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Aims and Scope
The purpose of this journal is to provide an open forum to publish high quality research papers in the areas of
informatics and related fields to promote the exchange of research ideas, experiences and results.

Informatics is the systematic study of Information and the application of research methods to study Information
systems and services. It deals primarily with human aspects of information, such as its quality and value as a
resource. Informatics also referred to as Information science, studies the structure, algorithms, behavior, and
interactions of natural and artificial systems that store, process, access and communicate information. It also
develops its own conceptual and theoretical foundations and utilizes foundations developed in other fields. The
advent of computers, its ubiquity and ease to use has led to the study of informatics that has computational,
cognitive and social aspects, including study of the social impact of information technologies.

The characteristic of informatics' context is amalgamation of technologies. For creating an informatics product,
it is necessary to integrate many technologies, such as mathematics, linguistics, engineering and other emerging

new fields.
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Abstract - IMS (IP multimedia subsystem) is a key
technology for the next-generation network, to enable
NSPs (network service providers) to provide various
services over [P-based fixed and mobile networks. In
order for the NSPs to provide stable network services, it
is important to realize policy and QoS mechanisms in the
transport network. In this paper, we propose feasible
architecture of IMS harmonizing with MPLS
(multiprotocol label switching) LSP (label switched
path) selection. Our method uses IMS function to acquire
the session profile for LSP selection. We further propose
dual-phase capacity assignment, which achieves fair
accommodation between the pairs of edge routers in our
proposed architecture, and maximizes resource
utilization.

Keywords. NGN, IMS, MPLS, Traffic Engineering

1 INTRODUCTION

Many fixed and mobile NSPs (network service
providers) supporting PSTN  (public switched
telephone networks) services are now promoting
convergence towards the NGN (next generation
network) [1] architecture, in anticipation of cost-
effective synergy between legacy and Internet services.
NSPs will design and construct their [P-based NGN
core network to provide various services on a single
network infrastructure. These services also have
various QoS requirements, for example, (a) VolP
(PSTN) traffic should be guaranteed, (b) some
transaction or signaling/control traffic may be delay-
sensitive, and (c) the Internet traffic can be best-effort.

Nowadays, NSPs are considering more traffic
accommodation in the transport stratum to provide the
network resources for various services. However,
particular applications consume more bandwidth than
before, and further, the traffic requirements of
particular customers occupy most of the bandwidth in
some NSP networks. It is therefore desirable to be able
to accommodate as many customers as possible in a
fair manner.

In the NGN architecture, IMS (IP multimedia
subsystem) [2] is a key technology, where CSCF
(call/session control function) [3] is responsible for call
(1.e. communication session) control using SIP (session
iitiation protocol) [4]. NSPs can gain the QoS demand
(e.g., bandwidth the delay) of each session before data

transmission based on the SIP messages exchanged
between UE (user equipment) and CSCF. Such a
session demand is transferred to the policy control
server (PCRF: policy and charging rules function) in
order to determine whether the session can be accepted
or not. However, IMS itself does not specify the
transport stratum issues, (e.g., how to realize QoS in
the core transport stratum). In addition, IMS does not
assume any underlying mechanism with regard to the
transport stratum.

On the other hand, many NSPs have introduced
MPLS [5] in their transport networks to realize flexible
traffic engineering, by setting up logical circuits (LSP
[6]) between the pairs of edge routers reflecting various
constraints and the operator’s policy. In addition, the
NSP could collect the traffic amount per LSP directly
related to the pair of edge routers. This information is
convenient in that it enables a PCRF’s call admission
control to realize more precise traffic engineering.
From the viewpoint of the traffic control and
management facilities in an NSP, it can be assumed
that an MPLS is often adopted in their core networks.
In this paper, we study the harmonization of an IMS
with MPLS-based traffic engineering for the transport
stratum. Our research goal is to provide a stable
communication environment to customers and raising
the traffic accommodation as well as maintaining fair
resource utilization among the pairs of edge routers.
We propose an efficient MPLS LSP configuration and
extension of IMS function to achieve this goal.

This paper is organized as follows. We show several
issues in QoS control in combining IMS and MPLS in
Section 2 and design a traffic engineering policy in
Section 3. We explain the details of the proposed
architecture in Section 4 and evaluate the proposed
capacity assignment method in Section 5. We show the
conclusion in Section 6.

2 ISSUES OF QOS CONTROL IN NGN
ARCHITECTURE

2.1 Session Control Procedure in IMS

The procedure for call/session establishment in a
mobile packet-based network is standardized in 3GPP.
SIP signaling originated by the UE is sent to CSCF,

ISSN1883-4566/09 © 2009 - Informatics Society and the authors. All rights reserved
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Figure 1 Functional structure of an NSP network using an IMS with
MPLS

and CSCF responds to the UE as to whether the
session can be accepted after obtaining a decision from
PCRF.

Figure 1 abstracts a functional view of the NSP

network using an IMS with MPLS. The transport
stratum is composed of the RANs (radio access
networks), AGWs (access gateways), and transport
(core) network as shown in Figure 1. The AGW is
located between the RAN and the core network and
enforces QoS control for the user-data traffic (termed
‘media traffic’). Gate opening/closing and marking the
media traffic with the determined priority level. Packet
marking is done by setting the bit value in the DSCP
(diffserv code point) [7] or TOS (type of service) field
in the IP header.
There are multiple signaling messages exchanged in
establishing the session. The individual signaling
messages go sequentially back and forth between UEs
and CSCF. This implies that even if the one-way delay
for a signaling message takes a few milliseconds, the
completion of signaling takes several times longer than
sending the single message. The delay requirement for
the media traffic of SIP applications is less severe,
comparing with the SIP signaling messages. Although
the maximum domestic transmission delay (e.g.,
peaking at 10 milliseconds in Japan) may have little
impact on the media traffic (application), but the
round-trip time for exchanging the signaling messages
1s not small. Therefore, NSPs have to take these effects
into account to minimize the signaling duration when
designing and operating their networks. Based on these
discussions, we presume that IMS-based services need,
at least, the following traffic classes:

1. Class 1: both delay and loss sensitive, (e.g.,

signaling traffic)

2. Class 2: loss sensitive (e.g., VoIP traffic, and

IPTV traffic)
3. Class 3: best-effort (e.g., Internet traffic)

2.2 MPLS Traffic Engineering

MPLS networks are composed of edge and core
routers. Packets are transferred along one of the LSPs
which are established between the ingress and egress
edge routers. Once a packet enters the MPLS networks
(the label for an LSP is assigned to the packet), core
routers transfer the packet along the LSP. The mapped

label value for an LSP expected by the egress router is
delivered by RSVP (resource reservation protocol) [8]
to an adjacent router along with the LSP. The adjacent
router also delivers the mapped label for this LSP to its
adjacent router towards the ingress router. Like this,
the label delivery is conducted in a hop-by-hop manner.

MPLS traffic engineering provides benefits over 1P
network, that is to say, achieving the flexible control of
the traffic in the transport stratum. The LSPs can either
be routed explicitly (manually), or dynamically routed
by the CSPF (constrained shortest path first) algorithm.
In IP network, the shortest route to the destination is
chosen by edge routers, even when it becomes more
congested.

ABAF (automatic bandwidth adjustment function)
has been specified and implemented [9] [10] [11] as
one of a number of MPLS traffic engineering methods.
This function not only automatically adjusts the LSP
bandwidth but also dynamically reroutes the LSPs,
when a certain physical link on the current LSP routes
becomes short of capacity. The rerouting by the router
i1s performed on an LSP basis; therefore, the ABAF
may change the end-to-end delay of certain media
traffic because of the sudden rerouting. In this situation
the route is changed after the beginning of the
communication, and the operators normally want to
ascertain the route in the transport network. In ABAF,
the route changes dynamically when no network failure
occurs. Based on these issues, we assume that it is
difficult for NSPs to adopt the ABAF in their MPLS
networks.

From this discussion, it is clearly desirable that the
edge routers have LSPs explicitly configured, have
multiple LSPs for the traffic class, that the edge routers
determine the route among them for arriving traffic and
disperse the traffic over their networks, and that the
total traffic in the network is taken into account for
admission. The following function allows NSPs to
meet these requirements: recognizing the demand for
individual service traffic, selecting the LSP, and
collecting the information on the utilization of the
LSPs and the physical links.

When a pair of edge routers has multiple LSPs for a
specific destination, most of the procedures for traffic
dispersion are conducted by the ingress edge routers, as
follows:

1. Rules to distinguish media traffic and determine
one of the LSPs are stored in the ingress router
beforehand.

2. The incoming traffic is distinguished into one of
the traffic classes using the rules

3. The packet is marked in TOS or DSCP fields of
IP header based on destination IP address and
identified traffic class before the packet enters
the ingress edge router.

4. The LSP is determined from the destination IP
address and the mark of the packet, and the
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MPLS forwarding table is looked up to find the
label of the LSP.
Step 1 is realized using static rules or interworking
with another entity to dynamically update the rules.
The procedure for IMS enables the rules to be
dynamically updated on a session basis as described
in the next subsection.

2.3 Harmonizing IMS with MPLS

In this paper, we consider increasing the utilization of
the transport (core) network by having IMS and MPLS
cooperate. IMS provides session demands on UEs
before the beginning of their communications. MPLS
is used as the transport stratum and allows media
traffic to be dispersion over LSPs and to provide fast
reroute function [12]. IMS provides session demands
on UEs before the beginning of their communications.
Such information is useful to determine the target LSP
for the communications; however, the following items
should be considered for harmonizing IMS with
MPLS-based traffic engineering:

1. deploying cooperative session control procedures

between CSCF, PCRF, and AGWs,

2. recognizing the resource utilization of the

transport stratum, and

3. an admission control method to deal with

multiple traffic classes,

For item 1, although the QoS/policy control
architecture is being standardized in 3GPP/3GPP2
[13], QoS/policy control in the core network is
largely left for the deployment. In harmonization
IMS with MSLS we, consider, LSP-based traffic
statistics are collected, although physical link-based
traffic statistics are after collected in the generic
network operation. For item 2, the LSP traffic
statistics concerning resource utilization are useful.
For item 3, the method should take into account the
fair accommodation described in Section 3.2 for the
accepted amount of traffic at the ingress edges.

2.4 Related Work

ITU-T [1] standardizes the RACF (resource and
admission control function) [14] as the QoS and
admission control function in the NGN. The RACF has
the same role as PCRF in 3GPP/3GPP2. However, the
issue of how to adapt the RACF function to the control
for the transport stratum also remains unresolved. We
propose a function to control the transport stratum
using MPLS.

Tamura et al. numerically examined that the optimal
threshold for commencing traffic distribution over two
LSPs and the optimal distribution over the two LSPs
that will maximize the admitted traffic among » pairs
of edge routers in reference [15]. This study presumed
that each pair of edge routers would initially use a

single LSP between them, and then begin to use a
secondary LSP when the traffic exceeds the threshold.
This study does not consider multiple traffic class. We
presume that high priority traffic is always transferred
into the shortest route even if the threshold is exceeded.
We assume that the traffic demand can be recognized
by tracking the traffic trend in every instance of the
fixed time interval.

There is study to propose methods effectively
minimizing the delay of signaling messages exchanged
in IMS in order to ensure high communication quality
[16] [17].In addition, various signaling methods in IMS
have been investigated in 3GPP and academic research
for this objective. However, there has been little study
concerning the effective treatment of signaling in terms
of traffic engineering, (e.g., the simultaneous treatment
of signaling and media traffic) in IMS. Since the
signaling includes various procedures during the
session, a low-loss and minimum delay transport
network is essential to ensure good communication
quality that is perceived by users. Therefore, NSPs
must take care when transferring signaling packets in
the transport network.

3 DESIGN POLICY FOR TRAFFIC
ENGINEERING

3.1 Traffic Class

We assume three traffic classes in our proposal, as
described in Table 1. The primary class is for signaling
which requires the minimum delay, while the standard
class is for media traffic requiring sufficient bandwidth.
We adopt IMS application traffic as standard-class
traffic. Additionally, the best-effort traffic (e.g,
Internet access) without a QoS requirement is taken
into account.

Additional traffic classes for a more fine-grained
treatment of traffic levels may be defined in certain
NSPs. For example, the traffic for streaming
applications requires a lower delay variation. We
presume that such granular classes are treatable by a
weighted round robin-based queuing discipline
combined with priority queuing.

Table 1.Traffic Class
PRIORITY | TRAFFIC | TRAFFIC TREATMENT
LEVEL CLASS

High Primary | Delay restriction needed -

priority class the shortest or sufficiently
small delay routes
Standard | Loss sensitive - traffic
class distribution over multiple
routes to gain capacity
Low Best Transferred into the shortest

priority effort route if there is capacity.
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We adopted at least three traffic classes in this paper
to realize the traffic treatment in table 1. In this paper,
a minimum three traffic classes was used in order to
validate the effectiveness of the proposed architecture
for harmonizing IMS with MPLS.

We assume that both primary and standard classes
have a threshold, up to which traffic can be aggregated,
while the remaining capacity can be allocated for the
best-effort class. This threshold (termed acceptable
capacity) is defined for each physical link. For the
bandwidth requirement, we assume that the demand for
the primary class is much less than the acceptable
capacity for all physical links. However, the demand
for the standard class exceeds the acceptable capacity.
By using multiple LSPs, the standard class traffic can
be transferred through these LSPs. The signaling traffic
has a strong requirement for the minimum delay, so the
primary-class traffic should take the shortest route
among the LSPs between the pairs of edge routers. For
the standard class, we assume the capacity requirement
to be stronger than that of the delay. Standard-class
traffic can be distributed over the multiple LSPs.

3.2 Fairness-aware capacity assignment
policy

We consider that the bandwidth of any customer
traffic is guaranteed at a certain minimum level. In this
paper, fair accommodation means that a certain level of
capacity is guaranteed on any pair of edge routers. This
allows customers accommodated in any edge routers to
have the successful rate of call/session establishment at
some level even if the total demands in the networks
severely exceed their capacity.

To increase the standard class traffic that can be
admitted, while providing fair accommodation, we
focus on two traffic assignments: one is for the lowest
capacity among all capacity assignments for all pairs of
edge routers, and the other is for the total capacity in
the transport network. In order to satisfy the above
principle, we propose dual-phase capacity assignment.
In this capacity assignment, the first phase involves
maximization of the lowest capacity assignment.
During the second phase, the total capacity assignment
1s maximized from the remaining capacity of the
physical links. For the first phase, an identical capacity
i1s assigned to all the pairs of edge routers, and
maximized, while for the second phase, we adopt the
strategy of maximizing the total amount of the traffic
admitted for the remaining capacity. The capacity of
the physical link is assigned to the LSPs in order,
starting with the smallest number of links composing
each LSP. The way to maximize the total assigned
capacity is as follows. When there is a certain capacity
assignment A, and assignment 4 has an LSP that can
be composed of two or more distinct and shorter LSPs,
another capacity assignment, whereby the former LSP

is replaced by the latter LSPs has a greater total
capacity than assignment A in terms of demand and
based on the pair of edge routers. Details of the method
for computing the capacity assignment that captures
dual-phase assignment are described in Section 5.

4 PROPOSED ARCHITECTURE
4.1 MPLS LSP Configuration

Figure 2 shows the proposed network architecture.
The AGW are connected to MPLS edge routers and
filters the traffic from UEs. In typical MPLS network
operation, single LSP with the shortest routes is
established for every pair of (ingress and egress) edge
routers. To best accommodate the traffic, traffic
engineering is applied if another LSPs with detour
routes are available. For example, in Figure 2, three
LSPs along the shortest route (shortest LSPs) and an
additional LSP along the detour route (detour LSP) are
established between edge routers X and Y. Each
shortest LSP (LSP-1, LPS-2 and LSP-4) is assigned to
an individual traffic class (the primary-class, the
secondary-class and the best-effort class, respectively).
One of the shortest LSPs (LSP-2) and the detour LSP
(LSP-3) are assigned to the standard traffic class. The
standard class traffic is distributed over the two LSPs.
LSP-1 is for the primary-class traffic, while LSP-2 and
LSP-3 are for standard-class traffic and LSP-4 is for
best-effort traffic. LSP-2 preferably is separated from
the standard-class LSP-2. The primary-class LSP,
standard-class LSP-1, and the best-effort class LSP are
established along with the shortest route between edge
routers X and Y.

The traffic utilization for each LSP can be collected
with SNMP [18]. Gathering statistics on the traffic of
multiple LSPs (LSP1, 2, 3, 4) between any pair of edge
routers, we can get the total traffic which is transferred
among the edge routers. If we do not set up the LSP,
we cannot acquire such traffic utilization easily by
SNMP. It allows PCRF to acquire the traffic utilization
for each LSP, and PCRF can use it for admission
control.

session

——— information
[pore] cscr
gate open and \ gate open and
marking rule _ . marking rule
AGW A N AGWB

patket
marking

pack:st
marking

orward traffic to LSP

forward traffic to LSP based on the marking rule

based on the marking rule

LSP1:primary class LSP (shortest route)

LSP2:standard class LSP1 (shortest route)
--------------- LSP3:standard class LSP2 (detour route)
........................................ LSP4:best effort LSP (shor‘(est route)

Figure 2 overview of network architecture
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In our proposed architecture, we propose setting up
multiple LSPs among each edge router. Our LSP
configuration does not impose an additional load on the
routers because the routers need not have functions like
ABAF.

4.2 Admission Control Procedure

UE1 AGW1 AGW2 UE2 PCRF CSCF
| | | |
SIP signaling
SIP signaling
gate open
gate open
media traffic
1 1

Figure 3 Session initiation procedure in IMS

Figure 3 illustrates the session initiation procedure in
IMS standards. The AGWs set filters for QoS and
policy control of the UEs’ traffic. CSCF reports the
session demands of the UEs to PCRF. Then PCRF
requests the AGWs to open the gate for the UEs’ media
traffic, whereupon they begin the communication
through the AGWs. In our proposal, the gate open
procedure in the AGW is expanded to perform marking
packets for traffic engineering. Based on the value of
marking from PCRF, AGW performs marking packets
for the media traffic. The detailed signaling procedures,
e.g., the bidirectional media-traffic treatment, between
UEs, AGWs, PCRF, and CFCS, are described in the
following subsection.

Harmonization IMS with MPLS means that PCRF
determines the admission and LSP selection for the
media traffic with its demand which is provided by
AGW and MPLS edge routers can acquire the rules
used to distinguish the packets into traffic classes and
marking before the media traffic arrives at the AGWs.
We use the basic MPLS function, and need not expand
the function of the MPLS edge router.

For media traffic session, the behavior of AGW is as
follows:

1. The media traffic is marked in AGW to transfer it
through the shortest LSP if the traffic is identified
as primary class.

2. If the media traffic is identified as standard class,
the traffic is distributed among multiple LSPs in
MPLS edge router. Incoming media traffic is
rejected if existing media traffic in each LSP has
reached the acceptable capacity for one of the
links composing the LSP.

