0.01. In this 
section, a resource allocation law (10.1) [29] will be used to approximate the 
required number of connections to be allocated. N represents the required 
number of connections.  
 
  3

210)( kYkYkkYN ++=   (10.1)  
 

It has been found [29] that for Pblock = 0.01 the following coefficients should 
be used: k0 = 2, k1 = 1, k2 = 2.70 k3 = 0.40. k0 has been given a fixed value 
of 2 since two connections are required for a blocking probability of 0.01 or 
lower. The other coefficients k1, k2 and k3 have been approximated by a 
genetic algorithm [29]. Thus, the approximation formula is given by: 

 
  4.07.22)( YYYN ⋅++=  where )1( BlockPAY −=   (10.2)  
 
For a carried traffic Y up to 15 Erlangs, the outcome of the approximation 
formula has been plotted in Figure 10.9.  
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Figure 10.9: Required number of channels given a certain traffic Y in 
Erlang and a blocking probability of 0.01. 

 
To exemplify the approximation formula that decides on how many channels 
are needed for a GoS of 0.01, the following scenario is presented: Assume 
Poisson distributed input traffic with a call arriving intensity of 180 calls/hour. 
The average holding time per call is 100 seconds. This gives a offered traffic 
of A = 5 Erlang. The carried traffic in the system can be calculated by using 
(5.2) which gives Y = 4.95 Erlang. Thereafter, the use of (10.2) gives N ≈ 
12.1, consequently the required number of channels is 13.  
 
 Another interesting measure is the maximal arrival intensity the system 
can handle with a maintained GoS. If the average holding time and the 
number of channels is given, it is possible to derive the maximal arrival 
intensity, that must not be exceeded. Table 10.2 below gives some 
numerical examples for different input parameters. The values have been 
calculated for a system providing 3 to 18 channels in steps of three channels 
(one Bluetooth unit). By studying Figure 10.7, the offered traffic A has been 
derived by observing the point where each curve crosses the horizontal line 
representing a blocking probability equal to 0.01. The arrival intensity λ is 
then calculated by dividing the offered traffic with the average holding time 
(5.2). 
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Nr. of 
Channels 

Max. Allowed Blocking 
Probabilty 

Average Holding Time 
(s) 

Offered Traffic (Erlang) 
(from plot) 

Arrival Intensity 
(calls/h) 

3 0.01 100 0.456 16.42 

6 0.01 100 1.909 68.72 

9 0.01 100 3.784 136.22 

12 0.01 100 5.879 211.64 

15 0.01 100 8.110 291.96 

18 0.01 100 10.442 375.91 

 
Table 10.2: Maximum call arrival rate without exceeding a GoS = 0.01. 

10.3.4 Conclusions 
This section has illustrated the abilities of a Bluetooth unit (an AP) to handle 
voice calls. The improvement in performance when adding several Bluetooth 
units on top of each other (creating an MAP) has been highlighted. The most 
important conclusion is the increased capability to handle calls for six APs 
compared to one AP. A characteristic parameter has been the level of GoS 
in terms of the maximal blocking probability, that has been set to 0.01. This 
value is commonly used by e.g. telephone operators when dimensioning a 
system. However, it should be considered if a blocking probability of 1% is 
suitable for a MediaCell environment. Perhaps many of the MediaCell 
services including voice will not require such high level of service. Or, if the 
voice service is used as a free-of-charge service, the occurrence of rejected 
call attempts has to be expected by the user. In conclusion, creating and 
dimensioning a mobile voice system consisting of Bluetooth units can be 
done with simple methods in the same way as in other phone systems.  
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11 Data (ACL) Model 
11.1 Introduction 

Bluetooth devices of today may be greatly improved with respect to the 
utilization of available bandwidth, i.e. by improving the utilization of time 
slots carrying user data. There are many ways to improve the mechanisms 
dealing with these matters, e.g. baseband packet scheduling. Research and 
analysis of improving throughput has been and still is an ongoing process, 
some ideas and proposal is presented in Chapter 8.3 and 8.4. This chapter 
will propose a new policy especially concerning the MediaCell environment 
with one AP in focus. The policy will hopefully improve performance and 
addresses the ideas and proposals from Chapter 8.3 and 8.4 in combination 
with own ideas and suggestions. 
 The presented policy model embraces the question of how data can be 
scheduled to increase the utilization of bandwidth. Furthermore, the policy 
also includes a proposal of how connection establishment can be included 
so that the loss of bandwidth for ongoing traffic is kept as low as possible. 
The model will only embrace ACL traffic, no time slots are therefore 
reserved for SCO traffic. The model also is constructed to be as general in 
functionality as possible. If applied in an AP with one Bluetooth unit, the unit 
should have the ability to perform inquiry, inquiry scan, page and page scan 
under the same conditions.  
 Initially this chapter will present a description that introduces the 
functionality of the policy. Then more profound subsections will describe the 
different procedures and processes included. Some subsections will include 
a numerical example to give yet more understanding. The examples, 
presenting numbers and settings are only theoretical estimations. The 
chapter will finish off with conclusions and discussion.  

11.2 The Connection and Activity Based Policy 

11.2.1 Policy Description 
One of the two basic concepts of the Connection and Activity Based (CAB) 
policy is the Master’s scheduling of the Slaves. This is done in a RR fashion 
for a specified number of rounds. One round is completed when all Slaves 
have been served. During the service of one connection, the Master and the 
Slave exchange packets a certain number of times per round depending on 
different parameters described further below. During the specified number of 
rounds, a process on the Master (i.e. AP) side counts and keep control of 
the number of packets that have not carried any user data. The process will 
have a predefined number of available packets/time slots that are shared by 
all channels per round. Depending on the activity on each channel, the 
process will recalculate the number of packets that are allowed to be sent 
for each round per channel, which is described in more detail below.  
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 The other basic concept with the CAB policy is the connection 
establishment procedures (inquiry, inquiry scan, page and page scan). 
These modes are in the policy supported as defined in the specification [1]. 
During the time when the AP is in either of the mentioned connection 
establishment modes, the RR scheduling of all ongoing ACL connections 
will be halted. The amount of scanning time, the interval between inquires 
etc. are adjustable and dependent on how many connections that are 
currently being served. These parameters are also flexible and therefore, if 
requested, altering them should be easy. The policy should also easily to be 
adapted to as many different situations as possible in the MediaCell 
network.  

11.2.2 Data Rounds 
A process in the AP makes sure that communication between the Master 
and connected Slaves is done in an RR manner. A certain number of rounds 
are defined and used as input parameter to the process. The number of 
rounds completing one cycle are derived, e.g. through simulations, so that 
an optimal value can be found. The number of rounds in a cycle must be 
enough to provide an accurate ground for deciding how packets should be 
distributed for coming cycles. The number of rounds are always the same, 
independently of the number of connections in the piconet.  

11.2.3 Distribution of Packets  
One basic idea with the policy is to give more bandwidth to a connection that 
is transmitting and utilizing its channel better than other connections. In this 
policy, this is done by defining a total number of time slots per round that are 
shared by all existing channels within the piconet. A process running in the 
AP collects information about the status on each channel. If it is indicated 
that some packets do not contain any user data, the consequence is that 
this connection gets less timeslots to use in the next cycle.  
 The mechanism deciding on how packets should be distributed takes the 
number of channels that are being used into consideration and also regards, 
per connection, the percentage of packets not containing data. The 
percentage per connection is also put in relation to the other connections. 
The outcome from this process would be instructions to the scheduler of 
how many time slots that each channel may use per round until the service 
is moved on to the next channel. 
 If the distribution of packets needs to be reconfigured, the change is not 
introduced in the next cycle, but in the one thereafter. The reason for this is 
that the time it takes to recalculate the distribution has to be accounted for. 
There must also exist some kind of mechanism that indicates when a 
channel that has been inactive becomes more active again. One solution is 
to have the buffers for each connection under observation and if they are 
filled up in a way that indicates higher activity, renegotiation of the time slot 
distribution must be considered.  
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Example – Data Rounds 
The number of rounds in one cycle is, in this example, set to be 50. The 
number of participating MTs in the piconet does not affect the number of 
rounds. When one cycle (50 rounds) has passed, a process in the AP will 
evaluate how much actual data and how many empty packets that have 
been transported on each link and from that decide if any connection should 
get more, less or the same amount of bandwidth. The result of the 
evaluation will not be introduced in round 51 to 100, but in round 101 to 150. 
This behavior is illustrated in Figure 11.1 where three Slaves are part of the 
piconet. 

Figure 11.1: Example of data rate cycles in a piconet with three Slaves. 
 

Example – Distributions of packets 
In this example a piconet consists of two Slaves and one Master. Figure 
11.2 shows a scenario where one cycle consists of 2 rounds and the total 
number of time slots to be used per round is set to 10. These numbers are 
chosen to make a simple example, in a more realistic situation both the 
number of rounds and the number of time slots per round would have to be 
much more to be efficient. Only one and three slot sized packets are used.  
 In this case the packet distribution mechanism decides that the inactivity 
on channel two in combination with the activity on channel one should 
render in an increased number of timeslots for channel one and reducing the 
number of time slots for channel two. 

 
 
 
 
 
 

S1 S2 S3 S1 S2 S3 S1 S2 S3 S1 S2 S3S1 S2 S3 . . .. . . ..
Round 1 Round 50 Round 51 Round 100 Round 101

. . . . 

1. Observing each 
channels activity 

S1 S2 S3 

Round 150 

2. Evaluating and 
recalculating time 
slot distribution 

3. New time slot 
distribution 
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Figure 11.2: Example of time slot distribution with one Master and two 
Slaves. 

11.2.4 Choosing Type of Packet  
The policy is also defined to support the usage of multi-slotted packets like 
DH3 and DH5. The mechanism for distributing time slots per round 
considers e.g. one DH3 packet as if 3 time slots are used for that channel. 
The policy also regards the choice of packet type for each side of a 
connection. There are four primary parameters that affect the choice of 
packet type: 
  

• Data rate: If packets from a higher layer arrive at higher rate at one 
end compared to the other one, the baseband packet created at the 
higher rate side should be larger than baseband packets from the other 
end. If they arrive with the same rate they should have the same size. 

• Application: Some user applications are likely to transmit more data in 
one direction than in the other. For instance, sending e-mail is a one-
way transfer, however Bluetooth requires packets to be transmitted in 
both directions. If e.g. DH5 packets are used from the side sending the 
e-mail and DH1 packets from the receiving side, less bandwidth is 
wasted. 

• Error rate: If a high bit error rate is detected, then DM packets should 
be used instead of DH packets. 

• Best Fit: The OSU policy described in Chapter 8.4 should be used but 
a mechanism must be defined that makes sure that it does not 
interfere with the data rate and application parameters described 
above. 

 
The use of everyone of the four parameters may be difficult since they 
collide with each other. Simulations and other means of evaluation has to be 
performed before the most suitable solution is found.  