3. Media traffic identified as the best-effort class is
transferred into best-effort class LSP.

To prevent the loss of packet for the traffic going
through of the primary and standard classes, admission
control for the next call request of customers is
important. The utilization of the physical links is
regularly monitored and referred to decide whether
media traffic is accepted, depending on LSP to which
the media traffic is transferred. The monitoring is
conducted by collecting the traffic counters for all
LSPs, and the utilization of all the physical links is
computed. We propose that PCRF performs the utility
computation for admission control. PCRF can acquire
the demand for arriving media traffic from CSCF.

We extend the standard session initiation procedure of
IMS for the proposed traffic engineering, which is as
follows:

1. The UE initiates the procedure with CSCF to
establish SIP session.

2. CSCF queries PCRF to determine the LSP in
the transport stratum through which the media
traffic of the caller and the callee is transferred.
Here, various parameters are informed to PCRF,
(e.g., application type, IP addresses and port
numbers).

3. PCRF distinguishes the media traffic into one
of the traffic classes and determines whether
the media traffic can be accepted. Here, PCRF
refers to the utilization of the physical links
along the LSPs assigned to the media traffic.

4. PCRF responds to CSCF if the LSP is
determined.

5. CSCF report the establishment of the bearer to
UEs.

6. PCRF sets up AGWs of the caller and the
callee to open the gate for the media traffic and
mark the media traffic.

PCRF and AGW routers have a common definition
of the mapping between the mark (DSCP or TOS bit
values) and the corresponding LSP.

In the transport stratum, the traffic controlled by IMS
signaling can be mixed with the Internet traffic. We
assume that non-IMS-based traffic is grouped into the
best-effort class. So in this procedure, packets with the
default mark (or no mark) are assigned to the best-
effort class.

4.3 LSP selection procedure

In our proposal, we presume that whenever the call
of standard-class traffic arrives, PCRF determines
which standard class LSP the AGW should transfer the
media traffic and whether it is accepted or not. PCRF
calculates the capacity assignment for media traffic
acceptance beforehand. The utilization of the physical
links and LSPs which PCRF recognizes, is updated at
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specific time intervals (e.g., every 1 or 3 minute/s),
since the traffic counter values for LSPs are collected
at this interval. The capacity assignment for the media
traffic acceptance for all the LSPs is also updated at
this interval. The LSP selection for the standard traffic
class is also conducted in proportion to the assigned
capacity. On the other hand, PCRF responds with
cancel to CSCF if any of the media traffic (e.g., a VoIP
service using bidirectional traffic) is rejected.

S CAPACITY ASSIGNMENT

5.1 Modeling of dual-phase capacity
assignment

We applied the LP (linear programming) approach to
achieve the goal of our research. We presumed that the
demand was a real number to simplify the LP
computation. We considered a model for dual-phase
capacity assignment for standard-class traffic: the first
assignment maximizes the minimum capacity among
all the pairs of edge routers, with achieving fair
accommodation for all the standard classes at
minimum level; and the second assignment maximizes
the total capacity for the remaining capacity in the
transport stratum.

Maximizing the minimum capacity is computed by
solving the LP, which maximizes the identical capacity
assigned to all the pairs of edge routers. We define the
following objective function for the first phase

assignment:
C=d, = Z dk,i

where d, , dk’i denote the assigned total capacity of

the edge router pair k, and the capacity of LSP i for
edge router pair k. Here, we define the following
constraint conditions for the above objective function:

szech —u, <0 foreck
T

where X,, . and u, denote the assigned capacity of

LSP i for the edge router pair & in the physical link e,
and the available capacity for the standard class traffic
in the physical link e. Although identical capacities are
assigned to each pair of edge routers, this capacity can
be distributed via multiple LSPs of each pair of edge
routers.

Similarly, the second phase assignment is also
computed by solving the LP, which maximizes the

total capacity C = ZZ fk, under the constraint

ki
conditions zzye,k,i + Z z X~ U, <0 for
P ki

ee ', where fk)i and y,, ; denote the additional

assigned capacity of LSP i for the edge router pair £,
and that in the physical link e.

5.2 Evaluation Method

To evaluate the effect of the proposed capacity
assignment in PCRF, we performed the simulation and
compared the capacity assignment in all pairs of edge
routers between four traffic assignments by varying the
number of routers in the MPLS network (edge and
transit routers). The first is the dual-phase capacity
assignment with single LSP for the standard class
traffic in each pair of edge routers. This is termed “1-
path max-min”. The second is the dual-phase capacity
assignment with two LSPs in each pair of edge routers
(termed “2-path max-min”). The third is the dual-phase
capacity assignment with three LSPs in each pair of
edge routers (termed “3-path max-min”). For the fourth,
only the second phase of the dual-phase capacity
assignment is applied without any fair accommodation
consideration. It has the two LSPs for each pair of edge
routers, and is termed “2-path shortest-first .

To emulate the NSP topology, we used BRITE
(Boston University Representative Internet Topology)
[19]. BRITE is a tool for emulating network topology
in an AS (autonomous system). BRITE provides the
BA (Barabasi-Albert) model [20], which is often used
to emulate the topology. We specified the number of
routers and the degree, (the number of physical links
per individual router) and generated network
topologies for the simulation.

We specified that all links in the generated network
topology had identical link capacities. In addition, the
shortest LSP and detour LSPs (when multiple LSPs
were used) were computed for all the pairs of edge
routers. We need to be careful of the crossover of some
detour LSPs, when setting up a detour LSP in the
network topology.

In generating the network topology, we defined
80% of the routers as edge routers, and 20% as core
(transit) routers. This reflects the situation in the NSP’s
MPLS networks, where there are many edge routers at
the head and tail ends of the LSPs, and a smaller
number of core routers, which transit traffic for the
edge routers by switching the LSP. In the simulation,
the edge routers had a degree of at least “2” since the
edge router normally has two physical interfaces to
connect the core (upper) network in the NSP. The core
routers had a degree of over three.

The four capacity assignments were compared in the
same network topology provided by BRITE, while
BRITE also varies the topology as it generates. We
tried ten simulations for each number of routers, and
the results were averaged. To solve the modeled
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formula of LP, we used GLPK (GNU Linear
Programming Kit).

5.3 Evaluation Result

The results of the simulations are shown in Figures 4
to 7. Figures 4 and 5 show the average and lowest
amounts of traffic admitted at all the edge routers. The
X-axis is the number of edge routers, while the Y-axis
is the average or lowest volume of standard traffic
class for each of edge routers and shows the ratio of
traffic admitted to link capacity in edge routers. The
value is normalized by the link capacity.

The average ratio of traffic admitted to link capacity
(Figure 4) shows that 2-path shortest-first assignment
achieves the largest traffic accommodation. Compared
with 2-path max-min assignment and 2-path shortest-
first assignment, the average amount of traffic admitted
for 2-path max-min assignment is more than 80% of
that for 2-path shortest-first assignment. But the object
of 2-path max-min assignment is fair accommodation.
Comparing 1-, 2- and 3-path max-min assignments
reveals that traffic accommodation becomes
increasingly similar, as number of edge routers
increases.

10
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Figure 4 Average amount of traffic admitted in edge routers.
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Figure 5 lowest amount of traffic admitted for each number of edge

routers.

In the case of the lowest accommodation (Figure 5),
3-path max-min assignment achieves the largest traffic
accommodation. 2-path max-min assignment admits
about twice times as much traffic as 1-path max-min
does. For 3-path max-min assignment, the admitted
traffic is 1.2-1.3 times larger than with 2-path max-min
assignment.

From the simulation data in Figure 5, 2-path shortest-
first assignment generates a lot of “0” capacity
assignment.  2-path-shorest-first — assignment can
achieve maximizing the capacity assignment in the
network, but cannot assign minimum capacity
assignment at some pairs of edge routers.

Figure 6 and 7 show the cumulative distribution
functions for the ratio of traffic admitted to link
capacity for 20 and 40 edge routers. These figures
show that a relatively large number of edge routers
cannot admit the demand for the 2-path shortest-first
assignment. The results of the 2-path shortest-first
assignment indicate that some of the edge routers
cannot admit any traffic demand. For the other
assignments, the fair accommodation is achieved.
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Figure 6 Cumulative distribution function in 20 edge routers
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Figure 7 Cumulative distribution function in 40 edge routers
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In terms of fair accommodation, it is too constraining
to take the 2-path shortest-first assignment in the
NSP’s operation and service. These results indicate that
the 2-path shortest-first assignment is impractical for
an NSP’s operation, while 2- and 3-path max-min
assignments are effective in terms of fair
accommodation.

Focusing on the number of LSPs in each pair of edge
routers, the additional benefit of 3-path max-min
assignment from 2-path max-min assignment is less
than that of the change to 2-path max-min assignment
from 1-path max-min assignment. And, comparing 3-
path max-min with 2-path max-min, the benefit
becomes more worthwhile as the number of edge
routers increases. This is probably because the number
of disjoint LSPs for the 3-path case is similar to that for
the 2-path case. Moreover, this limitation may result
from the number of degrees (two for edge routers and
three for transit routers) in the simulation network
topology. Generally, it is more difficult to set up
multiple disjoint paths as the number of LSPs in each
pair of edge routers increases. We presume that the
progress of 4-path max-min assignment or cases using
more paths is probably much less than that of 3-path
max-min assignment from 2-path max-min assignment.

The differences of the admitted traffic ratio for each
number of routers between the 1-,2- and 3-path max-
min assignments in Figure 5 are is more than that in
Figure 4. We can say from the results that the lowest
value of capacity assignment is remarkably improved
by setting more multiple LSPs between the pairs of
edge routers. It achieves fair accommodation between
each pair of edge routers more effectively

The number of variables in LP to solve the capacity
assignment increases as the number of routers
increases in the simulated topology. However, even
with over 60 edge routers in our simulation, the
computation time required to solve the modeled LP
was generally less than one second. We used an off-
the-shelf PC with a 2.00 GHz Intel Core™ 2 CPU and
1.99 GB memory for the simulation. Therefore, the
computational load of our proposed capacity
assignment is sufficiently low.

5.4 Discussion and Future Work

We set “two” as the value of the lowest degree in
BRITE for the simulation. It is because edge routers
usually have two physical interfaces for redundant
access to core routers, taking account into the realistic
network topology of NSPs. We presume that using
“two” as the lowest degree is sufficient to simulate the
realistic network topology. Using “one” as the lowest
degree, we presume that the effect of 1-, 2- , 3-path
max-min is not large. And, using “three” or larger
value as the lowest degree, we presume that the effect
has more progress.

However, increasing the number of LSPs for each
pair of edge routers complicates network operation, in
terms of LSP maintenance, e.g., recovering from
failure and utility monitoring. The number of LSPs set
up between pairs of edge routers entails a trade-off
between operational cost and resource utilization.
Issues for future consideration include performing
validity of multiple LPSs at each pair of edge routers
and increasing the number of degrees in the network
topology. And, it is necessary to evaluate the
performance of our proposed capacity assignment for a
number call requests.

6 CONCLUSIONS

In this paper, we proposed the architecture for
harmonizing IMS with MPLS-based traffic engineering.
We showed the extended PCRF function as a way to
utilize IMS session demands for resource management
of the MPLS core network. IMS provides session
demands on the media traffic and MPLS disperses
media traffic following PCRF's determination of path
assignment.

We presented the benefits of harmonizing IMS with
MPLS and proposed the required functions,
architecture, and procedure. To implement our
proposal, the MPLS routers need not have additional
functions. A variety of methods might achieve the
objective of our work, however in this paper we
proposed first of all that the signaling traffic is
prioritized as primary-class LSP and that the media
traffic is transferred into multiple standard-class LSPs.

With regard to traffic engineering in the proposed
architecture for the standard-class traffic, we proposed
a dual-phase capacity assignment to maximize the
lowest value in the capacity assignment, and to
maximize the remaining bandwidth for the standard-
class traffic. In the evaluation of capacity assignment,
we compare the effect of our proposed capacity
assignments with the 2-path shortest-first, which is
equivalent to the second phase of the proposed capacity
assignment. We thus showed that the lowest amount of
traffic admitted into the edge routers increased,
corresponding to the number of LSPs per router pair.
However, the average amount of traffic admitted into
the edge routers when adopting one, two and three
LSPs was almost identical, regardless of the number of
edge routers.
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Abstract - Wireless networks, such as mobile ad hoc ones
have low reliability for reasons such as phasing, noise,
and packet collisions. FEC-based methods in ad hoc
networks have been improved because of their increased
reliability when used with multipath routing. However,
the number of transmission packets from the source node
has been increased. Therefore, we propose using an
efficient and reliable packet transmission method: using
multipath routing constructs from multiple node disjoint
routes and applying network coding, which allows packet
encoding at a relay node. Because the encoding packet is
generated by a relay node, the source node does not need
to encode the packets, and it sends only unencoded
packets to each route. Thus, the number of packets
transmitted by the source node does not increased. In
addition, we also evaluated which node was most suitable
to encode a packet, the location of the path that should be
used to encode it and the delivery ratio by the number of
packets used for encoding.

Keywords. Wireless network, MANET, Network
Coding, Multipath Routing

1 INTRODUCTION

Recently, progress in wireless communication
technology has meant that wireless modules have been
mounted on various devices. These ad hoc networks are
instantly deployable wireless networks, which rely on
radio waves instead of base stations or communication
infrastructure support. Because radio waves have a short
propagation range, the route becomes “multihop” when
a communication peer is not within range. In general,
the reliability is low in ad hoc networks because of
network topology, unstable radio environment, and
packet collisions. By “reliability” we mean the
probability that data generated at a source node in the
network can be routed to the intended destination.

Packet-level forward error control (FEC) and
automatic repeat request (ARQ) are two methods widely
used to recover the lost packets in networks with
unreliable links.

Automatic repeat request IS an error recovery
method that uses acknowledgment packets (ACKs)
and a timer to transmit data reliably. The
acknowledgment packet is a message sent by the
receiver to the sender to indicate that it has correctly
received a packet. If the sender does not receive an

acknowledgment before a specified period of time
(timeout), the sender usually retransmits the packet until
it receives an acknowledgment or exceeds a predefined
number of retransmissions. However, the ARQ method
is not considered applicable in networks that have low
reliability and that are highly mobile, such as ad hoc
ones. This is because the transmission delay increases as
a result of retransmissions by the sender for missing
ACKs. In addition, because of its use of unidirectional
links, ARQ is unfit for wireless networks [5].

Forward Error Control is an error correction method
that is used in data transmission in which the sender
generates an error correction code, adds it to the original
packet, and then sends both the error correction code
and the original packet. Using this method allows the
recetiver to detect and correct errors without the need to
ask the sender for retransmission of the packet.

The use of FEC-based methods in ad hoc networks has
been studied [6] [7] [8] and found to improve the
reliability when used with multipath routing. However,
the number of transmission packets of the source node is
increased. For example, as shown in Figure 1, the source
node S generates a code from Data 1 and Data 2 by
encoding them. The source node then sends the code. In
this case, the number of packets transmitted by the
source node is three (Data 1, Data 2, and Code). Thus,
the transmission frequency at the source node is
increased.

We proposed using a method that involves Network
Coding [2] that allows packet encoding at a relay node
to decrease the number of packet transmitted by a source
node and the number of packets that flow into the
network accompanying it. In addition, we carried out a
computing simulation to evaluate it [1].

The results from the simulation show that our
proposed method transmits data more efficiently and
more reliably than the current method does. However,
when multiple paths are constructed from multiple relay
nodes, how to decide on which node should be encoded
has yet not been discussed. Thus, we theoretically
evaluated which relay nodes should encoded and also on
which paths packet from the delivery ratio and packet
overhead, and the delay. In addition, to validate our
theoretical evaluation, we conducted simulations.

Our method is discussed in Section 2. A prototype
implementation of our proposal is described in Section 3.
We evaluated our proposal by comparing related

ISSN1883-4566/09 © 2009 - Informatics Society and the authors. All rights reserved
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protocols in Section 4, and we summarize our work
in Section 5.

2 PROPOSED METHOD

In this section, we describe our proposed method
using Network Coding with Multipath Routing.

2.1 Basic Operation Model

The construction of the multiple route method is
Split Multipath Routing [4], which is also known as
extended Dynamic Source Routing [3].

Multiple paths are constructed, and then the source
node sends data packets to neighbor nodes on all
routes simultaneously. For example, as shown in
Figure 1, when two paths are constructed a data
packet is forwarded on one path, and a certain relay
node on another path encodes a packet and forwards
it.

(Data2] =
Figure 1 Proposed method

Therefore, the destination node is able to receive
encoding packet even if there is no source node that
encodes the packet and then transmits the encoding
packet.

3 CHOICE OF NODE

Our proposal method is modeled by using a
mathematical expression.

In addition, we evaluated whether a data packet
should be forwarded and the position of the path
where the encoding packet should be generated and
forwarded. These conditions were on the basis of a
theoretical formula.

Similarly, we evaluated which relay node should
encode a packet, when the path is constructed by
two or more relay nodes.

In order to estimate the efficiency of our proposal,
we evaluated the packet delivery ratio, the packet
overhead, and the transmission delay. We define
these parameters as follows.

e Packet delivery ratio

The packet delivery ratio is defined as the number
of correctly received data packets at the destination
node divided by the number of original data packets
sent by the source node.

13

o Packet overhead

The packet overhead is defined as the number of all
node transmission packets, including data packets and
encoded packets.
e  Transmission delay

The transmission delay is defined as the period from
which the source node generates a packet until the time
when the destination node receives it. For encoding
models, the transmission delay is defined as the period
from when the source node generates a packet until the
time the destination node decodes the encoded packets
and retrieves the original ones.

3.1 Evaluation Model

The evaluation model is shown in Figure 2

Source Destination

Figure 2 Evaluation model

Packet Loss Rate between nodes in the ith path is
given by:
(.pll p il K p 1 A p in ) (1)

Packet Loss Rate between the source node and the
destination node in each path is given by:

(o K o, A p) @

The number of hops between the source node and the
destination node in each path is given by:

(H, H, K H, A H) (3

The packet loss rate in each path, which is computed
from the packet loss rate between nodes, is given by:

», =1—1f[(1—p,,> @)

3.2 Coding Scheme

When we constructed the redundancy packets, we
assumed the that the encoding we used would have
parameters (N, K, and t), where (1) N is the number of
transmitted packets in a group; (i1) K is the number of
the data packets in this group; and (iii) t is the erasure
recovery capability, i.e., the maximum number of lost
packets within the group that can be reconstructed on the
basis of the received packets.

3.3 Precondition

In order to simplify the evaluation, the following items
are defined as a precondition.
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* Number of routes: 2

* Transmission path for data packets: pathl

* Transmission path for encoding packets: path2
*Encoding parameters: (V, K, 1)

3.4 Packet Delivery Ratio

The relay node, which encodes is determined for
the better packet delivery ratio. The following
parameters are defined.

One of the following two requirements needs to be
filled in order to send a packet to destination node
correctly.

(Requirement 1) Destination is received data
packet.

(Requirement 2) Destination node is received
packet required decoding.

The probability of meeting requirement 1 is given
by:

B=l-p (5

We then calculated the probability of meeting
requirement 2.

The encoding packet is generated and delivered to
a destination node.

The probability that the source node can transmit
one packet to the relay node that is an encoding
packet is given by:

p,=T1a-p) 6

The variable He is the number of hop to a relay
node, which encodes the packet.

The probability that the destination node receives

two, three, ..., K packets required for coding is
approximated by:
X He
Py =2 [[0=0=p,)"A=p,)~1
n=0 ;=1
(7)

The probability that the source node can transmit a
packet required for encoding to the relay node,
which is encoding packet is given by:

H,
P =P,P,=[](-p) (8
i=1

The relay node encodes packets if the packet
required for encoding is received.

The probability that the relay node can encode and
forward the packet to the destination node is given
by:

P, = T10-p) ©)

J=H +1

From (8) and (9), the probability that the encoding
packet is generated by a source node is forwarded to the
destination node is given by:

Py=Prl,=1-p, (10)

The probability data packet is decoded from an
encoding packet and another data packet required for
decoding without receiving a data packet is given by:

F, =p1(1_p1)K71PSd =P1(1—P1)A71(1—P2)
(11)
On the basis of (5) and (11), the packet delivery ratio
is obtained by:

P=l—p1+p1(1—p1)K71(l—p2) (12)

(1) Determination of relay node encode

We evaluated which relay node should be encoded.

Formula (12) does not contain the variable He. Thus,
we were able to set up a packet delivery ratio regardless
of the number of hops to a relay node that encodes the
packet.

The packet delivery ratio is the same regardless of
node encodes packet.

(2) Determination of the Path

Next, we evaluated whether a data packet should be
transmitted on the path and in which conditions.

The formula which is transformed from (12) is given
by:

P=1-p{l-(1-p)"(=-p,)} (13)

For both two possible relative values the path p; <p,
or p; > p, we evaluated, the packet delivery ratio
increases.

If the path in which p; become smaller is determined,
(1-p)*"'(1- p,) increases. Therefore, P increases as
p1 decreases. Thus, we determined the path such that p;
<p,. If the packet loss rate is defined as equal among all
the nodes, the path which forwards data packet is
determined such that /H; < H,. Thus, we determined
which data packet is forwarded on the path with fewer
hops.

3.5 Packet Overhead

Next, we evaluated the packet overhead.
Packet Overhead O is set by setting X as all data
packet, which should be sent is given by:

0 %{K[Zla—pl,)“ +Z”(1—p2/)-flj
+ Zz(l—pz,,y‘l}

J=H +1

(14)

(1) Determination of relay node encode
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We decided on the basis of our evaluation, which
relay node should be encoded.

We see that the packet overhead O decreased as
the amount of He decreased as a result of (14). Thus,
the relay node adjacent to the source node should
encode the packet.

(2) Determination of the path

We evaluated whether a data packet should be
transmitted on the path and in which conditions
from number of hops.

Packet overhead increases because the number of
packets that are forwarded decreases as the packet
loss rate increases.

However, packet delivery ratio decreases as the
number of packets that is forwarded decreases.
Therefore, we did not find the packet delivery ratio
because it is factor.

We see that O decreases when the path is
determined such that H; < H,. Thus, the data packet
should be forwarded on the path in which number of
hops is fewer.

3.6 Delay

To simplify the evaluation, the following items are
defined as assumptions.
We evaluated the delay on the basis of the
following parameters.
t s : transmission interval[s]
t, : wireless delay][s]
(fixed among all nodes)

The average delay, 7; which forwards a data
packet to a destination node is given by:

I, =Hu,(1=py) (15)

The average delay, 7, the period from when a data
packet is decoded from an encoding packet to
another data packet is given by:

T, = py(1=pa)1=p) T (1= s, K ~1)

x> (max(H,, H,)t, +1,)1=T [ (1= ps,)' ™)
(16)

On the basis of (15) and (16), average delay is

obtained by:

7o T,+T,

H,
p1=p)1-p) (K —1>[max<H,~,Hz>t,. +1,110-p,, >"] +H 1,

p=p)A-p)* 7 +1

(17)

(1) Determination of relay node encoding
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We evaluate which relay node should code.

We see that the delay T decreases because

H, .
[1(1-p,,)" decreases as He decreases since (17).
J=1 ’
Thus, the relay node adjacent to the source node
should encode the packet.

(2) Determination of Path
Next, we evaluated whether the data packet should be
forwarded on the path and in which conditions.
(16) with H,=1 is given by:
_ p(=p )= p)* (K —D)(max(H,. H)t, +1,)+ Hit,
p(1=p)A-p)* 7 +1

T
(18)

We evaluated the delay only when the number of hops
was changed.

We assumed that pl and p2 do not change even if the
number of hops changes.

For either values of H, 1.e., when H; > H, or when H,;<
H,, we found that the delay decreases. In either case, T
remains unchanged because max(H;, H>) does not
change. Therefore, the delay T decreases as HI
decreases. Thus, the data packet should be forwarded on
the path that has fewer hops .

The path on which the data packet is forwarded does
not determine the change of the packet loss rate because
of the dependence on the number of hops and on each
delay time.

4 EXPERIMENT

We verified the validity of the result of the theoretical
evaluation by carrying out a computor simulation. We
used ns2, a discrete event simulator, [9]. The simulation
topology is shown in Figure 3.

The simulation environment is shown in Table 1.

We only considered packet loss from data packets
when we evaluated the data transmission rate

Packet Loss Rate is defined as being an equal value
among all the nodes.

Table 1 Simulation parameters

Field [m] 1000 X 1000
Number of Nodes 7
Radio range [m] 250
Speed [km/h] 0
Simulation time 500
[sec]

Data size [bytes] 512
Transport UDP
Protocol

Time between 0.25
generating packet

[s]
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Packet Loss Rate 0~50
[%]

Encoding 3,2,1)
parameter

4.1 Simulation results

In three evaluation models shown in Table 2, the
theoretical result obtained from the formula and the
simulation result are shown in Figure 6 through
Figure 4.

Table 2 Evaluation model

Path data Path encoding
packet is packet is He
forwarded forwarded
Model 1 path1 | Path2 I
Model | a1 | Path2 3
Model | path2 | Path1 1
*Packet Delivery Ratios

The results obtained from Formula (12) (Theory)
and the simulation result (Simulation) are shown in
Figure 4.

To determine the relay node that encodes the
packet, the packet delivery ratio remains unchanged
regardless of the number of hops to a relay node
which encodes the packet as well as the result
proven by the formula.

To determine the path on which the data packet is
forwarded, Model 1 has a higher packet delivery
ratio than that of Model 3. Thus, this proves that the
method to forward data packet should be forwarded
on the path in which the packet loss rate is low (the
path with few hops) has higher packet delivery ratio.

= Zimulation - Modell
—— Simulation - Modef2
—— Simulation - Model3
i Theony- hodel 2

Theorny- Model2

SN
m

FPadiet Delvery Ratio
=
in

0.4
0.3
0.z
0.1
u}
a oA 0z 0.3 0.4 ns
Paraktl n== Rats
Figure 4 Packet Delivery Ratio
*Packet Overhead

Figure 5 shows the packet overhead.

The result obtained by (14) is the same as that
obtained by using a simulation.

Model 1 has the smallest, and Model 3 has the largest
packet overhead. Thus, we proved that the way to
forward a data packet is to use the path in which the
total number of hops is low and the number of hops to
the relay node that encodes the packet is low has lower
packet overhead.

25000

——8— Simulation - Madel
== Zimulation - Modef2
—— Simulation - hiodel3
e Theory- Model
=t Theony- Modef2
Theory- Model2

BB

HWamber OF Trasm kskn Packet (Dat, Cock)

u} 1] 0.z 0.3 0.4 o5
FParkat]l =z Rate

Figure 5 Packet Overhead

*Delay

The delay is shown in Fig. 6: the graph shown was
obtained by using Formula (17) with 7 = 0.25 and #,=
0.01 and the simulation result.

The graph obtained by using the formula (Theory) is
not equivalent to the simulation result (Simulation)
because we did not include the time needed to construct
a path nor the wvalidity of the set-up wireless
communication delay between each node.

However, the result for the magnitude relation is same
as that obtained by the simulation, i.e., by determining
the path and the relay node encode.

Model 2 has a higher delay in comparison with that
obtained by using Model 1. Thus, the delay increases
with the number of hops to the relay node that encodes

06

—#— Simulation - Model1
== Simulation - Modelz
o.14 = Simulation - Model2
i Theony- hModel
= Theany- hlodel2
Theory- Modeld

Delay[zed]

o 0. 0.z 0z 0.4 0.4
Parketl n=s= Rate

Figure 6 Delay
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the packet. As a result, the relay node nearest the
source node encodes the packet.

In addition, Model 3 has a higher delay than
Model 1. Thus, this proved that the delay decreases
when a data packet is forwarded on a path with
fewer hops.

4.2 Summary

The data packet that should be forwarded on a
particular path and in which conditions, and which
relay node should encode a packet is shown in the
results of the evaluation (Table 3).

Our method has a higher packet delivery ratio, a
lower packet overhead.

The number of hop to a relay node that encodes
packet has no relation to the packet delivery ratio.
Furthermore, the relay node adjacent to the source
node should encode the packet.

Table 3 Result

Packet
Delivery
Ratio

Packet

Overhead Delay

Path data
packet is
forwarded Low
(Packet
Loss Rate)
Path
encoding
packet is Few3¥ Few Few
forwarded
(Hop)
Number of
hops toa
relay node
which
encodes
packet

*When Packet Loss Rate between all nodes is
equal.

independent 1 1

S CONCLUSION

We evaluated our proposed method by using
network coding with a multipath routing
environment.

We evaluated only two paths: the first path in
which data packet is forwarded, and the second one
in which the encoding packet is forwarded and
limited by encoding parameters with (V, K, 1).

To determine the path on which the data packet is
forwarded, we proved that the data packet should be
forwarded on a path with few hops when the packet
loss rate is equal among all nodes.

To determine which relay node should encodes the
packet, we theoretically proved that the relay node
adjacent to the source node encodes packet is better.

In addition, we proved the wvalidity of the
theoretical evaluation with a simulation.

6 FUTURE WORK

17

We evaluated a limited number of paths. In addition,
all data packets and encoding ones are distributed and
forwarded in each path.

However, to ensure that our work takes load balancing
into consideration we should evaluate how a packet
should be scheduled when more than three paths are
constructed.

In addition, we proved that the packet delivery ratio is
better when a data packet 1s forwarded on the path in
which the packet loss rate is lower. However, the path is
not determined if this rate is not measured. Thus, we
need to investigate how to measure the Packet Loss Rate
on each path.
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Abstract - The purpose of this paper is to introduce an in-
tegrated protocol for communications and positioning. The
motivation for designing this integrated protocol comes from
the recent research results for using location information. The
objective of the integrated protocol is to enable simultaneous
data exchange and location discovery. We describe the proto-
col stack of the integrated protocol and look at the facilities
required for each layer. For the MAC layer, resource control
for positioning is introduced. For the NWK layer, simultane-
ous localization and routing is discussed. Target tracking, an
application of the integrated protocol, is also investigated.

Keywords: positioning, data communications, wireless
multi-hop networks, ad-hoc networking

1 Introduction

Emerging  wireless networking capabilities and
micro-electronics technologies enable the provision of the var-
ious types of networks, such as ad-hoc and sensor networks.
Zigbee [1] is one of these emerging standardized sensor net-
work products. Once sensor nodes are deployed, they can au-
tomatically gather the sensing information for a observer. In
such sensor networks, sensing data is expected to be bundled
with location information to locate the event. To know the
node positions, positioning techniques have been discussed in
areas such as cellular communications [3] and wireless multi-
hop networks [4].

The relationship between data communication protocols and
positioning protocols is shown in Fig. 1. Location informa-
tion is not only used for sensor networks, but also for improv-
ing networking performance. Location information helps to
reduce redundant packets [12], [13]. In location-aided rout-
ing (LAR) [13], the expected zone based on the location of a
destination node is defined to reduce packet flooding. A num-
ber of redundant packets is dropped by limiting the flooding
zone.

In addition, location information contributes to improving
energy efficiency. In geographical adaptive fidelity (GAF) [14],
nodes can go to sleep to conserve energy. Since GAF defines
the virtual grid based on the location information to find the
nodes necessary for data delivery, it can maintain the data de-
livery over an extended network life time.

Another application of location information is in medium
access control (MAC) protocol for collision avoidance. Lo-
cation information enables nodes to know the direction of
their neighbor nodes. In this case, the wireless communica-
tion range can be shrunk to avoid media access collision. In

e Vv .
{ Data communication protocols /

Paositioning protocols

*Geographic routing

LAR *Ranging methods

*Callision avoidance MAC TOA. TDOA, RSSI

D-MAC

-Enerev efficient sleening - Positioning methods
Pneray efficient sleeping Trilateration, ROUT A

\\ GAF J/

A -

Figure 1: Relationship between data communication and po-
sitioning protocols.

[15], the authors proposed that a node sends packets by us-
ing a limited wireless range with a directional antenna to a
receiver when the transmitter knows the receiver’s location.

While location information is useful for data communica-
tion protocols, a positioning protocol that provides node po-
sitions must be able to obtain location information anywhere.
As discussed in a lot of different literature, the global posi-
tioning system (GPS) is a simple solution for obtaining node
positions. However, GPS cannot always provide location in-
formation, such as inside buildings.

A positioning protocol consists of two steps. First is esti-
mating the distance (or ranging) by using time-of-arrival
(TOA), time difference of arrival (TDOA), or received sig-
nal strength indicator (RSSI). Second is positioning the nodes
to calculate the coordinates. Positioning methods for wire-
less multi-hop networks have been previously discussed [16],
[7].

To enable nodes to obtain their positions at any place, a po-
sitioning protocol is required. The positioning protocol itself
requires an overhead of ranging message that includes com-
municating nodes. Therefore, it is inefficient to design each
data communication protocol and positioning protocol sepa-
rately. Therefore, we designed an integrated data communi-
cation and positioning protocol.

ISSN1883-4566/09 © 2009 - Informatics Society and the authors. All rights reserved



20

T. Takenaka et al. / A Design on Integrated Protocol for Communications and Positioning

APL
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Medium access | Ranging resource
control control
B
| .
Radio control Ra{]gn) £
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Figure 2: Protocol stack of integrated protocol for communi-
cations and positioning.

1.1 Outline of paper

Section 2 describes an overview of the integrated proto-
col for communications and positioning. The physical layer
(PHY) and MAC layer are described in Section 2.2 and 2.3,
respectively. Section 2.4 presents an overview of the network
(NWK) layer, including an issue of the layer and our solution.

Target tracking which is an application of the integrated
protocol is introduced in Section 3. A problem statement of
target tracking is given in Section 3.1. We also propose coop-
erative target tracking method that uses the ranging capability
in Section 3.2. The performance of cooperative target track-
ing is evaluated in Section 4.

Section 5 summarizes the paper and mentions our future
work.

2 Integrated protocol for communications and
positioning

2.1 Opverview

The integrated protocol for communications and position-
ing is operated under wireless multi-hop network topology.

The protocol stack of the integrated protocol is shown in
Fig. 2. The objective of the integrated protocol is to enable si-
multaneous data exchange and location discovery. It enables
users to obtain data and location information in the applica-
tion layer (APL).

To enable data communications, each layer has conven-
tional data communication facilities. Ranging realization, rang-
ing resource control, and localization are added to support lo-
cation discovery. We then describe functionalities of the PHY,
MAC, and NWK layers.

Node A Node B
,,,,,,,,,,,, | ,
T! 2
Time Time

Figure 3: Ranging message sequence for TW-TOA.

2.2 PHY

Ranging realization is achieved in the PHY. IEEE 802.15.4a
[9] standardized the ranging capabilities, which enable the
nodes to estimate the node distance, although the implementa-
tion is optional. We then use the same mechanism of ranging
capabilities as described in IEEE 802.15.4a specification.

Figure 3 shows the message sequence for the ranging re-
alization by using a two-way time-of-arrival (TW-TOA) be-
tween two nodes, A and B. The propagation time 7T’ to esti-
mate the node distance can then be written as

Tf:%(TlfTQ)7 (1)

where T'1 is the round trip time for node A and 72 is the
reply time for node B. Here, we only consider the true times
of the message arrivals. A distance can be derived from the
propagation time, and TW-TOA enables the estimation of the
node distance. TW-TOA can be achieved by observing the
first arrival signal of the received signals, and it requires at
least two messages between nodes.

One notable observation on the IEEE 802.15.4a specifica-
tion is that it enables the node to estimate distances in the
PHY. However, IEEE 802.15.4a does not support a position-
ing functionality. Therefore, a facility to calculate the node
position is required to be defined on an upper layer.

2.3 MAC layer

Figure 4 shows the time slots in the MAC protocol for the
integrated protocol. The ranging capability enables the track-
ing and navigation applications. In such applications, data
may be needed to be sent without collisions. The functional-
ity in the MAC layer is to schedule and control the ranging
resource to conduct the tracking and navigation applications.
The contention access period (CAP) is collision-based packet
scheduling, and the contention free period (CFP) is collision-
free packet scheduling, which is the same mechanism as de-
scribed in IEEE 802.15.4 [8] specification. Although CFP is
required to the synchronization between nodes, data can be
sent without collision. The CFP provide a guaranteed time
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Figure 4: Time slots in MAC protocol for integrated protocol.

slot (GTS) to send packets periodically. Thus, CFP can be
used for the tracking and navigation applications.

A challenging functionality for the MAC protocol is to de-
sign a mechanism to assign the time slot to send data with the
precise positioning accuracy. In existing data communication
protocol, delay and reachability are parameters to indicate the
quality of service (QoS). Then the nodes will cooperate for
improve the delay or reachability. In the integrated proto-
col, positioning accuracy is the parameter to indicate the QosS.
Each time slot in the MAC layer is selected and scheduled in
terms of the precise positioning accuracy. Then nodes will
cooperate for precise positioning accuracy.

Figure 5 shows the example data relaying when three wire-
less nodes A, B, and C are connected in the networks. As-
sume that node A will deliver the data to the node B. When
latency for the data delivery is critical for the network, node A
directly send the data to the node B. However consider that
when an obstruction is existed between A and B and node
distances are required to being precisely measured for the po-
sitioning. The distance measurement between A and B is
degraded for the non-line-of-sight (NLOS). In this case, node
A should use the node C to precisely measure the distances
for node B. Therefore, a node has to change the destina-
tion for data relaying when data and positioning requests are
mixed. The data flows are required to be controlled in accor-
dance with QoS priority. We will present the case that nodes
should cooperatively relay for precise positioning in a target
tracking in Section 3. The simulation results presented in Sec-
tion 4 reveal that the cooperative relaying through a line-of-
sight (LOS) link improves the positioning accuracy.