Master 

Slave 1 

Slave 2 

Cycle n Cycle n+1 Cycle n+2 

DH1 packet with data DH3 packet with data Packet with NO data



Data (ACL) Model Part B Anders Dahlberg 

85 

11.2.5 Connection Establishment Signaling 
An AP should have the ability to enter any of the states, inquiry, inquiry 
scan, page and page scan. Especially the inquiry and the page procedures 
have devastating effect on all ongoing traffic on already established 
connections. There are possibilities to perform these operations without 
getting such high decrease of throughput, but only at expense of a longer 
connection time for a new unit. To avoid this tradeoff situation is difficult. It 
is, however, possible to make things operate smoother by adjusting and 
tuning interval lengths, timeouts etc. against the number of existing 
connections. For instance, if only one connection exists, more time can be 
spent discovering units and being discovered by units than if for instance six 
connections exists. A mechanism must be defined that deals with this 
behavior. Figure 11.3 presents an overview of a situation where all 
connection establishment modes are present and coexist with established 
ACL channels in a piconet. Note that the figure is not drawn in a realistic 
scale with respect to time. Furthermore, the length and time between 
repetitions for each mode, only intends to illustrate the behavior. The figure 
shows that much bandwidth (time) goes to connection establishment. Below, 
the connection and relation of the four connection establishment procedures 
to the CAB policy is presented together with essential parameters and 
commands. 

Figure 11.3: The connection establishment modes at a given period of 
time. 

 
Inquiry: 
Although inquiry has significant impact on bandwidth usage, there are 
situations when inquiries must be initiated by the AP. The recommendation 
in the Bluetooth specification [1] is that an inquiry should last for 10.24 s, 
which is a long time considering that no other traffic can be transmitted in 
the piconet during that time. One way to avoid this problem would be to 
simply enter inquiry mode for a shorter period of time. Studies [26] have 
shown that in most cases, a respond from an inquiry comes rather quickly, 
where the mean time to connect has been found to be 2.27 s. The shorter 
inquiries can be started with certain intervals, the cyclic behavior could be 
controlled by a process in the AP and the use of the HCI command 
HCI_Inquiry. This command starts one inquiry and specifies the length of the 
inquiry as well as the number of desired responses. The Bluetooth 
specification also supports another solution to achieve some kind of cyclic 
behavior, where no separate process is needed to control the intervals. In 

Inquiry Inquiry Scan Page Page Scan Time 
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this case, the HCI command HCI_Periodic_Inquiry_Mode is used to start a 
periodic inquiry. The command specifies the time between consecutive 
inquiries and also the length of the inquiries. In both solutions, the interval 
should be chosen in a way that, if few connections exist, more time and 
bandwidth should be used for inquiry and if many connections exist, less 
time and bandwidth should be used for inquiry. This can be achieved by 
shorting the intermediate interval between two consecutive inquires. 
Furthermore, the number of responses should be limited to one which 
decreases the time in inquiry mode. 

 
Inquiry Scan: 
The situation and behavior when the AP enters inquiry scan mode has been 
discussed in Chapter 10.2, for example. The procedure here is quite the 
same. Scanning is done with interval and length decided by the command 
HCI_Write_Inquiry_Scan_Activity. Altering the parameters 
Inquiry_Scan_Interval and HCI_Scan_Window depending on the number of 
existing channels makes it is possible to introduce inquiry scan with as little 
loss of available bandwidth as possible.  

 
Page: 
Since a page procedure normally is performed as a consequence of an 
inquiry, the AP will have collected most information needed from the inquiry 
procedure to perform a quick page. Furthermore, a page is only done if the 
AP knows that a unit with a certain BD_ADDR exist in its perimeter and if it 
wants to initiate communication with that unit. This is a major difference in 
respect of bandwidth usage between the page and the inquiry procedures. 
When performing an inquiry, the AP normally does not know that an MT is 
located in the APs coverage area. A page is started with the command 
HCI_Create_Connection. The command HCI_Write_Page_Timeout decides 
the maximum period of time the AP should be in page mode. A page will 
only be started on instruction. It will therefore not be done in a cyclic 
behavior with regular intervals, and therefore, it is difficult to specify any 
ultimate values. 

 
Page Scan: 
Page scan should only be done when it is known that a unit wants to create 
a connection. For example, when the AP has answered an inquiry, it is likely 
that the inquiring MT also would like to page the AP. This yields a behavior 
where the AP enters page scan mode as a consequence of answering an 
inquiry. If the system, however, is designed to allow MTs to initiate 
communication with a page instead of inquiry, a continuous page scan is 
necessary. Note that at least the BD_ADDR must be known to initiate 
communication directly with a page. 
 When an MT makes the page it will also become Master, although this 
role must be taken by the AP so that it can control the piconet. Therefore a 
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Master/Slave switch is needed. This switch can be done after the ACL 
connection has been set up.  
 It is possible to find suitable values for the page scan settings in the 
same way as with inquiry scan. If page scan is initiated only when the MT 
has made a response to an inquiry, then the trimming of the settings is not 
as important as in the inquiry scan mode case. The command 
HCI_Write_Page_Scan_Activity sets the values for the length of the page 
scan and also the interval length between two consecutive scans. Page 
scan is enabled by using the same command used to enable inquiry 
scanning, the HCI_Write_Scan_Enable command.  

 
Example: 
Consider an AP entering different connection establishment modes 
dependent on the number of connections currently served. Table 11.1 
presents three different states of the AP, when it has 0 connections, 1 to 3 
connections and 4 to 7 connections. The most important parameters and 
settings are presented with numeric values. The values have been chosen 
through a combination of estimations and simulation results [26] and mainly 
are intended to exemplify possible values.  

 

Nr. of Con. Mode Commands Parameters and Values Comment 

0 Inquiry HCI_Periodic_ 
Inquiry_Mode 

Max_Period_Length = 10.24 s            
Min_Period_Length = 8.96 s               
Inquiry_Length = 3.84 s 

Cyclic behavior. Stop after 
one response 

  Inquiry Scan HCI_Write_Inquiry_   
Scan_Activity 

Inquiry_Scan_Interval = Inquiry_ 
Scan_Window => continuous scan 

Scans continuously, 
overridden by inquiry, page 
and page scan. 

  Page 

HCI_Create_   
Connection 
HCI_Write_Page_  
Timeout  

Starts the page procedure                   
.    
                                              
Page_Timeout = 1.28 s 

Only performed when it is 
known that a unit exists in the 
APs perimeter. 

  Page Scan HCI_Write_Page_ 
Scan_Activity  

Inquiry_Scan_Interval = Inquiry_ 
Scan_Window => continuous scan 

Scans continuously. Initiated 
when inquiry scan has 
responded to an inquiry. 

1-3 Inquiry HCI_Periodic_ 
Inquiry_Mode 

Max_Period_Length = 16.64 s            
Min_Period_Length = 15.36 s             
Inquiry_Length = 2.56 s 

Cyclic behavior. Stop after 
one response 

  Inquiry Scan HCI_Write_Inquiry_   
Scan_Activity 

Inquiry_Scan_Interval = 1.28 s            
Inquiry_Scan_Window = 10.625 ms Cyclic behavior. 

  Page 

HCI_Create_   
Connection                 
HCI_Write_Page_  
Timeout  

Starts the page procedure                   
.         
                                            
Page_Timeout = 1.0 s 

Only performed when it is 
known that a unit exists in the 
APs perimeter. 

  Page Scan HCI_Write_Page_ 
Scan_Activity  

Page_Scan_Interval = 1.28 s             
Page_Scan_Window = 10.625 ms 

Initiated when inquiry scan 
has responded to an inquiry. 

4-7 Inquiry HCI_Periodic_ 
Inquiry_Mode 

Max_Period_Length = 16.64 s           
Min_Period_Length = 15.36 s             
Inquiry_Length = 1.28 s 

Cyclic behavior. Stop after 
one response 
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  Inquiry Scan HCI_Write_Inquiry_   
Scan_Activity 

Inquiry_Scan_Interval = 2.56 s            
Inquiry_Scan_Window = 8.75 ms Cyclic behavior. 

  Page 

HCI_Create_   
Connection 
HCI_Write_Page_  
Timeout  

Starts the page procedure                   
.                                                           
                                               
Page_Timeout = 0.8 s 

Only performed when it is 
known that a unit exists in the 
APs perimeter. 

  Page Scan HCI_Write_Page_ 
Scan_Activity  

Page_Scan_Interval = 2.56 s              
Page_Scan_Window = 8.75 ms 

Initiated when inquiry scan 
has responded to an inquiry. 

 
Table 11.1: Example of values for connection establishment settings. 

 
In a situation where the values from Table 11.1 are used, the effect of the 
connection establishment modes on ongoing ACL traffic can be illustrated 
with the following example: 
 A piconet with five established connections is studied over a period of 60 
s. If only the modes inquiry and inquiry scan are considered, the AP would 
spend almost 9 % of the 60 s in these two modes, given that no successful 
connection is initiated during this time. If a connection is initiated, the result 
would even more incorporate a decrease of available bandwidth for the five 
already established connections.  

11.3 Conclusions 
The Connection and Activity Based (CAB) policy has been defined to 
improve the utilization of available bandwidth in a piconet. The proposed 
solution considers two major areas, the scheduling procedure of baseband 
packets and the connection establishment procedure. The content of the 
chapter has shown that improvement can be accomplished without 
interfering with the Bluetooth specification [1].  
 To fully present a new solution like the one introduced in this chapter 
would take considerable time. Therefore, in this thesis only the fundamental 
concept of the policy has been presented. The finalization, implementation, 
testing, simulations etc. is left for further future work. There are also several 
other more initial and basic issues concerning the policy that need more 
consideration. One issue is the tradeoff situation between providing 
bandwidth to established connections and providing time for connection 
establishment procedures, which increases the chance of initiating new 
connections. This question must be given much thought before putting a 
system supporting the policy into operation. Another criteria to consider is 
traffic prioritizing. A multi-service system like MediaCell will provide a 
number of services, some of these services will probably be treated as more 
important than others and hereby given more priority. This property should 
also be included as an input to the behavior of the AP.  
 Concentration has in this chapter been put on a solution with a single 
AP. If multiple Bluetooth units in one AP (i.e. an MAP) are to support the 
CAB policy, new possibilities but also difficulties would occur. Perhaps the 
most important new property would be the possibility to give some Bluetooth 
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units the task to discover MTs and the others to be discoverable for MTs. 
This would in many cases improve the performance compared to letting all 
units having the same configuration. Further ambitions of finding the ultimate 
solution calls for the use of a separate signaling unit. Such a unit was 
discussed in Section 9.5. A signaling unit in an MAP with the only task to 
perform connection establishment signaling would relieve the other units 
that support the CAB policy with that task. The other units would though still 
be able to embrace all of the other functionalities of the policy. 
 The CAB policy included in an AP is a sophisticated policy not that easily 
implemented. A considerable amount of software will have to be produced to 
ensure the coexistent and cooperation between the different mechanisms 
and processes. Furthermore, significant effort must be laid to find and 
calibrate all parameters and settings such as interval lengths, limits, number 
of rounds in one cycle etc. This can be achieved by computer simulations. 
The next step to take for further development of the CAP policy should be to 
define all parameters, create necessary processes and build a simulation 
environment so that the effectiveness and usefulness of the policy can be 
tested properly.  
 This chapter has shown that the introduction of the CAB policy, though 
only briefly presented, will improve performance in a piconet.  
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12 Simulations 
12.1 Introduction 

To evaluate some of the fundamental performance attributes of Bluetooth, 
the simulation program NS-2/BlueHoc, described in Chapter 6, has been 
used. Two important areas have been studied:  
 
1. How distance decreases throughput. 
2. How the choice of different types of data packets affects performance. 
 
It should be noted that the intention with the simulations is to point out and 
present some fundamental behaviors of the Bluetooth technology.  