2.4 NWK layer

The NWK layer provides the simultaneous routing and lo-
calization capability. The localization protocol estimates node
positions. The motivation for developing localization proto-
col is wanting to know the node positions in multi-hop net-
works with only a small number of anchor nodes. An anchor
node is one whose position is known in advance through such
as GPS.

We previously developed optimized link state routing-based
localization (ROULA) [17]. ROULA is independent of an-
chor nodes and can determine the correct node positions in a
non-convex network topology. In addition, ROULA is com-
patible with the optimized link state routing (OLSR) proto-
col [21] and uses the inherent distance characteristic of mul-

b) Relay routes for precise
distance measurements

/o

///l \\\
CANE e 0
A (sre) \ B (dest)
Obstruction

(a) Route for low latency

Figure 5: Example data relaying for (a) low latency and (b)
precise distance measurements.

tipoint relay (MPR) nodes.

Our objective in developing the integrated protocol is to
achieve simultaneous data exchange and location detection.
The localization protocol consists of estimating distances and
positioning. ROULA sends hello messages to estimate node
distances, hence it can extract an overhead of routing protocol
generated in the NWK layer.

Before discussing which routing protocol is suitable for
the NWK layer, we first introduce the existing routing proto-
cols. The routing protocol is one of the major issues in wire-
less multi-hop networks. In the Internet Engineering Task
Force (IETF), the Mobile Ad-hoc Networks (MANET) Work-
ing Group [2] has been organized to address this issue.

There are mainly two types of routing protocols. One is a
reactive protocol and the other is a proactive protocol. Ad hoc
on-demand distance vector routing (AODV) [20] is one of the
reactive protocols. In AODV, control messages are generated
according to requests to detect and maintain the routes. Zig-
bee [1], which is sensor network product for the industry, uses
the AODV protocol.

OLSR [21] is one of the proactive protocols. OLSR sends
the control messages periodically to detect the shortest paths
to nodes in the network. Nodes in OLSR select the MPR
nodes as relay nodes. OLSR enables efficient flooding of
messages by using MPR nodes.

Figure 6 shows both the OLSR and ROULA function mod-
ules. OLSR and ROULA exchange hello messages to find
one-hop nodes. In addition, OLSR uses topology control (TC)
messages to find the routes in the overall network. TC mes-
sages periodically flood the network, and thus they are com-
patible with the messages gathering local coordinates from all
the nodes in the ROULA protocol.

We selected the OLSR protocol for the NWK layer. We are
currently porting the ROULA protocol into the OLSR pro-
tocol. We are investigating how ROULA can be efficiently

21
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Figure 6: NWK function modules for integrated protocol. Ar-
rows show compatibilities between OLSR and ROULA pro-
tocols.

integrated in the OLSR protocol [18],[19].

3 Target tracking application

3.1 Problem statement

The proposed integrated protocol can be used in such as
equipment monitoring and security, emergency and logistics
applications. Target tracking is an application of the inte-
grated protocol. We focus on investigating target tracking
using a ranging capability and describe how nodes on the in-
tegrated protocol are operated for target tracking.

One of the situations in which target tracking is used is
inside a hospital. Target tracking allows for the position of
tags with ranging capabilities to be monitored. Therefore, the
positions of patients and doctors equipped with the tags are
known at once even in emergency situations.

The problem with target tracking is how to estimate node
positions sequentially. Although the problem to be solved is
in a mobile node environment, we state the problem as a static
location estimation for brevity.

Let us consider a two-dimensional positioning problem.
Assume that at any time, the positions (z;,y;) for i = 1...k
reference nodes are known and the positions (x;,y;) for i =
k + 1...n nodes are unknown. A typical location estimation
using least-square is given by

p=argminy_ (r;— (@i — 2l + - 9% @)

Impulse response realizations for LOS and NLOS conditions
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Figure 7: Time of arrival signals through LOS (top) and
NLOS links (bottom).

where p(z,y) is the estimated node position and k is the num-
ber of reference nodes. The range measurements obtained
from TOA estimation is r;. Equation (2) provides a good so-
lution for the estimating the position when the range measure-
ments are done through LOS links. However, once the range
measurements are done through NLOS links, the estimated
position will be biased.
Let us consider that the range measurements are

los .

7"Ai =7r;+ { ZZos7+ b?los’l 11:72]7\4_;_]\147 7]\7 ) (3)
where el ~ N(0, %), b1 ~ E(p).

LOS measurement noise e} is modeled as a zero mean Gaus-
sian distribution with variance 2. NLOS bias b7°° is a pos-
itive distance bias introduced due to LOS blockage, and is
modeled as an exponentially distributed random variable with
mean .

Figure 7 illustrates some typical impulse response realiza-
tions for ranging at the receiver for LOS and NLOS condi-
tions. In the case of a LOS link, the first arrival signal is
normally precisely detected and it is identical to the shortest
path signal of the sight (i.e. actual distance). However, when
an obstruction blocks the LOS link, the first arrival signal re-
ceived at the receiver may not be identical to the signal of the
shortest path. Reflections from scatters are reached at the re-
ceiving nodes. Therefore the range measurement through a
NLOS link results in introducing a bias error.

3.2 Cooperative target tracking
3.2.1 Notations and assumptions

Let us introduce the notations for the three nodes that we used
in the proposal listed in Table 1. A target node (TN) is a node
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Table 1: Notations for three nodes.

Notation | Description
Target node (TN) | Position should be tracked.
Mobile node (MN) | Relay for TN positioning
RN;j|i=1...3 Position is known.

that should be tracked and estimated its position. A mobile
node (MN) is a node that has the capability to move and has
a role in assisting the TN tracking. A MN can be a human
or a mobile robot. Reference nodes (RNj| ¢ = 1...3) are
the nodes whose positions are known. Figure 8 shows the
example topology of cooperative target tracking. In the target
tracking, we make the following assumptions.

e TN, MN, and RN have TOA ranging capability.

e Identifications for LOS/NLOS links are achieved by us-
ing simple hypothesis testing of received signals in a
mobile node environment [7].

e NLOS link is generated when an obstruction crosses a
LOS link, as illustrated in Fig. 8.

e Both TN and MN are connected to three RNs, and TN
is connected to MN.

3.2.2 Procedure

As discussed in Section 2.3, positioning accuracy is priori-
tized parameter for the integrated protocol. Introducing the
positioning accuracy as a QoS parameter in the integrated
protocol motivates the nodes in the network to cooperate for
precise positioning. Conventional cooperative data relaying
may introduce the delay because of data multi-hopping. How-
ever, we present here the cooperative relaying has a benefit for
precise positioning. A cooperative target tracking using mo-
bile nodes is then proposed to obtain precise positioning in an
NLOS environment.

We describe the proposal by assuming static snapshot il-
lustrated in Fig. 8. Three RNs, an MN, and TN are located
on a field. The problem is to estimate the TN position. An
obstruction is located between TN and RNy, resulting in the
estimated position having bias due to the range measurement
through the NLOS links. To avoid such a positioning situa-
tion that includes NLOS links, MN moves to an area to obtain
LOS links from the TN and RNs when the TN has an NLOS
link for positioning.

In Fig. 8, MN is located so that it has LOS links from the
three RNs and TN. We describe an area that is guaranteed to
obtain LOS links in Section 3.2.3. In this case, the RN esti-
mate the TN position by relaying the MN positioning. First,
the RNs estimate the MN position with Equation (2) through
LOS links of the indexes (1) as described in Fig. 8. Once MN
obtains its own position, it is considered as a pseudo refer-
ence node. Then, RN, RN3, and MN estimate the TN posi-
tion with Equation (2) through the LOS links of indexes (2)
as described in Fig. 8.

RNl
10F B b
()
. 5r Ml\&t 2) R
g
< (2)
o AN ]
%
® (D (hH
o .
st OS link . ?) ]
Obstruction
RN RN
-1of 2 £ 3
-10 -5 0 5 10

X—axis (meters)

Figure 8: Illustration of target tracking. Messages are indexed
in number order for cooperative target tracking.

Table 2: Notations for two methods.

Notation | Cooperation | Description

Conv. No Non-cooperative target track-
ing with only three RNs using

EKF

Cooperative target tracking
with three RNs and a MN
using EKF

Proposal Yes

3.2.3 Guaranteed area to obtain LOS links

To assist TN positioning, MN moves to the guaranteed area
to obtain LOS links from three RNs and the TN. Figure 9(a)
presents the guaranteed area to obtain LOS links from the
three RNs. When the MN is placed in the shaded areas, it
is guaranteed to obtain LOS links from the three RNs. Fig-
ure 9(b) presents the guaranteed area to obtain LOS links from
the three RNs and the TN.

At present, we only consider a situation where the area to
obtain LOS links from three RNs and a TN always exists, and
the MN is placed that area.

To cope with general cases, we are investigating the fol-
lowing point:

e The condition for a guaranteed area where the LOS
links can be obtained from & RNs and a TN (z,vy),
where k > 3, and = and y are variables.

4 Performance evaluation

4.1 Simulation setting

A performance evaluation through simulation proved the
effectiveness of our proposed cooperative target tracking. We
implemented extended Kalman filtering (EKF) [5] to estimate
the moving TN positions. A node’s motion can be considered
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(a)

(b)

Figure 9: Tllustration of areas (shaded) that are guaranteed to obtain LOS links from (a) three RNs and (b) three RNs and TN.

as a dynamic system for the function of time. Therefore, EKF
can be applied to target tracking [5], [6].

Table 2 lists notations for two methods whose performances
were compared. A conventional method represents
non-cooperative target tracking using EKF that three RN's es-
timate moving TN through NLOS links. A proposed method
represents cooperative target tracking using EKF that three
RNs and MN jointly estimate moving TN through LOS links.

In addition, we implemented Cramer-Rao lower bound
(CRLB). CRLB is the bound on a unbiased estimator [10].
This bound provides the best achievable performance [5].
Therefore, it can be used as a performance benchmark of the
target tracking accuracy. Since covariance matrix of EKF in
the absence of a process noise equation is identical to CRLB
[11], we used the diagonal elements of the covariance matrix
for calculating the CRLB.

4.2 Simulation results

The cooperative target tracking was performed by using a
simulation. For LOS range measurement and NLOS bias er-
ror, we used @2 = 0.1 and gt = 1.6 (m).

Figure 10 illustrates the topologies of the networks and
estimated positions represented by triangles for the conven-
tional method (left) and the proposed method (right). RNs are
placed at x; = [0, 10], xo = [ 10, 10], and x3 = [10, —10]
(m). The start point of TN is at [0,0] (m). TN moves in a
straight line at a constant velocity of 1.0 (m/s). The observed
time is 5 (s) with a sampling interval of 0.1 (s). The link be-
tween TN and RNy, is blocked by the obstruction.

As shown in Fig. 10, the estimated positions using the con-
ventional method had biased positioning errors from RNa.
We found that the estimated positions by the proposed method
were much closer to the actual TN trajectories.

Figure 11 plots the cumulative distribution function (CDF)

of the positioning errors that are defined as

\/(wt =)+ (e — yi)?, 4

where (x¢,y;) denotes the estimated position at time ¢ and
(z7*,y/) denotes the actual position at time ¢. The conven-
tional method had large positioning errors. The proposed
method had less positioning errors and approached the CRLB.

Here, we only presented the one scenario. Various scenar-
ios including several obstructions and random target motions
will be investigated in the future. In addition to the position-
ing accuracy, the impact of delays in using the time slot for
positioning in the MAC and data collections are needed to be
considered.

5 Conclusion

We presented an overview of an integrated protocol for
communications and positioning. The objective of this inte-
grated protocol is to enable simultaneous data exchange and
location discovery. We designed each layer of the integrated
protocol. For the MAC layer, the resource control for posi-
tioning was introduced. For the NWK layer, we described
the compatibility of OLSR with the localization protocol for
enabling simultaneous routing and localization. We also dis-
cussed cooperative target tracking. Using a simulation, we
found that cooperative target tracking achieved less position-
ing errors and approached the CRLB.

In future work, we will conduct detailed evaluations on
node cooperation for precise positioning and implementation
on simultaneous routing and localization.
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Abstract - LDAP Directory Service begins to be used
as a tool for the development of Enterprise Information
System. Nevertheless, there are not the standards of the
model for the design of the Directory and generally
incomplete diagrams of the Directory have been
illustrated. The methods to design the Directory are
expected. Then, we proposed the modeling language
extending UML for the design of Directory Information
Tree (DIT). We developed for trial the system that
automatically generates the programs that manage the
Directory, and evaluated it. We found that this system is
enough applicable and efficient.

Keywords: Directory, LDAP, UML, MDA, Modeling.

1 INTRODUCTION

In late years the standardization of the directory
service advances, and the directory service products
which manage the data of the information system of the
company come to be released, and it begins to be used.
However, when the needs to build the original data
structure by the system matter occurred, it becomes
custom to show the incomplete figure of the degree to
exemplify hierarchical structure and do it with a design
document because there is not a standard design model
peculiar to the directory. Therefore by the conventional
construction technique of the directory, it becomes
difficult to get the desired directory for the program
developer and the user because we are not able to
realize the smooth mutual understanding between the
directory designer and the program developer and the
user using it. There is the danger that a problem occurs
just before the operation after the development.

We already proposed Directory Modeling Language
specialized in the directory service based on the UML
model, and produced the system(Automatic Production
System) which generated Directory Management
Program from this modeling language automatically
and demonstrated the applicability of this system [1].

This research domain is the directory, programs
automatic production and UML expansion, but the other
researches corresponding to these all domains are not

found. Therefore the theme of this research is an
advanced one [2][3] [4].

In this time, we added the notation of the schema
definition of the object class and the attribute type to the
modeling language and realized the automatic
generation function of the schema, and the system
implementing the specifications of the practical use
level was completed. By this report, we report about
Directory Modeling Language and the specifications of
Directory Management Program that Automatic
Production System generates and the evaluation of this

system.

The directory of this report has the structure of ITU-T
(International Telecommunication Union-
Telecommunication Standardization Sector)

Recommendation X.500 series and the interface of
LDAP(Lightweight Directory = Access  Protocol)
defined by IETF(Internet Engineering  Task
Force)[5][6][7]. The directory modeling language to
propose is based on UML(Unified Modeling Language)
standardized in OMG(Object Management Group)

[81[9].
2 MODELING LANGUAGE SPECS

This section describes the syntax specifications and
the semantic specifications of Directory Modeling
Language.

2.1 Syntax Specification

The model of Directory Modeling Language is
expressed by the class diagram of UML. In the class,
the stereotype and the tagged value is specified to show
the role of the class. We show below the  syntax
specifications of this modeling language..

2.1.1 <<LDAP>> Class

(1)For a model, there must be only one class specifying
an <<LDAP>> stereotype.

ISSN1883-4566/09 © 2009 - Informatics Society and the authors. All rights reserved
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(2)In this class, a {LDAPRoot} tagged value must be
specified. In {LDAPRoot} tagged value, a character
string 1s specified.

(3)In this class, the association must not be specified.

2.1.2 <<LDAPEntry>> Class

(D)In this model the class name must be unique among
the classes specified <<LDAPEntry>> stereotype.

(2)In the class, one or more {LDAPODbjectClass} tagged
values must be specified. In {LDAPObjectClass}
tagged value, a character string is specified.

(3)The class has one or more attributes.

(4)The attribute consists of the attribute name and the
type. The attribute name must be unique in this class.

(5)The type must be String, byte[], Collection,
Collection<String> or Collection<byte[]>.

(6)<<LDAPRDN>> stereotype must be specified for
one or more attributes in a class.

(7) The association between classes is able to be
specified, and the multiplicity, the navigability and the
role name at the association end are able to be
specified. When there are one or more associations in
a class, the role name at each association end must be
unique each other.

(8)The multiplicity of the association is specified the
following one. The notation (*) means more than 0.

!

(9) The arrow of both directions or the arrow of single
direction 1s specified for the navigability of the
association.

(10) At the association end, one stereotype of the
following kinds must be specified.

+<<LDAPDIT>>
+<<LDAPDN>>
<<LDAPAttr>>

(11)When <<LDAPDIT>> stereotype at the association
end is specified, <<LDAPDIT>> stereotype must be
specified at another association end if nessesary. The
multiplicity at this association must be * vs. 1.

(12) At the association end of <<LDAPAttr>>
stereotype, {LDAPKey} tagged value must be
specified.

2.1.3 <<LDAPDefAttributeTypeS>> Class

(DIn this class, a {LDAPSyntax} tagged value must be
specified. A character string 1s specified in
{LDAPSyntax} tagged value.

(2)The class has one or more attributes.

(3)The attribute consists of the name and the type.

(4)The attribute name must be unique among the
attribute names described in the classes of
<<LDAPDefAttribute TypeS>> stereotype.

(5)In the type, void or Collection is specified .

<<LDAPEntry>>
CLASSH1

1 1<<LDAPDIT>>
* J<<LDAPDIT>>

<<LDAPEntry>>
CLASS2 ENTR
(a) <<LDAPDIT>> and DIT.

*

<<LDAPEntry>>
CLASS1

(b) <<LDAPDIT>> and DIT(Self Assoc).

<<LDAPEntry>>
CLASS1

1

%, <<LDAPDN>>

<<LDAPEntry>>
CLASS2

<<LDAPEntry>>
CLASS1

1
<<LDAPAttr>>
*\{LDAPKey=sn}
<<LDAPEntry>>
CLASS2

sn

(d) <<LDAPAttr>> and DIT.
Figure 1 : Modeling Language and DIT.

(6)In this attribute, if necessary, {LDAPEquality},
{LDAPOrdering} or {LDAPSubstr} tagged value is
specified.

(7)In this class, the association must not be specified.
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2.1.4 <<LDAPDefObjectClass>> Class

(DIn this class, a {LDAPSuperior} tagged value must
be specified. In {LDAPSuperior} tagged value, a
character string is specified.

(2)A class has one or more attributes.

(3)The attribute consists of the attribute name and the
type.

(4)The attribute name must be unique in a class.

(5)void must be specified if specified.

(6)For each attribute, <<LDAPMust>> stereotype is
able to be specified.

(7)In this class, the association must not be specified.

2.2 Semantic Specifications

2.2.1 Class

2.2.1.1 <<LDAP>> Class

In the class specified <<LDAP>> stereotype, the
information of the whole model is specified.

In {LDAPRoot} tagged value specified in this class,
DN(Distingushed Name) which is top entry of all
directory entries belonging to the classes of this model
1s specified.

2.2.1.2 <<LDAPEntry>> Class

The class specified <<LDAPEntry>> stereotype
defines the directory entry. In the class, an object class
of the directory constituting an entry belonging to the
class is specified in the {LDAPObjectClass} tagged
value. One or more {LDAPODjectClass} tagged values
are able to be specified, but top object class is omitted.

The each attribute name defined in the class must be
the attribute type of the directory to belong to one of the
object classes specified in {LDAPObjectClass} tagged
value.