12.2 Distance 

12.2.1 Inputs 
In this simulation model the throughput performance is studied when the 
distance between units is increased. The simulation model consists of one 
Master and one Slave. Measures are done at distances with an interval of 1 
m, starting at 0 m and then increased up to 14 m. There is line-of-sight 
between the units so no physical obstacles are affecting the transmission. 
Power class 3 is used with an output power of 1 mW (0 dBm). The packets 
that are arriving to the host at the Master unit have a constant total size of 
210 bytes. Data (ACL packets) is transmitted in Master to Slave direction. In 
the other direction only acknowledgements (NULL packets) are transmitted 
and are not considered in the results. The ACL packets are sent with a 2/3 
rate block code for FEC (DM packets). Each simulation has been run for 50 
s to get a sufficient amount of data to analyze. The result metrics are 
derived after the L2CAP connection establishment is completed and 
accepted.  
 The metrics in this scenario is end-to-end throughput and error rate at 
baseband level. Throughput is measured every time the L2CAP at the 
receiving side has a complete L2CAP packet to send to an upper layer. The 
error rate shows the number of dropped packets at the baseband level. 
Unfortunately, it was not possible to use BlueHoc was since the simulation 
program was unable to perform simulations with different packet sizes (1,3 
and 5 time slot) with the presented parameters.  

12.2.2 Results and Conclusions 
In Figure 12.1, the throughput versus distance is plotted for DM packets. 
The throughput has been normalized in the plot. As can be seen, the 
throughput is maintained at almost constant level for the first 6 m. It then 
drops by about 27 % between 6 m and 11 m and then by about 20 % for the 
next 3 m. At the distance of 10 m the throughput has dropped to about 35 
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%. It is obvious that distance has a considerable impact when looking at 
Bluetooth performance. The throughput can be maintained, though severely 
weakened, for distances up to 13 m. In addition, the effect of obstacles 
(walls, people, furniture, etc.) also contributes to the drop of throughput.  

Figure 12.1: Throughput versus distance plotted for distances up to 14 m. 
 
 In Figure 12.2, throughput versus distance is plotted for different loads. 
Simulation result for the input bit rates 2 Mbit/s (greedy), 200 kbit/s, 20 kbit/s 
and 2 kbit/s are presented. The maximum achieved data bit rate at L2CAP 
level is 305.5 kbit/s, which is obtained in case of 2 Mbit/s offered load for 
distances up to 4 m. The plots show that if the link is not fully utilized, the 
throughput is maintained until the number of losses due to distance gets 
higher than what can be managed. Packets that are lost are being 
retransmitted, but at some point, the number of retransmissions will not be 
enough and L2CAP throughput will start to fall.  
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Figure 12.2: Throughput versus distance for loads of 2 Mbit/s, 200 kbit/s, 
20 kbit/s and 2 kbit/s. 

 
Other studies [30] show that smaller packet types of both DM- and DH type 
are more robust against disturbances such as interference from other 
piconets, packet drops caused by long distances, etc. To avoid drops and 
maintain a high level of data throughput, the distance must be kept short 
between the communicating units. If a longer distance is to be supported, 
then a higher power class should be chosen, though DM1 and DH1 packets 
can take care of somewhat longer distances without errors. They are still 
outperformed by the larger packet sizes when it comes to throughput.  

12.3 Packet Types 

12.3.1 Inputs 
In Bluetooth, there are 11 different packet types defined, 6 of them support 
pure ACL traffic (Chapter 4.3). The intention with the packet type simulation 
model is to compare the performance of the ACL packets to each other. The 
simulation environment consists of one Master and one Slave. 
Measurements are done at a distance where no losses at the baseband 
level occur. Power class 3 is used and the simulations are run in 50 s to get 
a sufficient amount of data to analyze. The arriving traffic to the host at the 
Master unit is set to resemble an FTP transfer.  
 The mechanism of choosing packet size is basically implemented in 
BlueHoc, in the BT_DRRScheduler object, in a best-fit manner. The size of 
the baseband packet is chosen depending on the size of the arriving higher 
layer packets. To exemplify this consider a situation where DM packets are 
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supported. If the arriving higher-level packet is larger than the size of what a 
DM3 packet can carry then a DM5 packet is chosen. If it is larger than what 
a DM1 packet can carry, but smaller or equal to the data size of a DM3 
packet, then a DM3 packet is chosen. Finally, if the size of the arriving 
packet is less or equal to what a DM1 packet can carry, consequently a 
DM1 packet is chosen.  This procedure will be used in the simulations and 
be compared to the cases when only one kind and size of packet is used. To 
view the differences in performance between the packet types, the 
throughput at end-to-end L2CAP level has been studied. 