The type of the attribute defined in the class is the
type of JAVA wused in APIs which Automatic
Generation System generates.

When the attribute syntax shows binary data such as
Binary, Octet String or Certificate, byte|] is specified
when a single value, and Collection<byte[]> is
specified when multi values. When the attribute syntax
shows string data such as Directory String, Boolean or
Integer, string is specified when a single value, and
Collection or Collection<String> is specified when
multi values.

<<LDAPRDN>> stereotype shows that it is an
attribute type to become RDN (Relative Distinguished
Name) of the entry.

2.2.1.3

Class
The class specified <<LDAPDefAttributeTypeS>>
stereotype defines the user-defined attribute type with

<<LDAPDefAttributeTypeS>>

29

the attribute syntax. The attribute syntax is specified in
{LDAPSyntax} tagged value of the class. The attribute
syntax (the SYNTAX keyword in the attribute type
definition of the directory) 1is specified in
{LDAPSyntax} tagged value.

The attribute of the class shows the attribute type of
the directory, and the attribute name shows the name of
attribute type. In the type, void must be specified when
attribute type of single value, and Collection must be
specified when attribute type of multi values.

If necessary, {LDAPEquality}, {LDAPOrdering} and
{LDAPESubstr} tagged value are able to be specified in
each attribute of the class. {LDAPEquality},
{LDAPOrdering} and {LDAPESubstr} tagged value
show the matching rule of EQUALITY ,
ORDERRING and SUBSTR each.

For the character string to specify in these tagged
values, the keyword of the matching rule of the attribute
type definition of the directory must be specified.

2.2.1.4 << LDAPDefObjectClass >> Class

The class specified <<LDAPDefObjectClass>>
stereotype defines user-defined object class. In
{LDAPSuperior} tagged value specified in the class, the
superior object class (the keyword SUP of the object
class definition) is specified.

The attribute of the class shows the attribute type to
belong to this object class. The attribute name shows the
attribute type name. <<LDAPMust>> stereotype in
each attribute shows that this attribute type is the
required attribute type of this object class.

2.2.2 Association

The association shows the association between the
entries. Either of <<LDAPDIT>>, <<LDAPDN>> or
<<LDAPAttr>> stereotype 1s specified at the
association end to show the implementation of the
association of the directory.

2.2.2.1 Association of <<LDAPDIT>>

<<LDAPDIT>> stereotype shows that the association
is implemented by DIT (Directory Information Tree).
The multiplicity of this association must be * vs. 1. This
association is implemented by the method that an entry
belonging to the class of the association end specified
“1” 1s posted as the direct upper entry of the entry
belonging to the class at the other association end.

When there are more than 2 associations by
<<LDAPDIT>> stereotype in a class, this class cannot
have more than 2 association that have the “*”
multiplicity among these association ends at this class
side. Figure 1(a) shows an example of the class to use
<<LDAPDIT>> stereotype and DIT implemented. The
implementation of the association by DIT is the most
natural structure for the directory. As to express the
organization of the company, the self association to
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associate with the own class is the typical example
associated by DIT of the directory. Figure 1(b) shows
the class diagram expressing the self association and
DIT implemented.

2.2.2.2 Association of <<LDAPDN>>

The <<LDAPDN>> stereotype shows that the
association is implemented by DN. An entry belonging
to a class has DN of an entry belonging to the class at
the other association end. This implementation
resembles the method that is used for the relations of the
group and the member to be called the static group in
the directory. Figure 1(c) shows the class diagram to use
the <<LDAPDN>> stereotype and DIT implemented.
The dotted lines in this figure are the notation to show
the associated entries, and are not to constitute the real
DIT.

2.2.2.3 Association of <<LDAPA ttr>>

The <<LDAPAttr>> sterecotype shows that the
association is implemented using an attribute value of
the attribute type. {LDAPKey} tagged value is specified
on the association end. In {LDAPKey} tagged value,
the attribute name to use for the association among the
attributes of the class at the other association end is
specified. When the value for this association in the
entry is equal to the attribute value in the attribute type
specified by the {LDAPKey} tagged value belonging to
the class of the other association end, it is considered
that these entries are associated. This implementation
resembles the relations of the primary key and the
foreign key of the relational data base. Figure 1(d) is the
figure of the class diagram specified <<LDAPAttr>>
stereotype and DIT implemented.

3 DIRECTORY MANAGEMENT PROG

3.1 Outline

We developed for trial the system(Automatic
Production System) to generate automatically the
program(Directory Management Program) to manage
the directory from the model of Directory Modeling
Language.

Directory Management Program has the following
specifications so that assuming trial.

*Only import by batch of all data
*Only access by the application program

Directory Management Program consists of Directory
Loading Compiler, Directory Access API and User-
defined Schema Information.

The example of figure 2 assumes the directory which
manages the information of the organization of the
company, the region where it is located at and the
employee who belonged to it. We select the standard
attribute type as much as possible, but define the user-

defined attribute type when we cannot use it. In figure 2,
addExtTelNumber, addExtFaxTelNumber, addCn
and addSn of Employee are the user-defined attribute
type. addExtTelNumber and addExtFaxTelNumber
show the extension telephone or FAX number. addCn
and addSn are additional Cn and Sn. For example these
are defined for the purpose of keeping the full name that
includes GAIJI with the character code set (Shift-JIS
etc) except utf-8.

Figure 3 describes the definition information of these
user-defined attribute types. addExtTelNumber and
addExtFaxTelNumber are defined as the attribute type
of the <<LDAPDefAttributeTypeS>> class which name
is DirectoryString. addCn and addSn are defined as
Binary because they are expressed with the character
code set except utf-8. The addOrgPerson object class
that these user-defined attribute types belongs to is
defined in the <<LDAPDefObjectClass>> class.

3.2 Directory Loading Compiler

3.2.1 Characteristics
Directory Loading Compiler has the following
characteristics.

(DIncomplete information is not left in the directory
because the loading script can detect the structural
error of DIT at the compilation time.

(2)The loading script can check the relation of definition
and reference about the association.

(3)To use the LDIF form it is necessary to be specified
the DN of the each entry itself and the related entry,
but to use the loading script the loading data can be
specified without being conscious of DN

3.2.2 Specifications

Directory Loading Compiler interprets the loading
script for the loading directory data by batch, and
generates the loading data of the LDIF form. Figure 4 is
the script described in the specifications of Directory
Loading Compiler generated by the model of Figure 2.
Region, Section and Employee of Figure 4 is the class
name, and the entry corresponding to this each class is
specified in #entry(). In #entry(), the attribute type and
the attribute value 1s specified in the form of
parameter=value. For example, st="Tokyo" of the
entry of Region shows that st is the attribute type and
Tokyo is the attribute value.

At the following {} of #entry(), the entry being the
lower entry in DIT is specified. The entry of ou="sales
department”" and ou="Development Division" of
Section class becomes a direct lower entry which RDN
is st="Tokyo”. In this way, the DN of each entry is
decided by expressing DIT structure with the nest and
RDN of each entry.

The role name in the class diagram is used to express
the association except DIT. The section parameter
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<K LDAPEntry» < LDAP>
Region root .
{LDAPObjectClass = locality} {LDAPRoot = "dc=example.org”}
«LDAPRDN > st : String

1 | KLDAPDIT>»
prefecture <« LEDn/:EIIf)r;It;ye»
<« Ls%étlijo[r)\g» * {LDAPObjectClass = person}
{LDAPObjectClass = organizational Person}
<<|-2A PtEntry>> {LDAPObjectClass = addOrgPerson}
) ection )
{LDAPObjectClass = organizationalUnit} « LDAPRDN »cn : String
«LDAPRDN>ou : String <LDAPDIT> sn : String
ot sections title : String
postalAddress : String . .
* telephoneNumber : Collection<String>
facsimileTelephoneNumber : String
1
«LsDeAeltDi(l)DnN > 1 I— addExtTelNumber : Collection<String>
<LDAPDIT>>section addExtFaxTelNumber : String
* |addCn : byte[]
addSn : byte[]
K LDAPALttr>employee

{LDAPKey = sn}

Figure 2 : DIT Model by Directory Modeling Language.

<K LDAP DefAttributeTypeS >
DirectoryString
{LDAPSyntax = 1.3.6.1.4.1.1466.115.121.1.15}

addExtTelNumber : Collection
addExtFaxTelNumber : void

<K LDAPDefAttribute TypeS>
Binary
{LDAPSyntax = 1.3.6.1.4.1.1466.115.121.1.5}

<K LDAPDefObjectClass>»
addOrgPerson
{LDAPSuperior = organizationalPerson}

& LDAPMust>»addCn : void
< LDAPMust>»addSn : void
addExtTelNumber : void

addExtFaxTelNumber : void

addCn : void
addSn : void

Figure 3 : Scheme Definition Model by Directory Modeling Language

specified in the entry of Employee class is the role
name specified at the <<LDAPDN>> stereotype of the
class diagram, and the associated entry at this parameter
is specified.

3.3 Directory Access API

3.3.1 Characteristics
Directory Access API has the following the
characteristics.

(1)The API uses JNDI (JAVA Naming and Directory
Interface) which 1s JAVA standard interface of LDAP
directory access and is implemented as the API which
does not depend on the directory server.

(2)Directory Access API can be accessed with the
interface of the design pattern adopted in EJB
(Enterprise JavaBeans).

3.3.2 Specifications

Directory Access API has the functions to get the
entry, the attribute value of the entry and the associated
entry to the entry and so on.

Figure 5 shows the function of the API to access the
entry belonging to Section class of Figure 2.
findByPrimaryKey() method of SectionHome class
gets the instance of Section class by the attribute type of
RDN. findAll() method get all the entries belonging to
Section class. getDn(), getOu() and
getPostalAddress() of Section class get the attribute
value of the entry. getRegion(), getSection(),
getSections() and getEmployee() get the associated
entry. SectionDTO class is the JavaBeans implemented
Java.io.Serializable and has all of the attribute values.
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Region {
#entry (st="T okyo") {
Section {

#entry (ou="Sales", postalAddress =*Shinjuku-ku, Tokyo", employees=<sn="A"> <sn="B">) ;
#entry (ou="development’, postalAddress="1, Chiyoda-ku, Tokyo", employees=<sn="C">) {

Section {

#entry (ou="development-1", postalAddress="2, Chiyoda-ku, Tokyo", employees=<sn="D"> <sn="E">) ;
#entry (ou="development-2”, postalAddress=“3, Chiyoda-ku, Tokyo", employees=<sn="F"><sn="G">) ;

Employee {

#entry (cn="A", sn="A", title="chief", telephone Number="03-1111-0001", facsimileTelephoneNumber="03-1111-1001",
addCn="gmA=", addSn="gmA=", addExtTelNumber="11-0001", addExtFaxTelNumber="11-1001", section=<ou="Sales">) ;

#entry (cn="B", sn="B", tile="staff", telephoneNumber="03-1111-0002", facsimileT elephoneNumber="03-1111-1002",
addCn="gmE=", addSn="gmE=", addExtTelNumber="11-0002", addExtFaxTelNumber="11-1002", section=<ou="Sales"> ) ;

#entry (cn="T", sn="I", tile="staff", telephone Number="06-2222-0002", facsimileT elephoneNumber="03-2222-1002",
addCn=“gmg=", addSn="gmg=", addExtTelNumber=22-0002", addExtFaxTeINumber=22-1002", section=<ou=“Personnel™> ) ;

Figure 4 : Input of Directory Loading Compiler.

3.4 User-defined Schema Information

3.4.1 Characteristics
User-defined Schema Information has the following
characteristics.
(1)The User-definition Schema Information does not
depend on the directory server because it is generated
by the standard LDIF form.

3.4.2 Specifications

The User-defined Schema Information consists of the
data of the LDIF form to register the user-defined
attribute type generated from the information of the
class of <<LDAPDefAttributeTypeS>> stereotype and
the user-defined object class generated from the
information of the class of <<LDAPDefObjectClass>>
stereotype. Figure 6 is the LDIF formed data of the
attribute  type definition generated from the
<<LDAPDefAttributeTypeS>> class of Figure 3. Figure
7 1s the LDIF formed data of the object class definition
generated from the <<LDAPDefObjectClass>> class of
Figure 3.

4 EVALUATION

In comparison with the existing application program
using the directory, we constructed the directory, tested
the function and measured the performance.

The object of the evaluation is Information Leakage
Prevention Solution of Mitsubishi Electric Corporation
(Mitsubishi Solution System as follows)[10]. We
describe the functionally equal directory with Directory
Modeling Language for the organization and the
employee information of the directory of Mitsubishi
Solution System, compare the performance of the each

SectionHome

SectionHome ( ctx: DirContext ) : SectionHome
findByPrimaryKey ( ou: String ) : Section
findAll () : Collection

Section

Section ( ctx: DirContext, dn: String, ou: String,
postalAddress: String, employees: Collection )
: Section

getDn () : String

getOu () : String

getPostalAddress () : String

getRegion () : Region

getSection () : Section

getSections () : Collection

getEmployee () : Collection

SectionDTO

SectionDTO ( ou: String,
postalAddress: String ) : SectionDTO
getOu () : String
setOu (ou: String ) : void
getPostalAddress () : String
setPostalAddress ( postalAddress: String ) : void

Figure 5 : Methods of Class "Section".

program that we make with Directory Access API and
the API of Mitsubishi Solution System.
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4.1 User-defined Schema definition

We defined 35 user-defined object classes and 136
attribute types of Mitsubishi Solution System and were
able to confirm the same schema definition.

By this definition, the classes in the model that we
described by Directory Modeling Language were 7
<<LDAPDefAttributeTypeS>>  classes and 35
<<LDAPDefObjectClass>> classes.

What 136 attribute types are able to be expressed by 7
<<LDAPDefAttributeTypeS>> classes shows that the
attribute syntaxes of these attribute types are 7 kinds.

4.2 Building DIT

We were able to confirm that the DIT approximately
same as Mitsubishi Solution System was build.

There were 9 <<LDAPEntry>> classes, 30 attributes
and 13 associations in the model that we described.

4.3 Performance Measurement

4.3.1 Measurement Method
4.3.1.1 Data Structure

We assume the company of 5,000 employees and
compare the performance using data for the
measurement such as Table.1.

4.3.1.2 Evaluation Programs
We assume the implementation of the address book by
the directory and use the following two programs for the
performance comparison.
(1) Program1
This 1s the program that is assumed to find the
employees from the organization hierarchy. While
referring in sequence from the main office to the
lower organization, this program displays the data of
the organizational unit and all the employees
belonging to there. The entries to access are 781
organizational units and 5156 employees.
(2) Program2
This is the program that is assumed to directly find an
employee by the attribute. This program generates an
employee name at random and acquires the data of the
employee with the employee name as a key. The
entries to access are 5000 employees, 5000
organizational units and 4,999 upper heads except the
president.

4.3.1.3 Measurement environment

We connect two following computers in 100BaseT
and access from PC that the evaluation programs
execute to the directory server in LDAP interface.
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dn: cn=schema

changetype: modify

add: attributetypes

attribute Types: ( addExtTeINumber-oid
NAME 'addExtTelNumber'

DESC 'User Defined Attribute'

SYNTAX 1.36.1.4.1.1466.115.121.1.15
X-ORIGIN 'user defined' )

attribute Types: ( addExtFaxTelNumber-oid
NAME 'addExtFaxTelNumber'

DESC 'User Defined Attribute'

SYNTAX 1.36.1.4.1.1466.115.121.1.15
SINGLE-VALUE

X-ORIGIN 'user defined' )

attribute Types: ( addCn-oid

NAME 'addCn'

DESC 'User Defined Attribute’

SYNTAX 1.36.1.4.1.1466.115.121.1.5
SINGLE-VALUE

X-ORIGIN 'user defined' )

attribute Types: ( addSn-oid

NAME 'addSn'

DESC 'User Defined Attribute'

SYNTAX 1.36.1.4.1.1466.115.121.1.5
SINGLE-VALUE

X-ORIGIN 'user defined' )

Figure 6 : LDIF for Definition of Attribute Types.

dn: cn=schema

changetype: modify

add: objectclasses

objectClasses: ( addOrgPerson-oid

NAME 'addOrgPerson'

SUP organizationalPerson STRUCTURAL
MUST (addCn $ addSn)

MAY ( addExtTelNumber

$ addExtFaxTelNumber)

X-ORIGIN 'user defined")

Figure 7 : LDIF for Definition of Object classes.

(1)The PC that the evaluation programs execute
H/W  CPU: Intel Pentium4 2.8GHz
Memory: 760MB, HDD: 35GB
S/W  Java 1.4.2 06
Windows XP Professional
(2)The directory server
H/W CPU: Intel Xeon 3.2GHz
Memory: 2GB, HDD: 292GB
S/W  SunONE Directory Server 5.2
Windows Server 2003

4.3.2 Result

Table 2 shows the measurement result. In Table 2,
MMS is Mitsubishi Solution System, and DMP is
Directory Management Program.
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4.3.3 Discussion

We found that Directory Modeling Language has
enough description ability of the application system,
because with Directory Modeling Language, we was
able to build DIT approximately same as Mitsubishi
Solution System.

We found that Directory Access API is implemented
by approximately same method as the API of Mitsubishi
Solution System in the access of the directory, because
about the number of the entries sent to PC, the
difference for programl is 781 and the difference for
program? is only 81.

We found that Directory Access API can work with
practical performance, because the total of the execution
times of Program1 and Program? is same as Mitsubishi
Solution System.

We show the evaluation for the execution times of
both. The differences of Directory Management
Program and Mitsubishi Solution System about the
processing to influence performance are the follows.

*The APIs of Directory Management Program
gets all attribute’s values of the entry, but some
of the APIs of Mitsubishi Solution System can
get a part of the attribute’s values. Therefore
Directory Management Program becomes
disadvantageous in the quantity of data sent to
PC.

* When Mitsubishi Solution System acquires the
entry, it performs the access of the directory
without the transfer to check the contradiction
of the directory structure. The check is
unnecessary  for  Directory = Management
Program because this system creates the correct
data with Directory Loading Compiler.
Therefore Mitsubishi Solution System becomes
disadvantageous in the number of the access of
the directory.

In Programl, Mitsubishi Solution System uses the
many APIs to get a part of the attribute’s values of the
entry for the implementation of this system. The
influence surfaced in Program]1.

Program2 sends many entries to PC. Mitsubishi
Solution System performs many accesses of the
directory to check the contradiction of the directory
structure. The influence surfaced in Program?2.

S CONCLUSION

We found that this system is enough applicable and
efficient. By wusing the result of this work, the
improvement of the quality, the productivity and the
maintenancibility can be expected.

We will implement OCL(Object Constraint Language)
for the expansion of Directory Modeling Language in
the future[11]. OCL is the function taken for the
standard in UML2.0 and the language to describe the
limitation and the query of the UML model.