12.3.2 Results and Conclusions 
In Table 12.1, the third column from the left shows throughput at the 
receiving sides L2CAP level. Loss DMx/DHx shows the throughput 
difference in percentage between packets that are FEC encoded (DH) and 
those that are not (DM) for each packet size. Loss to DM/DH shows the loss 
in percentage for the DH/DM1, DH/DM3 and DH/DM5 packets compared to 
the best fit procedure that is utilized in BlueHoc. Figure 12.3 presents the 
throughput differences for the packet types in a more lucid way.  
 The differences between DM packets and DH packets at each level are 
about 30 %, which is slightly less compared to the differences of the 
maximum data rates shown in Table 4.2 in Chapter 4.3. The gap between 
DM/DH packets is a consequence of the overhead that the FEC produces in 
DM packets. The simulation shows that the smallest differences can be 
observed when comparing DM3 and DH3 at L2CAP level and the highest 
between DM1 and DH1 packets.  
 The cases when only one kind of packet is allowed to be used shows 
some interesting aspects, compared to the best fit case (denoted by 
DM/DH). The loss in throughput between DM1/DH1 packets and the DM/DH 
case is almost 70 %. The same loss for DM3/DH3 packets is only around 20 
% at L2CAP level. Using DM1 or DH1 packets clearly reduces throughput, 
while the difference between DM5/DH5 and DM3/DH3 is not that big. 
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Packet 
type: 

Packet 
size 

(bytes): 
Throughput 

L2CAP (kbit/s): 
Loss DMx/DHx 

(%): 
Loss to DM/DH 

(%): 

DM   400.183 31.24   

DH   582.001     

DM5 228 355.739 33.40 11.10 

DH5 343 533.516   8.33 

DM3 125 320.183 29.99 20.00 

DH3 187 457.326   21.42 

DM1 21 125.181 33.88 68.72 

DH1 31 189.338   67.47 
 

Table 12.1: Simulation result for different packet types. 

Figure 12.3: Throughput for different packet types. 
 
 The choice of what packet type to be used should also be based on what 
kind of traffic the connection is supposed to support. If small higher layer 
packets are to be transported over a Bluetooth link, then DM1/DH1 packets 
are most suitable, since more bandwidth is left to other potential 
connections. There is always the possibility to support ACL channels where 
large packets are used in high data rate cases and small packets when the 
data rate is low.   
 Another decision to be made is whether DM or DH packets should be 
used. The simulation shows that approximately 1.45 DM packets are 
needed to be able to pass the same amount of information as can be 
passed in one DH packet. 45 % of the DH packets would need to be 
discarded to make DM packets more efficient than DH packets. In addition 
to this, though DM packets have some protection they can become 
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corrupted with the result that even more DM packets must be sent. To sum 
up, DH packets are, in a low-error environment, more suitable choice than 
DM packets. 
 An important way to ensure that maximal possible throughput always is 
provided is to chose the most suitable packet size and packet type. This 
choice should be based on a mechanism that monitors the link status over 
the air. If there is a high bit error rate, then DM packet should be used. Note 
that the type of packet transmitted on the link has to be controlled by the 
quality of the packet at the opposite side, not at the same side. The Master 
chooses the Slave’s packet size and the Slave chooses the Master’s. 
 Another aspect to consider is when the throughput performance for, say, 
DM5 packets gets less than the throughput performance for DM3 packets. 
This phenomenon occurs since the performance of DM5 packets declines 
faster with higher bit error rate than DM3 packets. This also points out the 
need of a mechanism which chooses the most appropriate packet size and 
type depending on the quality of the link.   

12.4 Conclusions 
Due to deficiencies with BlueHoc, the simulation studies did not become as 
extensive as initially intended. However, they point out some fundamental 
behaviors, limitations and important properties of Bluetooth. This chapter 
has shown and regarded the influence that distance has on throughput. 
Studies of the different packet types indicates that a good SAR procedure is 
needed. The process should choose packet type and size regarding the bit 
error rate to always provide highest possible throughput. 
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PART C 

Summary and Discussion 
 

The primary goal of this thesis has been to present solutions of how a 
Bluetooth access point can be utilized in the MediaCell system. Initially a 
study of different performance attributes for a Bluetooth unit in this role has 
been done. The study has embraced several aspects such as studying and 
drawing conclusions from the Bluetooth specification in combination with 
research papers, performing simulations to investigate performance 
attributes, etc. The intention with the study was also to pinpoint limitations 
and other negative aspects concerning Bluetooth, all in the light of the 
MediaCell concept. The outcome from the study has then been used to 
discuss but also to propose procedures and solutions of how high 
throughput, quality of service, support for multi services, etc. can be 
achieved for an access point (AP).  
 There are some factors that are especially important to consider before it 
is useful to start looking at any access point solution. The Bluetooth 
technology is not originally designed to support more advanced services, for 
instance being an AP to a multi service network. Therefore, in the version 
that exists today, there are limitations that have to be considered. The 
Bluetooth AP has to be implemented so that these negative limitations are 
dealt with in a well considered way. Hence, the negative effects can be kept 
as small as possible. Some of the performance attributes that have a 
disparaging effect are summarized and listed below together with ideas of 
what that might be done to avoid too much performance decrease in the 
MediaCell environment:  
 

• Interference: Interference of different kinds causes errors on packets 
transmitted over air. If ACL packets are transmitted, the consequence 
will be retransmission and consequently also a drop of throughput. If 
SCO packets are transmitted in an voice application for instance, the 
quality of the link will be deteriorated. Interference can be caused by 
other radio transmitters operating in the ISM band (i.e. IEEE 802.11b), 
industrial machines, microwave ovens etc. Interference can also be a 
consequence if too many piconets are operating in the same area.  
To consider: Avoid placement of APs near equipment that may disturb 
the transmission. The deployment of the APs must be carefully 
planned, not only from a bandwidth perspective, but also to avoid 
internal interference. It is not only the APs that have to be accounted 
for, each user of an MT might also carry several other Bluetooth 
equipped devices that might contribute to even more interference. 
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• Distance: The relatively short maximum distance between two units 

has to be considered and can have a lowering effect on many 
applications with respect to performance. The use of power class 1 
makes it possible to transmit over an extended distance but with a 
higher potential risk for packet errors, for instance due to interference 
from other piconets, which might happen if a lot of APs are used. 
To consider: The distance matter is a very restricting issue. A 
coverage area with a radius of only 10 m is not much compared to 
other wireless technologies. With this fact in mind, it has to be 
understood that Bluetooth cannot be used in all situations in which 
other technologies can. The range of possible applications is limited. 
On the other hand Bluetooth has other advantages, for instance the 
low price of a Bluetooth chip.  
 

• Connection establishment: A MediaCell AP frequently has to start 
communicating with new, perhaps unknown, MTs. Either the AP 
passively listens for MTs or acts more active and tries to find MTs. 
These procedures take time and therefore the overall data throughput 
for ongoing connections in the piconet may suffer. Another aspect 
regarding the connection establishment is as follows from an MT’s 
point of view: The time to connect can vary and the mean time to 
connect is a couple of seconds, in some unlucky cases it might reach 
up to 10 seconds. 
To consider: Considering the APs role in the MediaCell system, it is 
very important to find a balance between maintaining high throughput 
and maintaining the ability to start new connections. To achieve this, 
suitable values for the essential commands and parameters controlling 
the connection establishment procedures must be found. The values 
are dependent on many issues such as intensity of new connections, 
traffic type, traffic load and type of service. 
 

• SCO traffic: If SCO and ACL connections are used in the same 
piconet, the reservation of timeslots for SCO packets dramatically 
decreases the available bandwidth for the ACL connections and also 
severely affects the ability to initiate new connections. 
To consider: The degree of performance degradation is so high that 
ACL and SCO should be kept separate. Either the piconet work with 
solely SCO connections or with solely ACL connections. If they 
absolutely have to coexist, a high level of performance degradation 
has to be expected. An improved scheduling mechanism can reduce 
some of the deterioration. 
 

• Packet types: The packet type used on a channel determines at what 
data rate packets are transmitted. The highest obtainable data rate, 
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723 kbit/s is achieved when DH5 packets are used in one direction and 
DH1 packets in the other and when only one connection exists in the 
piconet. If smaller packet sizes are used the data rate drops 
significantly.  
To consider: Since MediaCell will support many different services the 
type of traffic will change from case to case. This requires a scheduling 
policy that can provide high performance independent of the traffic 
characteristics. Also the mechanism for choosing the most appropriate 
packet type has to take this into consideration. These procedures are 
very important for the performance and can be improved compared to 
today’s solutions.  

  
It is difficult to considerably or even totally diminish the implications imposed 
by these performance parameters. Another parameter that makes this even 
harder is the great variance of different types of traffic that will be flowing in 
the MediaCell system. An AP must be able to handle all supported traffic 
types and moreover support their coexistence as efficiently as possible. 
There are two different ways of approaching such a multiple service system. 
Either a solution as general as possible is created and used on each AP, or 
the configuration of the APs is done more individually for each AP. To 
answer which one is most suitable is difficult, since many factors have to be 
considered. This is a question for the future to answer, however it seems 
likely that an effective system can be defined if the settings and other 
parameters for each AP easily can be altered depending on where and how 
it is used. Irrespective of how this is handled, it is most important to provide 
a high QoS by defining and use a good scheduling mechanism and a good 
mechanism for choosing a suitable packet type (the SAR policy). These two 
mechanisms are especially important for data traffic since ACL channels 
have to compete for the available bandwidth within a piconet.  
 
In this thesis, the introduced Connection and Activity Based (CAB) policy 
regards scheduling and choice of packet type, together with a mechanism 
dealing with controlling the set up of the connection establishment 
procedures. The intention with the policy is to improve the performance for 
ACL traffic. The most important fact for improving performance is to avoid 
coexistence of SCO and ACL. The thesis has clearly shown and pointed out 
that bandwidth, QoS and fairness can be improved with a more 
sophisticated policy than those existing today. The CAB policy, only working 
with ACL, is applicable in the MediaCell concept. But, due to its generality, it 
would also be an improvement if implemented and used in any Bluetooth 
device. The policy would have most success in the MediaCell system if an 
easy way to change the settings for each AP exists. Especially, alteration of 
the settings for the connection establishment procedures would improve 
performance if they can be adjusted in respect of the surrounding 
environment. 
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Since much indicates that voice and data should be separated, policies and 
mechanisms for SCO traffic also will be needed in order to improve 
performance in the MediaCell system. To support a mobile voice system 
integrated in the MediaCell system, Bluetooth has been found to be a 
prospective alternative. It can never be compared to conventional mobile 
phone systems in all aspects, with the limited coverage range of a Bluetooth 
unit as main reason. But if used in the right way, Bluetooth can be a cheap 
and effective alternative for certain indoor environments. The thesis has 
shown that the possibilities of using Bluetooth in APs to support voice 
services are good and many interesting and so far unexplored areas and 
properties have been found. One Bluetooth unit has the ability to support 
three simultaneous voice calls. However, when when several Bluetooth units 
are combined in one access point, i.e. an MAP, the true potential can be 
seen. The number of units in one MAP is dependent on where and how the 
voice system is used. The number of users in the specific area together with 
the environment plays decisive roles. In an office it would probably be 
enough with one Bluetooth unit but in a conference room, more than one 
unit is required. Therefore it is very important to implement a system where 
it is easy to put together whatever number of units that is required in a 
certain place at a certain time. Moreover, the low cost of Bluetooth units 
makes it possible to over-dimension an MAP. The work and research that 
has been described in this thesis regarding the use of voice in the MediaCell 
system has only started, and though much is left to discover and create, it is 
obvious that the possibilities to create something that actually can come to 
use definitely exists.  
 