Table 1 : Data Structure of Measurement

organization |org units |members |Title

1 1 |president
head office 5 5|vice president
division 25 25| general manager
deaprtment 125 125|director
section 625 5,000|manager, staff
TOTAL 781 5,156

Table 2 : Result of Measurement

Program svstem time num of entries
8 Y (minutes) |sent to PC

Programl | VIMS 20 19,842

g DMP 24 19,061

MMS 54 40,081

Program2 DMP 0 10000

Now we have the most basic function of the
acquisition of the entry such as the follows.

*findByPrimaryKey/()

find the entry by the primary key(RDN) in the class.
find All()
find the all entry in the class.

When the search by the free search condition is
necessary, it assumes that user oneself learn the
implementation of the Directory Access API and realize
it. In the application system, it is necessary to acquire
the entry by the complex search condition of the
attribute value etc. We will implement the search with
the free search condition by OCL.
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Abstract - This paper provides a stepwise method for the
design of real-time systems with timeliness QoS guarantees.
In the proposed method, the system components are designed
using UML diagrams and are provided with the timeliness
QoS annotated with OCL. The basis of this technique is to for-
mally ensure that the required timeliness QoS is satisfied un-
der the provided timeliness QoS, given the network property
and the UML diagrams. In order to avoid the state-explosion
problem during performance model checking, which can logi-
cally check the satisfiability, the problem is separated into two
steps. The first step checks the satisfiability using an abstract
model of each of the components derived automatically from
the provided QoS. The second step independently performs
model checking for each of the components using a more de-
tailed version of the behavioral model of a given component.
Such an approach reduces the number of total states to check.
Furthermore, the approach can be extended into hierarchical
design, which leads to good scalability. Experimental results
are also included in this paper.

Keywords: timeliness QoS, UML/OCL, model checking,
component based systems, hierarchical design

1 Introduction

This paper presents a new method to verify consistency of
timeliness QoS of component-based designed real-time sys-
tems. We assume that timeliness QoS is not only given to a
whole system (Required QoS) but also associated with each
component of a given system (Provided QoS).

Timeliness QoS is a time aspect of QoS (Quality of Ser-
vice) features[1]. In the paper, we treat jitter, latency and
throughput as timeliness QoS.

Nowadays, most real-time systems are designed with help
of UML diagrams[7]. Especially components and their re-
lation through signal communication can be represented in
a class diagram of UML. In UML based design, such time-
liness QoS can be annotated in OCL[8]. The annotation is
associated to each of components as a provided QoS and also
to a network link as a network property. Recently, SysML
(System Model Language)[13] also attracts interest. SysML
extends from UML and presents mixed systems consisting of
physical devices and software and network systems. There-
fore, SysML supports diagrams for signal flows and physical
flows. For behavioral diagrams, SysML supports four dia-
grams as same as UML. Among them, state diagram has pow-
erful representation including parallel and hierarchical states.

The proposed method is revised version of paper [15]. The
method in [15] uses Linear Programming (LP) for some of
verification. The approach has a disadvantage that connec-
tion among components has to be acyclic, and it cannot be
applied to hierarchical design. The method of this paper uses
abstract QoS automata instead of using LP; thus it improves
the former disadvantage.

The heart of the technique is formally to ensure that the
required timeliness QoS is satisfied under the provided time-
liness QoS, given network property and the class diagram.

In order to check the satisfiability, there are several ap-
proaches. Formal approaches are very useful. Model check-
ing is one of such an approaches. Notion of Test Automata[3],
[5] and its application is also useful. However, one of disad-
vantage of the method is the state-explosion problem.

In order to avoid state-explosion problem while perform-
ing model checking, we separate the problem into two steps.
The first step checks the satisfiability using abstract model of
each of components derived automatically from the provided
QoS. The second step performs model checking each of com-
ponents independently using more detailed version of behav-
ioral model of a component. Such an approach efficiently
reduces the number of total states to check. Moreover the ap-
proach can be extended into hierarchical design; therefore it
has good scalability.

SaveCCM][14] is a technique for Component based Devel-
opment (CBD). In a description of a component, it allows user
to define ports where signals input or output and to represent
behavior in a timed automaton[2]. An IDE over Eclipse is
available. Therefore, our proposed method has an affinity for
SaveCCM.

The paper organized as follow. Section 2 gives timeliness
QoS. Section 3 shows how to design component based real-
timed systems in UML/OCL. Section 4 demonstrates the pro-
posed method which consists of two steps. Section 5 provides
an experimental example. We conclude the paper in Section
6.

2 Timeliness QoS

Main building blocks of our model are components. Each
component has one or more interfaces to the environment,
where all interactions between components is conducted via
the interfaces. Since, we are mostly dealing with real-time
systems and timeliness QoS, we shall assume that the inter-
action of a component with its environment is carried out via

ISSN1883-4566/09 © 2009 - Informatics Society and the authors. All rights reserved
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<< component >> << component >>

data_flow((a1,b1),(a2,b2)) D
<<QoS>>throughput(a1,100) :
<<QoS>>throughput(a2,100) '

<<QoS>>jitter(b1,5)
<<QoS>>delay(b2,b3)

<< network >>
A B
<<QoS>>network_delayj

Figure 1: A Configuration of Components in UML Class Di-
agram

input and output signals. As a result, interfaces of a compo-
nent specify signals that the component receives or emits.

Each component is associated with a number of input and
output signals. In this paper, signals are denoted by x, y and z.
Time of occurrence of a signal is denoted via a non-negative
sequence of rational numbers. For example, the time of oc-
currence of a signal x is denoted with x1, x5, .. . representing
time of first, second, ... occurrence of .

Timeliness QoS expressions [9] such as jitter, throughput
and latency can be expressed via first-order logic formulas on
the set of time of occurrence of signals.

Throughput of at least (most) K within the time period 7T,
for signal x can be written as the first order formula Vi €
N: ziyxk1—2; <TMi e Nt xipg1 —ax; = 1),
respectively.

Notice, paper [5] refers to the above QoS constraint as Non-
Anchored throughput.
Jitter , also called Non-Anchored jitter , of a signal = can be
defined by the expressionVi e N: T —m < x;41 —x; <
T + M, where T is the period of the jitter and m, M are
constant rational numbers.
Latency of at most 7" unit of time between two signals = and
yasVi e N: 0 < x; —yritrx < T. A special case of the
above definition (for K = 1 and K’ = 0) is the well-known
definition of latency Vi € N: 0 < x; — y; < T that applies

to the time difference of the i-th occurrence of  and y.

3 UML/OCL based design of real-time
systems

A real-time system can be designed as a set of components
where signal communication links exist among pairs of com-
ponents. We can describe such components in a UML class
diagram in Fig. 1.

Type Component can be specified by Stereotyping “com-
ponent,” by which user can easily extend UML specification.
A signal communication can be specified with Association.

Each of components has provided QoS, which can be rep-
resented via OCL annotation. Each of network links (which
has association class with stereotype “network™ ) also has net-
work properties represented via OCL annotation. The net-
work properties is the same as timeliness QoS. Attribute re-
gion of each class, includes special variables for QoS with
“QoS” stereotype (in Fig. 1).

The following is the syntax of the variables.

Throughput Variable := “throughput(” signal “,” period
LL)?? ;

Jitter Variable := “jitter(” signal *“,” period *)” ;

Latency Variable := “delay(” output “,” input )" ;

A class with “component” stereotype has three categories
of timeliness QoS (Jitter, throughput and latency), while a
class with “network” has two categories of timeliness QoS
(Jitter and latency).

The OCL description is given as follows[9].

QoS description := “context” className invariant™® ;
invariant := “inv: self” constraint ;

constraint := variable op constant;

variable := Throughput Variable | Jitter Variable | Latency
Variable

op =7 | <7 27| “<;

For example, the following are examples for Fig. 1, where

— means a comment line.
context A
inv: self.throughput(al,100) > 20
—signal al is emitted at least 20 times in the period 100
units of time
inv: self.throughput(a2,100) < 10
— signal a2 is emitted at most 10 times in the period 100
units of time

context B
inv: selfjitter(bl, 5) < 1
— signal bl has jitter 1 with period 5 units of time
inv: self.delay(b2,b3) < 5
— latency between receiving signal b2 and sending sig-
nal b3 is less than 5 units of times
context A_B
inv: delay < 100
— latency (network delay) between component A and
component B is less than 100 units of time

4 The Verification Method

The verification consists of two steps; First Step and Sec-
ond Step. If some of the components are not simple enough,
then repeat the process again from First Step on each of the
components. The following is the abstract level of steps of
the proposed method.
input:

e system required timeliness QoS represented in OCL;

e component level provided timeliness QoS represented
in OCL; and

e network configuration represented in UML/OCL class
diagram.

output:

e component level behavioral specification represented in
UML/OCL state-chart which satisfies required timeli-
ness QoS under the configuration;
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e or failure.

1. First step

(a) We generate test automaton from the required time-
liness QoS.

(b) We generate abstract QoS automaton from each
of the provided timeliness QoS.

(c) We generate configuration automaton from the net-
work configuration.

(d) We check the consistency from parallel composi-
tion of the above automata.

(e) If the result is deadlock then return failure. We
have to reconfigure the requirement or provided
conditions.

(f) If the result is not deadlock then go to Second
Step.
2. Second Step

(a) If the component is not small enough to represent
simple state-chart, then refine the component by;

i. renaming provided QoS of the component to
required QoS,;

ii. design sub components and provided QoS of
each of them;

iii. design network configuration; and

iv. we repeat the First Step until the component
is enough to small.

(b) Ifthe component is small enough to represent sim-
ple state-chart, then we describe state chart of the
component.

(c) We translate a test automaton from the provided
timeliness QoS.

(d) We design network of timed automata from the
state-chart.

(e) We check the consistency from parallel composi-
tion of the above automata.

(f) If the result is deadlock then return failure. We
have to reconfigure state-chart.

(g) If the result is not deadlock then return success.
4.1 The First Step
Verification inputs are the following.
e Required QoS;

e a set of components with provided QoS; and

e aconfiguration automaton which represents network prop-

erties.

Figure 2: Abstract QoS automaton for Anchored Throughput

t>=T-d0
x!
t=0

t <= T+d1

Figure 3: Abstract QoS automaton for Non-Anchored Jitter

The output is whether a given required QoS is satisfied un-
der a given set of components with provided QoS and a given
set of network links with network properties.

In usual methods, designer models behavior of each com-
ponent in a network of timed automata and for the whole net-
work of timed automata. Then the designer performs model
checking, which often results in state explosion.

Here, we give a new method, in which timed automata (We
call each of them an abstract QoS automaton) is derived
automatically from the provided QoS. The important point
is that derived automata are so small that state-explosion is
avoided. Here, we give a translate rule for each provided QoS.

4.1.1 Throughput

A translated abstract QoS automaton for throughput is shown
in Fig. 2. The automaton transmits signal x at least M/ times
during the period 7'. The variable ¢ and clock variable ¢ are
used for such the control. When "throughput must be at least
k frames per P ms” is given as a provided QoS, the corre-
sponding abstract QoS automaton is generated with substitu-
tion M =kandT = P.

4.1.2 Jitter

A translated abstract QoS automaton for jitter is also shown
in Fig. 3. The automaton transmits signal 2 with the priod 7.
The allowed jitter is [T do, T'+d1]. Using the clock variable
t, it transmits signal x at every [T — do, T+ d1] period.

When 7jitter must be [—dy, d’ | with a period 7" is given as
aprovided QoS, the corresponding abstract QoS automaton is
generated from Fig. 3 with substitution T = T”, dy = dj, and
di = d.

4.1.3 Latency

For signal z and y, let m and M be the minimum and maxi-
mum latency, respectively. A translated abstract QoS automa-
ton for latency with above parameter is shown in Fig. 4. The
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y?

g

t>=m
x!
t=0

Figure 4: Abstract QoS automaton for Latency

automaton transmits signal x after receiving signal y with the
latency [m, M].

Unfortunately, the automaton does not accept input y until
it emits output x. To avoid the problem, a set of the same
automata is needed. The number of automaton decided from
throughput property of the components.

When "latency for signal z and y must be [m, M]” is given
as a provided QoS, and also parameter 7" representing period
of signal y is given, the corresponding abstract QoS automata
are generated from Fig. 4. The number of copies is 7.

4.1.4 Configuration Automaton

A configuration automaton models interfaces among compo-
nents. As each component has several inputs and outputs,
such an I/O is represented as a channel in the configuration
automaton. Each channel synchronizes with some I/O of some
components with provided QoS (abstract QoS automaton).
Abstract QoS automata and the configuration automaton com-
municate each other as described above.

4.1.5 Test Automaton

For a given required QoS, we can verify whether the required
QoS is satisfied with the system by generating a correspond-
ing test automaton from the required QoS. Fig. 5, 6, and 7
show templates of test automata for throughput, jitter, and la-
tency, respectively. For such template, substituting each pa-
rameter with a concrete value specified by the required QoS,
we can obtain a test automaton.

Throughput For anon-anchored throughput of which a sig-
nal e occurs at least k times in a period 7" and at most k times
in aperiod T'0, a network of test automata consisting of & pro-
cesses of timed automata in Fig. 5 observes the throughput.

The test automaton observes if 770 < T'(e, i+k)—T'(e,i) <
T holds for some i, where T'(e, i) means the time of i-th oc-
currence of signal e. With & copies of such test automata, they
can observe if Vi(7T0 < T'(e,i + k) — T'(e,i) < T) holds. In
other words, thay can observes at least & times signal e oc-
cures during [7°0, 7. Parameters of the test automaton are
k,T and T0.

In the network of test timed automata, the variables ¢ is
shared among automata globally. Each of timed automata is
activated by turns along the value of variable K. When there
exists common divisor & for 7', 70 and n, we can reduce the
number of copies of the test automaton to & /n with the param-

t>=TO&&t<=T &&

failure

Figure 5: Test Automaton for throughput

0<=T
10>=T - delta0, 10 < T N 0=T
e? T sel2 t1:=0
0=—=T 2~ 10 <=T + deltal
=0 I~
10> T +deltal ¢?
o9
s0 sl $2
2 10 < T - delta0 t1 <T-deltal
t0:=0,tl:=0 e? failure e?
A AT
0= ) t1>T + deltal
e’ L9
e’
t1<=T + deltal O Q=T
e ? =
e si21 0:=0
w1 1>=T- delta0.t1 <T
0:=0 <9

Figure 6: Test Automaton for jitter

eters T'/n, T0/n and k/n. The discussion of such reduction
technique is described in Sec. 5.4.

Jitter Figure 6 shows a test automaton for anchored jitter. It
observes whether a signal e occurs periodically in the period
[nT  deltag,nT + deltaq], where n = 1,2,3, .. ..

The automaton in Fig.6 has two clocks t0 and t1. A path
form s1 to s2 via sel2 or sl12 observes that the time of j-th
occurrence of signal e is during the period [jT — delta0, jT +
deltal] using clock t0, while a path form s2 to s1 via se21 or
5121 observes that the time of j + 1-th occurrence of signal e
is during the period [(j + 1)T" — delta0, (j + 1)T + deltal]
using clock 1.

Latency Figure 7 provides a component of test automata for
latency between a signal « and y. The test automaton shown
in Fig.7 observes if Vi(T'(y, i) — T(x,i) < T') holds, where
T'(e, ) means the time of -th occurrence of signal e.

We have to use 7'/ D copies of such test automata, where D
is period of signal z. Variable cx and cy are shared variables
with them, which serve to count the occurrence of signal x
and y.

4.1.6 Verification

The behavior of such media with timeliness property also is
modeled in a network of timed automata, we call such an au-
tomaton a configuration automaton. Parallel composition of
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cx ==
x7?
t:=0,cx=cx+K

cy==i&&t>T
s0

cy==ig8&t<=T failure

y?
cy:=cy+K

Figure 7: Test Automaton for latency

an abstract automaton for every component and the configu-
ration automaton and test automaton for specified timeliness
QoS decides whether the whole system satisfies the specified
timeliness QoS. For the detail of process of the verification,
refer [10].

4.1.7 Category Based Model Checking

Verification is performed for every timeliness QoS category
(latency jitter and throughput). The idea and approach is very
simple. When we want to check only latency as the required
QoS, we build an abstract automaton for provided QoS of la-
tency only. The divided and conquer approach, reduces the
size of states.

4.2 The Second Step

For each of components, Second step has the following two
cases depending on the component’s abstraction

e Werepeat First step to the given component recursively.

e We design detail behavior of the component and verify
whether provided QoS is ensured by the design.

If the size of the given component is large and designer has
to design the given component from more detail components,
then repeats First step. Hereafter, we describe the later case.

At Second step (of the later case), verification is indepen-
dently performed for each component. Before Second step,
the designer has to give detailed behavior of each component.
Such behavior is given in UML state-chart. In order to give
time constraints on events, the state-chart has clocks.

Verification inputs are the following.

e component’s behavior given in UML state-chart with
clocks; and

e component’s provided QoS.

The output is whether provided QoS is satisfied under a
given UML state-chart with clocks.

The verification is performed based on test automaton. We
have to translate a UML state-chart with clocks to a network
of timed automata.

A state-chart can represent hierarchical architectures; while
a network of timed automata is a simple flat structure model.
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Figure 8: Verification on UPPAAL based on Test Automata

In general, hierarchical structure can be flatten, but such trans-
lation increases the number of states. There are several trans-
lations, and this paper adapts the one in [4]. The translation it-
self is an algorithm to translate Hierarchical Timed Automata
(HTA) to a network of timed automata used by UPPAAL[11].

Thus, we have to translate state-charts to HTA. Fortunately,
syntax and semantics of state-chart and HTA are both similar,
the translation is simple.

We add the following constraints on the state-chart.

e the state-char diagram has clocks; and

e arcs in the stat-chart has clock constraints in a form of
the one same as Timed automata in UPPAAL.

We also use test automata to check timeliness QoS. Test
automata for jitter, latency and throughput are given in 4.1.5.

The verification can be performed with UPPAAL. Thanks
to test automata, we just check deadlock property for each
QoS. Logical expression for deadlock property in UPPAAL
is “A[] not deadlock.”

5 Experiment

The proposed method is applied to an example.

5.1 The example

Media Server is an application delivering video stream and
audio stream to Digital Television and Audio System[6], [12].
Each of output devices required timeliness QoS (throughput).
Figure 9 shows the class diagram of the application, which
consists of twelve components.

In order to compare the proposed method to the old method,
which uses LP solver to First Step, we merge the twelve com-
ponents to three components (Server 3 components , Audio
client 4 components, and Video clients 5 components).