How should the combination of data and voice be handled? To separate the 
two at all levels is unnecessary and expensive and should be avoided. The 
most convenient solution seems to be to combine Bluetooth units supporting 
ACL traffic and Bluetooth units supporting SCO traffic in the same MAP. 
Each MAP is connected to the backbone and some kind of central control 
unit. Both SCO and ACL traffic will be carried in the backbone. An 
advantage with SCO packets is that they are transmitted with a regular 
interval which facilitates the management of traffic for the backbone. Over 
an IP backbone no special handling is possible, but the backbone’s ability to 
efficiently carry the load improves. There are still a lot of unsolved problems, 
and further investigation have to be made concerning the combination and 
coexistence of voice and data flows. The thesis has discussed the 
alternative to define one of the Bluetooth units in the MAP as a kind of 
signaling unit. The signaling unit would, among other things, direct initiated 
connections to Bluetooth units supporting either ACL or SCO. To introduce a 
signaling unit would take away many problems and difficulties, but also add 
more complexity to the system. The main advantage with a signaling unit 
would be the relief for the other units in the MAP concerning loss of 
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bandwidth during connection establishment. A signaling unit would also be 
useful in other matters, for instance if the system has to support routing of 
voice calls coming into the system and aimed for a user somewhere in the 
MediaCell network. It can also be used for services like positioning and 
handover.  
 
As discussed in the thesis, the configuration and shaping of the MAP is 
dependent on many aspects. It is therefore difficult to suggest one 
outstanding configuration of the MAP. However, the current version of the 
cluster controller, which is one part of the MediaCell system, has a property 
that can is useful to considered. The CC supports six Bluetooth units and 
resides the higher part of the Bluetooth protocol stack for these units. It 
seems that the CC would be a convenient choice to constitute the basic 
structure of an MAP. Six Bluetooth units connected to the CC create an 
MAP where the units can be individually defined to support ACL or SCO 
traffic. The six Bluetooth units would mainly reside in the same physical box 
as the CC. It would of course also be possible to place one or more 
Bluetooth units at a certain distance from the CC. If a signaling unit is 
wanted, one of the Bluetooth units can be configured for that purpose. A 
very essential characteristic is flexibility. It must be easy to configure any 
Bluetooth unit in the MAP so that every MAP can meet the demand for the 
changing needs and behaviors of the users and the network.  
 
Bluetooth has a high potential to take a step into a field it was not 
intentionally designed for. It will, being an important part of the MediaCell 
concept, in some ways compete with other technologies offering the same 
kind of services. It will not win all matches but it will definitely introduce 
brand new solutions and applications. It will make an important contribution 
to the ongoing hunt for fast, cheap and up to date information, almost 
irrespective of where a user is.  
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Appendix 1 – Acronyms and Abbreviations 

 
ACK Acknowledged 
ACL Asynchronous Connectionless 
AFP Adaptive Flow-based Polling 
AM_ADDR Active Member Address 
AP Access Point 
ARQ Automatic Retransmission Query 
AT Attention code 
 
BD_ADDR Bluetooth Device Address 

 BF Best Fit 
BT Bluetooth  
 
CAB Connection and Activity Based 
CBR Constant Bit Rate 
CC Cluster Controller 
CDMA Code-Division Multiplex Access 
CRC Cyclic Redundancy Check 
CU Central Unit 
 
DAC Device Access Code 
DECT Digital Enhanced Cordless Telephone 
DH Data High rate packet 
DM Data Medium rate packet 
DRR Deficit Round Robin 
DV Data-Voice packet 
 
ERR Exhaustive Round Robin 
 
FEC Forward Error Control 
FEP Fair Exhaustive Polling 
FH Frequency-Hop 
FHSS Frequency-Hop Spread Spectrum 
FHS  Frequency-Hop Synchronization 
FTP  File Transfer Protocol 
 
GFSK Gaussian Frequency Shift Keying 
GoS Grade of Service 
GW Gateway 
 
HCI Host Controller Interface 
HEC Header Error Check 
HOL-PP Head-of-the-Line Priority Policy 
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HOL-KFP Head-of-the-Line K-Fairness Policy 
HTTP Hyper Text Terminal Protocol 
HV High-quality Voice packet 
 
IAC Inquiry Access Code 
IBP Interrupted Bernoulli Process 
IP Internet Protocol 
ISAR Intelligent Segmentation And Reassembly 
ISM Industrial, Scientific, Medicine  
 
KFP K-Fairness Policy 
 
L2CAP Logical Link Control and Adaptation Protocol 
LAN Local Area Network 
LBF Leaky Bucket Filter 
LM Link Manager 
LMP Link Manager Protocol 
LRR Limited Round Robin 
LWRR Limited and Weighted Round Robin 
 
MAC Medium Access Control 
MMBP Markov Modulated Bernoulli Process 
MP Maximum Priority 
MT Mobile Terminal 
MTU Maximum Transmission Unit 
 
NACK Non-Acknowledged 
NAM Network Animator 
NS Network Simulator 
 
OBEX Object Exchange protocol 
OSU Optimum Slot Utilization 
OTCL Object Tool Command Language 
 
PDA Personal Data Assistant 
PDU Protocol Data Unit 
PER Packet Error Rate 
PFP Predictive Fair Poller 
PM_ADDR Parked Member Address 
PP Priority Policy 
PPP Point-to-Point Protocol 
PRR Pure Round Robin 
PRSAR Partial Reordering Segmentation And  

   Reassembly 
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QoS Quality of Service 
 
RX Receiver 
 
SAR Segmentation And Reassembly 
SCO Synchronous Connection-Oriented 
SHOL Second Head-Of-the-Line 
SIG Special Interest Group 
SDP Service Discovery Protocol 
 
TCL Tool Command Language 
TCP Transfer Control Protocol 
TCS Telephony Control Specification 
TDD Time Division Duplex 
TDM Time Division Multiplexing 
TK Toolkit 
TX Transmitter 
 
UDP User Datagram Protocol  
 
WAP Wireless Application Protocol 
WLAN Wireless Local Area Network 
WPAN Wireless Personal Area Network 
 