5.2 First Step
The following is the provided QoS.

e Throughput of Component MS—Server is equal or greater
than 100 frames/s.

e Processing latency of Component MS-Storage is equal
or less than Sms.

e Network latency between MS—Server and Digital-TV
is equal or less than 100ms.

e Network latency between MS—Server and Audio—System
is equal or less than 150ms.
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Digital-TV

Media Server
MS-Storage MS-DT network

DT-Receiver

DT-Controller

MS-Controller

DT-L-Speaker

DT-display DT-R-Speaker

MS-Server

Audio-System

AS-Receiver

AS-Controller

MS-AS network

AS-L-Speaker

AS-R-Speaker

Figure 9: Class Diagram of Media Server

MS_Storage . MS_Controller Digital_TV
NN
x2?

c_DTFrame++,
c_AudioFrame := 0
-Au Audio_System

y2! x4?
MS_Server c_AudioFrame < MAX_FRAME
c_AudioFrame++, c_DTFrame := 0

Figure 10: The configuration automaton

We give the following requirement for the Required QoS
for the system.

e Throughput of Digital Display (DT Display) must be at
least 30 frames/sec.

For these provided QoS, and a configuration automaton de-
rived from the UML class diagram, and Required QoS for the
whole system, we apply the verification along with First Step.

Figure 10 shows the Configuration automaton for the ex-
periment. The Configuration automaton in Fig.10 represents
connection among the components. It uses channels to com-
municate abstract QoS automata providing the provided QoS
mentioned above. For example channel x is used for commu-
nication to an abstract QoS automaton with throughput 100
frames/sec at a transition between MS—Controller and MS—
Server. In order to avoid unfairness that frame communica-
tion occurs only between MS—Server and Digital-TV (or only
between MS—Server and Audio—System), we use a parame-
ter MAX_FRAME, which is used in a condition that the
maximum successive occurrence of signals between the same
components. We use a condition M AX_FRAME = 1 for
the experiment.

t>=TO&&t<=T &&
c==0

fe=0;
e? Ne=c+1
sleep P activi failure

e? - t>T
t=0,
ci=c+1

t<TO&&c==0

e?
t>=TO&&t<=T && t>=T08& <= T &&
c==1 c==2

t:=0,
- 3
2 ci=c-2
i activ failure

e?

Figure 11: The network of test automata for the given re-
quired QoS

Figure 11 shows the test automaton for throughput as Re-
quired QoS. The test automaton observes throughput of 3
frames per 100ms. As required QoS, the required value of
throughput is 30 frame/sec, We have to need 30 processes of
throughput test automata to observe the throughput exactly.

At the First Step, we have performed verification experi-
ments for two configurations: (1) an abstract QoS which out-
puts ten frames per 100 msec, and (2) an abstract QoS which
outputs 30 frames per 300 msec, respectively, are used for
abstraction of provided QoS for MS.Server.

The provided QoS of MS.Server is at least 100 frames/sec.
To prevent the jitter of frame signals, we adopt 100ms and
300ms as the period in the experiments. The values are set in
the configuration (1) and (2).

Each of two experiments is performed with several num-
bers of test automata: 3, 6, 9, 12, 15 and 30. We have ob-
tained CPU times and sizes of memory consumed. The ex-
periments are performed in the following environment: CPU
is Intel Core 2 Duo 2.33GHz, OS is Windows Vista Busi-
ness and M.M. is 2GB. We used UPPAAL4.1.0 as a model
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Table 1: The result (1) of first step

#of P result CPU time | Used memories
3 not valid 0.3 ms 23.9MB
6 not valid 1.4 ms 24.4MB
9 valid 28 ms 24 .8MB
12 valid 50.6 ms 25.9MB
15 valid 83.6 ms 26.8MB
30 valid 480 ms 34.4MB

Table 2: The result (2) of first step

#of P result CPU time | Used memories
3 not valid 0.6 ms 23.9MB
6 not valid 0.7 ms 24.4MB
9 not valid 1.2 ms 24 7MB
12 not valid 1.6 ms 25.0MB
15 not valid 2.1 ms 25.1MB
30 valid 957 ms 40.4MB

checker. Table 1 and Table 2 show the results of (1) and (2),
respectively. The column of “# of P” shows the number of
processes (the number of test automata).

In the previous experiment, we have performed First Step
with Linear Programming solver. In the experiment, we have
performed it in 78 ms (although it has been performed in dif-
ferent environment).

5.3 The Second Step

After First Step, we design inner behavior of each compo-
nent.

In the example, recursive application of First Step is not
performed, because each component is small enough. Be-
havioral specification is described in UML state-chart. The
design must meet the provided QoS. Figure 12 shows behav-
ioral specification of Component MS-Storage.

In order to verify timeliness QoS for each component, State-
chart must to be translated into a network of timed automata
and also timeliness QoS is converted into test automata.

Figure 13 depicts translated result of on part in Fig.12.

The translating times are summarized as follows.

Translation time : 1153 ms
The number of states(before) : 89
The number of states(after) 2 179

Figure 12: A UML Statechart Diagram of Component MS-
Storage

Figure 13: An UPPAAL Timed Automaton of Component
MS-Storage

For every component and for every timeliness QoS, verifi-
cation is performed. The total CPU time is about one seconds.

We found that for every component, the verification is per-
formed within a few seconds with UPPAAL, without state ex-
plosion. Also we found that there is no deadlock.

5.4 Discussion

Table 1 shows that when we perform the experiment with
nine test automata, it outputs the correct result. The result of
Tab.2, however, shows that we cannot obtain the correct re-
sult until the number of test automata increases to 30. When
we perform the experiment with 30 test automata, the CPU
time increases exponentially. Therefore, we can conclude
that there is a trade-off between degree of precision and CPU
times. As shown in both tables, the CPU times of the ex-
periments with 30 test automata are too large. Thus, as we
consider the trade-off, in this experiment, the trade-off point
is at which the number of process is 15.

Though we cannot exhibit that our proposed method is bet-
ter than that of linear programming based method with respect
to the CPU time, the performance of the proposed method
is within useful reasonable time. The linear programming
method has many constraints on configuration, while the new
proposed method is flexible and is able to apply recursively
along with component hierarchy, which are the advantage of
the proposed method.

Our proposed method has more acceptable inputs than the
former method. The difference between this and that of gen-
eral class is very small. It is although not faster than the for-
mer method, it is more flexible than the former method.

6 Conclusions

This paper proposed a stepwise verification method for de-
sign of real-time system with UML/OCL focusing on timeli-
ness QoS aspects. The method uses abstract QoS timed au-
tomata in order to reduce the possibility of state explosion.

The method can be applied to a design with complex con-
nection of components.

Future works include simultaneous verification of several
kinds of timeliness QoS, and utilization of feedback informa-
tion such as verification counter-examples.
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Abstract - In ubiquitous computing environments, an ef-
fective handling of Quality of Service (QoS) is needed to pro-
vide context-aware service in tune with the variation of con-
text information. But QoS for overall system may fall if ei-
ther the quantity or quality of context information exchanged
among entities is insufficient or excess. Based on user con-
text, resource context and QoS, we propose a dynamic control
scheme for context information delivery. Based on highly au-
tonomous and cooperative multi-agent system, we compose
the entities to configure context-aware services. OQur proposed
scheme can efficiently adapt to the various changes in the real-
world environment and maintain the QoS to the user satisfac-
tion. The effectiveness of our proposed scheme is evaluated
from the perspective of adaptability depending on the vary-
ing relationship between real-world and ubiquitous comput-
ing environment.

Keywords: Ubiquitous computing, Context information
management, Quality of Service, Quality of Context, Multi-
agent system

1 INTRODUCTION

In recent years, ubiquitous computing (ubicomp) [1] envi-
ronment is emerging, where various kinds of sensors, hand-
held terminals, and wireless networks cooperatively work to
support daily lives of the people. As a distinctive service (e.g.,
wellness management service, telemedicine support service,
and mobile information service) provided by this environ-
ment, context-aware services come to the front [2]-[4]. The
context-aware services are the services in ubicomp environ-
ment based on the “context” which is the situation of each en-
tity. Here, the entity is the element in ubicomp environment
such as users, hardware devices, software, and networks.

The context of an entity is delivered in the form of infor-
mation in the network, and used by other entities. We call
this information as “Context Information” (CI). The CI is ex-
changed at very frequent intervals, then the entities should
transfer and handle massive amounts of CI, as well as han-
dling data for main services, using the shared resources. Es-
pecially in case of application that consumes a large amount
of computational and network resources, such as multimedia
communication service, the resources for service provision-
ing itself decrease due to excessive circulation and processing
of CIL Therefore a critical degradation in the QoS in overall
system may result.

To solve this problem, Tokairin et al. [10] proposed a Con-
text Management Scheme to keep the QoS. Their scheme is

based on the concept of quality of context (QoC), and in-
creases QoS in ubicomp environment by managing CI de-
livery effectively. However, even if the types of entities are
same, the behavior of each entity is different depending on the
physical environments where they exist in the real world sit-
uation. Hence, the autonomous and adaptive control scheme
of CI delivery is needed, according to the varied physical en-
vironment in the real world.

Our goal is to develop an effective CI managing scheme for
context-aware services to provide appropriate QoS according
to varied physical environment and user’s requirements. This
paper presents a dynamic control scheme of CI delivery based
on multi-agent. To realize this we compose entities which
configure context-aware services as highly autonomous and
cooperative agents in this scheme. By employing the pro-
posed scheme, the system can provide the context-aware ser-
vices in varied physical environment flexibly by using the sit-
uational adaptability of each agent and their organizational
behaviors.

Especially, we performed an initial experiment with the
prototype system of a ubiquitous live streaming video service
with our proposed scheme. From the results, we confirmed
that the system can control the CI delivery according to pro-
vided QoS and the change of location and speed of a user
entity in the physical environment. We also confirmed the ef-
fectiveness of our scheme in perspective of user-level QoS of
the video streaming such as frame-rate and timeliness of ser-
vice provisioning, according to the changes of entities in the
real-world environment.

2 RELATED WORK AND PROBLEMS
2.1 Related Work

In this section, we present related works and summarize
their problems. Some studies have explored concentrating on
the acquisition and selection of context information (CI) for
context-aware service provision [5], [6]. CHANSE [5] aims
for easy configuration of context-aware service by using cen-
tralized management server of CI. In case of failure to get re-
quested CI for configuration of service due to break down of a
sensor device, the system can keep CI provisioning by select-
ing alternative CI from other available sensors. This mecha-
nism gives a good solution to increase availability of context-
aware service; however, it is required to describe static pro-
cess of electing CI when a device is newly introduced. The
dynamic reconfiguration of sensor devices is also expected

ISSN1883-4566/09 © 2009 - Informatics Society and the authors. All rights reserved
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when the device providing CI breaks down. ContextDistillery
[6] proposes a framework that aims for abstraction of the up-
to-dateness’s variety of each CI. However, it is required to
describe the process of selecting CI and up-to-dateness of CI
statically in its design phase. The dynamic provision of CI to
adapt to the operational situation of the system is expected in
the real world.

Additionally, some studies have investigated focusing on
Quality of Context (QoC) [71-[9]. Buchholz et al. advocated
the notion of QoC [7]. They introduced and defined from
“precision”, “probability of correctness”, “trust-worthiness”,
“resolution”, and “up-to-dateness” for QoC parameters. They
also refer to relation of QoC, QoS, and Quality of Device
(QoD). Sheikh et al. [8] define QoC aiming to deal with
complicated specification of CI effectively in the middleware
for context-aware service. They defined QoC parameters for
more practical use than [7], they are, “Temporal Resolution”,
“Spatial Resolution”, and “Probability of Correctness”. They
mainly discuss the signification of usage of QoC parameter,
however, it is not clear how the QoC may be used in sys-
tem operation for real world applications. An adaptive mid-
dleware framework [9] is proposed to provide and select CI
depending on the application. They define QoC by “Preci-
sion” and “Refresh Rate”. This framework computes Utility
Function based on the QoC; CI are selected according to the
computed amount. This is the pioneering work to use QoC in
the real system. However it is difficult to control “Precision™
and “Refresh Rate” dynamically because these QoC parame-
ters are assumed to be preliminarily defined and advised.

On the other hand, a flexible QoC control scheme during
the system operation is proposed [10]; this scheme aims to
provide the advanced QoS control ability. They propose con-
text information management based on multi-agent system;
while they focus on “up-to-dateness” as a QoC parameter.
This scheme enables the control of CI delivery based on re-
source status and user’s physical location. It is possible to
manage QoS of overall system. However, because applica-
ble real environment and services are restricted by the static
value of the threshold of resource status and the fixed area of
the user’s location, which are specified in the design phase of
the system, thier scheme has some limitations in scalability
and flexibility of QoS control ability.

2.2 Problems

We tackle the control of the context information (CI) deliv-
ery. Here, we point out two current technical problems. We
assume that ubicomp environment comprises physical envi-
ronment (real space) and ubiquitous computing space (ubi-
comp space). We describe the problems of adaptability from
viewpoints of relationship between real space and ubicomp
space.

o Effective CI delivery based on the run-time behav-
ior of entities (P1): Suppose the cases where context-
aware services are provided by using computational and
network resources shared by main services and CI de-

livery in ubicomp space. The resources required to pro-

vide its main service is degraded due to the resource

limitations of ubicomp space when the amount of CI

exchanged among entities becomes huge. Consequently,
the main service doesn’t work properly or the QoS may

be greatly decreased. The effective CI delivery in ubi-

comp space, deeply considering the run-time behavior

of entities in real space, is essential.

e Flexible CI delivery adapted to change of real space
in long-term range (P2): We described the problem
about reactive adaptability of CI delivery control in run-
time in (P1); however, we must deal with the changes
of real space in more long-term range. These changes
may occur with reorganization of furniture in a room,
replacement of the role of a room, modification of work
flow, etc. We also need to take the deployment problem
of a ubicomp space to a real space into account. It is
necessary to customize and adjust the ubicomp space
delicately in order to make it workable on the target
real space because of diversity of real space. There-
fore, it is required to adapt the QoC control scheme
autonomously during the service provisioning when a
ubicomp space is deployed on an arbitrary real space,
and even when the real space changes in long-term range.
Then, it is possible for the system to improve its QoC
control ability by itself gradually over time.

3 DYNAMIC CONTROL SCHEME OF
CONTEXT INFORMATION BASED ON
MULTI-AGENT

3.1 Relation of QoS and QoC

A general model of context-aware service provision system
is shown in Figure 1. The real space comprises four kinds of
entities: hardware entities such as PC, PDA, and RFID Tag,
software entities such as video transmission/receiving system
working on PC, network entities such as wired/wireless net-
works that connect the entities, and user entities as human
user of the system. Here “Context Information” (CI) is de-
fined as the information which carries the situations of these
entities.

The entities provide a service for user entities in coopera-
tion with other entities. If the system controls a service based
on a specific CI, we call this service “context-aware service.”
First, the system collects CI from each entity in real space,
as shown in Figure 1. “CI Delivery and Handling System”
processes the CI and passes only the necessary CI to “Service
Provision System” that provides the main service. Service
Provision System organizes the entity group to provide the
service based on the CI, and the system starts the service for
the user entity.

Both the systems in ubicomp space sometimes use the same
resources; where resources mean computational resources and
network resources. In this situation, if enough amounts of re-
sources are not available, the conflict on the resources occurs
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Figure 1: A model of context-aware service provision system
in ubiquitous computing environment

and then we cannot get enough performance as described in
Section 2.2(P1). Therefore, we need to tune the system to
improve the provided QoS as much as possible.

We define QoS and QoC in ubicomp environment as mea-
surement metrics to tune this system effectively. QoS repre-
sents the quality of service that ubicomp space provides to the
users. We define QoS as following three parameters;

QoS =< Service—Quality, Timeliness, In—Placeness >

Service — Quality means a quality of providing service it-
self. Timeliness is an indicator that shows how the ser-
vice starts in right timing from temporal viewpoint. In —
Placeness is a measure that shows how the service is pro-
vided in appropriate place from special viewpoint. Second
and third items are essential in ubicomp environment, and it
is important to provide service that satisfies user requirement
to these things.
Additionally, QoC is defined based on [7];

QoC' =< precision, correctness,trust worthiness,
resolution, up—to—dateness >

Here, QoC means the quality of CI exchanged among enti-
ties and has tight relationship with QoS. A large amount of
resources are consumed when CI is delivered and processed
with high QoC. Then the resource that is used by the main
service is reduced, and the value of each parameter of QoS
decreases in the end; concretely speaking, Service—Quality
decreases. On the other hands, when QoC is decreased, the
context awareness is also degraded. It causes troubles such
as service delay in establishment (low T'imeliness), unex-
pected starting of service in the place where the users do not
exist (low In—placeness), and so on in these cases. These
are fatal errors in context-aware services.

We focus on the relationship between QoS and QoC in
this paper. We ensure QoS-aware context service provision
by controlling QoC based on the condition of entities in real
space and provided QoS, and realize better QoS as much as
possible.

3.2 Overview of the Dynamic Control Scheme
of Context Information Delivery

This paper describes a “Dynamic Control Scheme of Con-
text Information Delivery”. This scheme needs to realizes
ubicomp space that can provide effective context-aware ser-
vices by adapting to various changes in real space. By em-
ploying the proposed scheme, the system can improve QoS
by managing QoC based on the relationship between QoC and
QoS described in Section 3.1. This scheme has the following
two functions.

s Dynamic QoC Control Function based on the be-
havior of entities in real space (F1): This function
follows the short-term behavior of entities on the sec-
ond time scale and automatically adjusts QoC to pro-
vide higher QoS and keep it as stable as possible. For
example, in the case of ever-changing of the location CI
of user entity and hardware entities caused by the user’s
movement in a room, this function avoids to decrease
QoS by increasing/decreasing the QoC of the location
CI according to the user’s location and movement. This
function solves (P1) described in Section 2.2.

e Adaptation Function for long-term changes in real
space (F2): This function tunes working parameters of
(F1) according to the changing situation of entity for
long-term (like in a matter of days) in real space. For
example, this function can make the adjustment of al-
gorithm of (F1) adaptively in case the trend of entity’s
working conditions are changed by the rearrangement
of furniture and IT devices inside the room. This can
solve (P2) of Section 2.2.

In addition, there needs to be another adjustment for further
long-term changes in real space, like the change of number
of entities or their quality, occurred by replacement of entity
members. In this paper, we omit this type of adjustment.

Compared with existing studies, Tokairin et al. [10] have
investigated the QoC adjustment based on user location con-
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sidering trade-off between QoS and QoC. They suggest a method

to vary CI along with the area where the user exists. The ar-
eas are determined in advance, and they assign value of QoC
per area statically. This gives a partial function of (F1). How-
ever, this method lacks of flexibility and extensibility against
the changes of real space. Our proposed scheme realizes
(F1) fully to apply various real spaces easily. Moreover our
scheme can overcome existing method in terms of the adapt-
ability by introducing (F2) which is difficult to realize in ex-
isting works.
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Figure 2: Ubiquitous computing space based on multi-agent

3.3 Architecture based on Multi-agent

The problems (P1) and (P2) in Section 2.2 originate from
the limitations of autonomy and cooperativeness of each en-
tity, and the lack of infrastructure for a flexible system con-
struction to support context-aware services. We therefore com-

pose these entities as highly autonomous and cooperative agents,

and construct the ubicomp space as a multi-agent system. Fig-
ure 2 shows the Ubiquitous computing space based on multi-
agent. Each entity is monitored and controlled by the indi-
vidual agent. Each agent manages CI of each entity and ex-
changes the CI among the agents by using inter-agent com-
munication protocols. The agent also has knowledge on the
specification of the target entity. According to this specifica-
tion knowledge and monitoring results, the agent can recog-
nize the behavioral situation of the entity. The agents can pro-
duce an organization based on the contract among the agents,
to configure service organization of entities dynamically [11],
[12].

We expect the following advantages by using the concept
of multi-agent.

e Effective service composition in ad hoc manner based
on the dynamic selection and synthesis of CI by agent’s
ability of self-awareness and cooperativeness

e Autonomous acquisition of CI reflecting operational sit-
uation of entity by the reflection and autonomy ability
of agent

e Advanced provision, delivery and distributed manage-
ment of CI by the agent’s cooperation ability

o Improvement of extensibility and flexibility in the sys-
tem construction by the modularity and the organiza-
tional behavior of agent

3.4 Design of Dynamic Control Scheme of CI

(F1) and (F2) are functions to keep QoS high and stable by
monitoring the observable CI that affects to QoS of context-
aware service, and by adjusting QoC of the operable CI. In
particular, we define (F1) as a mapping function that calcu-
lates the value of QoC by using appropriate observable pa-
rameter of CI as “variable” and pre-defined “coefficients” of
each application. We also define (F2) as a function that up-
dates the coefficients based on evaluation after a single service
provisioning is finished. This mapping function is defined for
every application and is maintained in the agent that has the
decision making role.

In this paper, we consider the design of this scheme by us-
ing an application example in which the movement of a user is
regarded as the change of situation of the real space. This ser-
vice can be provided at the right place according to the user’s
location. Here, we regard the location information of the user
entity as the observable CI. We also regard the up-to-dateness
of location information of user entity as the QoC of operable
CL

In order to trace the movement of a user correctly, the faster
the user moves, the higher up-to-dateness of the location in-
formation we need. This is because the system must keep the
difference small between the user’s actual position and the lo-
cation information. Furthermore, we need to change the up-
to-dateness of (QoC) based on not only user’s moving speed
but also the distance between the user and a service terminal.
When the service terminal is far away, we can set low QoC
and reduce the consumption of the resource, because the pos-
sibility of service provisioning is rather low. We also need
high QoC and check the user’s location frequently when the
user closes to the service terminal, because the possibility of
service provisioning increases. By definition of the mapping
function that uses the CI as variables, we do not have to set
the fixed value manually for mapping between observed CI
and QoC. Therefore, we can change QoC continuously based
on the changes of real space.

3.5 An Example of Design of Proposed
Scheme

We illustrate an example of design of the proposed scheme
by using the ubiquitous video streaming service as shown in
Figure 3. We consider the following scenario in this service.
The user moves in a room while receiving movies with the
handheld PC. When the user moves, the system switches the
display device and migrates the video player service to a desk-
top PC that can display the video in higher quality. In this sce-
nario, the desktop PC that can provide the service calculates
distance between the user and desktop PC. Moreover it calcu-
lates the user’s speed from movement distance of the user and
an elapsed time from the previous point. The system sends
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Figure 3: An example of dynamic QoC control function

a QoC change request according to the user’s speed and the
distance between the user and the desktop PC.

Furthermore, QoC should be controlled considering status
of QoS to the user. Suppose that the desktop PC shown in Fig-
ure 3, for instance, sets the high QoC, whereas the handheld
PC runs out of resources because of the excessive delivery of
CI. Thereby it may degrade service quality of video. By mon-
itoring QoS parameters such as frame rate of video, when
the actual decrease of QoS occurred, the system requests to
change up-to-dateness (QoC) lower. This QoS-based control
of QoC can keep the behavior of the entire system stable.

Here is an example of QoC calculation function with a sce-
nario shown in Figure 4. A user moves from point A to point
B with handheld PC connected to the Wireless network. The
distance between point A and point B are the cover area of
the ultrasonic location sensor (ZPS). The service migration
occurs when the user get close to the desktop PC at point B.
Here, we use the frequency of location information update as
the up—to—dateness parameter of QoC, and frame rate (fps)
as the Service—Quality parameter of QoS as mentioned in
Section 3.1. In this case, we calculate QoC as follow:

QoC =

(v+p{(X =2") +a}

where X is the maximum distance between point A and point
B as shown in Figure 4, 2" is the distance between the user and
the terminal that is the destination of the service migration, v
is the speed of the user, p is a constant to consider when the
user does not move, and w and «v are constants to set initial
value of QoC when the user stays at point A. The Adaptive
Function (F2) is achieved by adjusting each coefficient value
X, w, p, and ax.

Moreover, the system changes QoC when the average of the
frame rate decreases more than that requested by the user. We
calculate and update the new QoC value by following simple
expression:

()
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Figure 4: A scenario of QoC control experiment

where QoC" is the QoC before the request is issued.

4 IMPLEMENTATION

4.1 An Application to Live Streaming Service
for Ubicomp Environments

We developed an experimental system of live streaming
service for ubicomp environments. This is a system that trans-
mits a live video captured by multiple cameras to users at re-
mote locations over the network. This system can play the
video on a display device such as TV monitor or display of
PC which is located at the nearest position to the users. The
system has functions to switch the displays and to migrate
the video player service according to the user’s position and
request of QoS. For example, we expect various application
areas like a supervising system for the appearance of the el-
derly person at home, user’s baby in the day-care center, and
the indoor pet.

4.2 Design of Experimental System

Figure 5 presents the agent’s organization used in this ex-
perimental system. The role of each agent is shown as fol-
lows:
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Figure 5: Agent organizations in experimental system

49



H. Takahashi et al. / A Dynamic Control Scheme of Context Information based on Multi-agent

e User: This agent manages CI about a user entity. It
manages the user’s profile, request of QoS, location in-
formation, etc.; it sends the user-related information to
other agents.

e UserReq: This agent controls U/l software entities that
have functions to acquire user request. It informs the
user request obtained through this U/I to the User agent.

e ZPS: This agent has function of acquiring and provid-
ing the location information of a specific entity with its
tag using an ultrasonic positioning sensor system [14].
This agent can control the up-to-dateness of location in-
formation dynamically based on requests (QoC change
request) from other agents; this agent informs the CI to
other agents.

e Manager: This agent manages all the agents on each
terminal PC; Manager can communicate with the other
Manager. 1t judges timing and devices for transmitting
and receiving the video service to be switched.

e JMFSend, JMFRecv: These agents control Java Me-
dia Framework (JMF) [15] which is an entity of multi-
media communication software component. JMFSend
agent transmits streaming video and JMFRecv agent re-
ceives it based on the request of Manager. These agents
can adjust the quality of video such as encoding quality,
data rate, and frame rate.

e Fps: This agent monitors the frame rate of streaming
video which JMFRecv receives. It passes on a warning
to Manager when it detects requirement violation about
the frame rate.

e Calc: This agent calculates the distance between the
user and the target PC, and the speed of the moving
user using the location information; this agent derives
value of QoC by using the mapping function described
in Section 3.5.

Figure 6 shows the experimental environment. We em-
ployed DASH [11] and IDEA [13] for the software infras-
tructure. DASH is a rule-based multi-agent framework, while
IDEA is a development-support environment of the DASH
agents. Figure 7 shows a snapshot of a handheld PC and an
ultrasonic positioning sensor system (ZPS). We used ZPS as
a sensing device for the location information. In this system,
a ZPS tag is carried by a user. Thus the location information
of the tag is mapped onto the location information of the user
entity.

We used C++ and java as program languages of the system
build on Windows XP operating system. As for the trans-
port layer, we used TCP in the control part and UDP for the
video transmission. We constructed the environment with two
kinds of networks: wired (Ethernet 100 Mbps) and wireless
(IEEE802.11g, 54 Mbps) networks. In addition, we used a
Web camera to capture the video and PC display to receive
and play the video delivered from the Web camera.

ZRE(Lia seric Serzer)

IEEEZCE. 11

Lecatior Irfenraticr

“CCNEEE Fihemret

Leeatior
Server

Figure 6: Experimental environment

As for the default setting, a handheld PC which is always
carried by a user displays the video form a Web Camera in
Figure 6. Moreover, the destination of output of the video mi-
grates from the handheld PC to the display of the desktop PC
when the user approaches a desktop PC. User and UserReq
reside in the handheld PC. User manages the user’s location
information receiving from ZPS.

5 EXPERIMENTS AND EVALUATION
5.1 Experimental Method

We performed experiments to confirm effectiveness of the
proposed scheme. In these experiments, we evaluated that the
system can satisfy QoS requirement of user by QoC control
which is adapted to the user’s location and moving speed. We
use a prototype system described in Section 4.2.

We measured frame rate in receiving the streaming video.
This corresponds to the Service—Quality parameter of QoS
described in Section 3.1. We also measured the time that
has been spent on the migration of the video streaming from
the handheld PC to the desktop PC. This is regarded as the
Timeliness parameter of QoS. Moreover, we used frequency
of location information update as the up—to—dateness pa-
rameter of QoC.

This experiment uses the scenario of Figure 4. The user
moves from point A to point B at a constant speed with the
Handheld PC

Ultrasanic receivers

Experimental raam

Ultrasanic Tag (ZFS)

Figure 7. A snapshot of hardware configuration for experi-
mental system



International Journal of Informatics Society, VOL. 1, NO. 2 (2009) 45-54

20 \ n
P R e N T A A T !
P | E

, ¢

14c l

P
& A

e
=

=

=1
PO
R ]

QoS (Frame rate [fps])

— .~ Bancwidtr (ktgs) |
fps

GPU [5], Network [khps]
P o
= 8

.

H

:

H

.

]

e
. O
[
A & B

time [

(a) In case of 30fps

— Bardwicth (kbps) | ;
fps

GPU 5], Netwerk [khps]
a =
28
5 8 =

~
e
5] n
008 (Frame rate [fpsl)

=
o
)

-
&
=
=
=
.
.
‘
-
”
o —
=

time [

(b) In case of 15fps

Figure 8: Experimental results of the handheld PC’s resources consumption without receiving the location information

handheld PC. The service is migrated when the user approaches
to a desktop PC at point B.

We used Expr. (1) and Expr. (2) which are described in Sec-
tion 3.5 to determine QoC. In this experiment, the parameters
of Expr. (1), they are, X, w, p, and «, were fixed and set to
the following values based on the experience of preliminary
experiments.

X = 5550, w=10% p=0.1, a = 1000

We also assumed that the QoS requirement of the user is
30 fps. In addition, the system considers this situation as QoS
violation and sends QoC change request to M anager agent;
its request value is decided by Expr. (2) when the 5-seconds
average of the frame rate decreases less than 28 fps. For the
video streaming with 30 fps and 15 fps, the handheld PC’s cpu
usage, network useage, and fps without receiving the location
information are shown in Figure 8, respectively.

This prototype system can calculate the user’s speed (v)
dynamically and can use it to decide QoC value. However,
to show the effect of the proposed scheme clearly, we set v
to the fixed value as 0.1, 0.5, 1.0, and 2.0, and compared the
results from each case.

5.2 Experimental Results

Figure 9 shows the experimental results. When the user
moved from point A to point B, these graphs represent tem-
poral changes of QoS (fps) of received video and QoC (update
frequency per second). In each graph, fps falls rapidly on the
way and afterwards rises again. This shows that the streaming
video migrates from handheld PC to desktop PC. In Figure 9,
(a)~(d) are results of each case of fixing the value of v as 0.1,
0.5, 1.0, and 2.0.

In any case, when the user approached point B from point
A, QoC was observed to increase. The case of v = 0.1 (Fig-
ure 9(a)), for example, after the user left from point A at once,
QoC was once per 3 or 4 seconds, and then, QoC was updated
to once per 2 seconds at about 30 seconds. After that, QoC

was updated 1 time/s at about 50 seconds and the service mi-
grated to desktop PC smoothly. In addition, the average frame
rate was 29.1 fps and our proposed scheme did not affect to
the QoS requirement of the user.

From a viewpoint of difference of moving speed of the user,
it was observed that the more the speed increased, the higher
QoC became. In case of v = 0.5 (Figure 9(b)), for example,
after the user left from point A at once, QoC was set 1 time/s,
and updated to 2 times/s at about 10 seconds. After that, QoC
was updated 3 times/s at about 40 seconds. Compared with
the case of v = 0.1 (Figure 9(a)), it is found that, the more
the user approached the desktop PC, the more the update fre-
quency of QoC increased.

Moreover, in cases of v = 1.0 and 2.0, we also observed
QoC control behavior based on QoS monitoring. In case of
v = 1.0 (Figure 9(c)), when 30 seconds passed after the
user left from point A, QoC increased to about 3.5 times/s,
but when at the point of 40 seconds, it decreased to about 2
times/s, and it increased to about 4.5 times/s again at the 45
seconds point. We can analyze this behavior as follows: fps
had decreased at about 35 seconds; subsequently, Manager
agent on the handheld PC sent the request to decrease QoC to
decrease QoS (fps); and then Manager agent sent the request
to increase QoC when fps was recovered. We can also see
the same behavior occurred during 60 seconds to 90 seconds.
In case of v = 2.0 (Figure 9(d)), the control behavior was
observed within the range of 15 seconds to 22 seconds; QoC
decreased to 2 times/s. From these results of QoC control
based on fps monitoring, the service migration process was
successfully executed at about 57 seconds.

We also show a result of the experiment in which the fps
agent was inactivated. In this case, QoC control based on
change of QoS is disabled. The result in case of v = 2.0 is
shown in Figure 10.

Compared with the situation where fps agent alives (Fig-
ure 9(d)), QoC increased gradually and it did not decreased.
Moreover, QoC started to decrease from 70 seconds. This
is because QoC became 8 times/s at 40 seconds and this ex-

51



52

H. Takahashi et al. / A Dynamic Control Scheme of Context Information based on Multi-agent

a 1%~ ENS i~
——— Harclelc PC(ips) £ - Harcrelc PC(fps) £
- - -~ Desktep PC(ips} { '€ £ N - Desktep PC(fps) 1 16 S
b QcC & o " QcC &
" . \
c A RN E.g aC T NUNVNSAIVE '\” \ 15_2:
E X JTNe -~ \ N = i ~r =N N =
_ FAV Y N v ' 1 E _ ! oA uE
E [ N | = = | : =
S ! \ . g \ e
[ ! ! ‘£ T | ! £e
® I = ® 1 ' =
s b \ g st ! i g
g i \ £ & 1 ! £
= ! \ ® & 1 T
[ | é g [ \ £ g
G | b C ! =
i = i c
e L ‘g e ' ‘g
: H ¥ H
1 4 £ \ 4 %
1 g h z
N ! AN A ]2 ) s
. i o n - /N c 3]
cLATUA AN A NN ANV \ R e & ¢ &
[ ¢ 2 ac ac 5 [ i &€
Tirrels]
(a) v=0.1 (b) v=0.5
4 1%~ 4 — o« -
——=— Harctelc PC(fps) | £ noh = HarcFelc FC(ips} =
. . £ . o e Dasktep FC(fRsS) ¢ €
H “ A Qe H
=3 i ! € o
g £ 2 1 £z
a E i i E
— [=% = [=3
Sz = Sz =
< 112 ¢ = Eg
= ‘g £ 2
= = ® =
Ezc 11eg e it e g
& 1g € < c &
s S L e - 5
@ = @ -
8 le € 8 ¢ ©
= =
1© N\A—u g 1 €
| {2 & 4 g
[l = =]
[ £ & &
{2 F
(&3 (8]
I3 g
[4 [Ns] c [N's}
¢ 1c s a A 50 € i £C € ¢ ¢ s ac a 5C € i £ €
Tirrels] Tirrel[s]
(c)v=1.0 (d)v=2.0

Figure 9: Experimental results of service migration experiment (v as 0.1, 0.5, 1.0, and 2.0)

cessive QoC caused the unstable frame rate. Therefore, we
found that the CPU resource of handheld PC decreased and

QoC processing did not catch up.

assumed that the QoS requirement of the user is 15 fps. In the
same way as the case of the handheld PC used IEEE802.11g
(Figure 9(a)), QoC was observed to increase when the user

approach point B from point A, and our proposed scheme did
not affect to the QoS requirement (15fps). This result shows
that our proposed scheme can apply various network environ-

Additionally we are trying to experiment on using a data
communication network of Personal Handy-phone System (PHS)
as the network link of the handheld PC. Figure 11 shows the

result in case of v = 0.1 using PHS/128kbps. In this case, we ments.
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Figure 10: Experimental result in case of no fps agent avail-

able (v = 2.0) Figure 11: Experimental result in case of using PHS (v = 0.1)
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5.3 Discussion

We show that it is possible to control QoC dynamically
based on user’s position and moving speed from the exper-
imental results. We also show the problem that providing ex-
cessive QoC causes decrease in QoS depending on the user’s
speed. We confirmed that the system could tune QoC prop-
erly to improve QoS by the effect of our proposed QoC con-
trol scheme. In this experiment, we did not show the effect
of Adaptation Function (F2); however, we give the basis of
the function. Further investigation is needed to design and
implement the (F2).

Here we discuss the concept of “service session”. The ser-
vice session means a time period when sets of service provi-
sioning are executed in the same configuration of real space.
From this classification viewpoint, the function (F1) is re-

garded as an adaptation in a single service provisioning; whereas

(F2) is an adaptation in a single service session based on the
evaluation of each single service provisioning. We have to
cope with the adaptation through multiple service sessions to
realize more effective QoC control. This will contribute to
reduce adaptation overhead greatly.

In terms of the improvement of (F1), the existing system
keeps same QoC after the user arrives at point B, because
QoC control after the service migration is not considered. In
the future work, we need to cope with such case when it is
unnecessary to increase QoC after service migration; for in-
stance, by suppressing the QoC value.

6 CONCLUSION

We presented a dynamic control scheme of context infor-
mation delivery based on multi-agent, to develop an effec-
tive context information managing scheme for context-aware
service with appropriate QoS according to user’s request and
changing real space. We also designed and implemented an
initial experimental system. From results of experiments by
the experimental system, we confirmed the effectiveness of
the proposed scheme; it can manage an up-to-dateness (QoC)
of positional information according to the QoS, user’s posi-
tion and user’s speed. We can greatly improve the adaptation
ability of the ubicomp space to the real space by employing
our proposed scheme.

We are planning to design and develop (F2) and evaluate it.
We only use fps as the QoS parameter and the up-to-dateness
of location information as the QoC parameter so far using an
experimental system. Our future work includes an extension
of the parameter of QoS and QoC, and evaluation considering
many situations such as healthcare service using vital sensor
and environmental sensor. As for QoS, we will use picture
size or resolution as a QoS parameter, or accuracy or gran-
ularity as a QoC parameter. Moreover we would like to ad-
vance detail definition and modeling of relation of QoS and
QoC.
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